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1, Introduction

An important new device for the acoustical analysis
of speech was first described by engineers of the Bell
Telephone Laboratories in 1946 (13), As the name "Sound
Spectrograph" implies, the machine analyzes sound into
its component frequencies, as the optical spectrograph
does for light, To be even more descriptive, however,
the name might be expanded to "Sound Spectro-Chonograph";
for one of the principal features of the instrument is
that it shows, not just a fixed signal "spectrum", but

also the changes in the spectrum with time,

In the original form, a 2,2-second sample of speech
or other signal in the audio frequency range is recorded
on a ring of magnetic tape, This recorded signal is
then reproduced repeatedly and the signal is modulated
(or "heterodyned") to higher frequencies by means of

~an oscillator, The oscillator frequency is changed
slowly, so that the lower sideband of the modulated
signal is swept across the pass-band of a fixed filter,
The effect is as though successive reproductions

of the signal were presented to a succession of
bandpass filters of fixed width but with different

center frequencies, The intensity of the signal passed



by the filter is recorded as the darkness of a line
marked on paper, This paper is mounted on a drum which
rotates in synchronism with the tape, and the position
of the marked line is shifted slightly for each
successive reproduction, In about three minutes a
complete analysis covering the range from 100 to 3500
cps can be made, in which the darkness of the record
indicates the intensity at each location in time and
frequency of the 2,2-second sound sample, For different

purposes, different filter bandwidths may be used, *

In most analyses made with the sound spectrograph,
the band of analysis is shifted only slightly in
frequency for successive analyses, The patterns are
made with many repetitions of the input signal, and
in effect are constructed with highly overlapping filters,
This provides a display of the details of the frequency

composition which cannot easily be achieved otherwise,

Although the procedure described above requires
some 80 times real time for a very good analysis of the
sound sample, this is still a great advance in speed
over previous methods of analysis, For comparable

quality of analysis it had formerly been necessary to

*A commercial version of the sound spectrograph
has now been produced for several years as the "Sona-
Graph", manufactured by the Kay Electric Company, Pine
Brook, New Jersey,



apply Fourier methods to each fundamental period of

the sound, as recorded in an oscillogram, An example’
of such work on a speech sample about 1,5 seconds long
was presented by Steinberg (25). BAnalyses of 58
different periods are shown in his report, each
requiring between two and three hours to make, Thus
the three minutes required by the sound spectrograph

to analyze 2,2 seconds of speech represents a reduction

of time to some 1/4000 of that required earlier,

The representation of intensity by the blackness
of the record on the sound spectrogram adds a very
useful third dimension to the time and frequency display
of the plane figure, The various shades of darkness,
however, do not give an accurate measure of intensity,
Several methods of indicating sound amplitudes more
accurately on spectrograms were proposed by Koenig and
Ruppel (14), One of these methods, in which contour
lines are marked on the spectrogram at fixed decibel
intervals, has been developed more recently by Kersta
and has been applied to the identification of individual

voices (12),

The most widely used method of displaying ampli-
tudes accurately with the sound spectrograph, however,
does not normally include everypoint of time, Instead,
two-dimensional plots of amplitude versus frequency

are made at times selected by examining the three-



dimensional spectrogram, The method has been described
by Kersta (11), and the means for its use have been
added to the various models of the spectrograph, Three
or four intervals of time can be selected and analyzed
in one run of about three minutes, so that on an
average each "amplitude section” requires about 0,75
minutes, The records obtained are very similar to
Fourier analyses made by older methods, although each
display typically represents an integration over two

or more periods of the speech signal, A set of such
amplitude records, covering a speech sample as
thoroughly as Steinberg did in the research cited
above, can be made in about 1/200 of the time he

required for an equal number of analyses,

Although the sound spectrograph has been used
in the analysis of several different kinds of signals
having changing spectra, its greatest use has been in
research on speecho An early axample‘of this use is
provided by the book "Visible Speech" (21), which
includes a comprehensive set of sound spectrograms

of the phonemes of American English,

Modifications of the first sound spectrograph
have been made in a number of laboratories, for the
purpose of speeding up the analysis, extending the

frequency range, or for performing desired functions



not provided by the original machine, Some examples
will be given below, A discussion of design para-
meters, and suggestions for spectrograph modifications
to fulfill special purposes have been given by

Peterson (18, 19),

As the source of the repeated signal which is
required for analysis by a single filter in the
sound spectrograph, Prestigiacomo (22) replaced the
rotating magnetic ring and fixed reproducing head
by a rotating head inside a stationary ring of magnetic
tape, This ring is formed by moving any desired
section of a normally recorded magnetic tape into the
reproducing circle of the instrument, The linear
speed of reproduction is 45 inches per second, which
is six times greater than a recording speed of 7,5
inches/second, A recording 2,8 seconds long is

analyzed from 50 to 7000 cps in about five minutes,

Many special purpose modifications of the sound
spectrograph have been made, For the purpose of
énalyzing low level signals in noise, Peterson and
Raisbeck (20) increased the integration period for
amplitude sections, The device which they described
had a number of different integrating periods, and
more recent modifications of the spectrographs in the

Communication Sciences Laboratory at the University



of Michigan have provided for a continuous range of

integrating times,

Huggins (9) replaced the usual bandpass filter
of the spectrograph with three tuned circuits having
slightly different peak frequencies, The phase
relations of these tuned circuits cause the resonant
frequencies of the speech formants to be shown more
sharply, on the resulting "resonagram", than they are

on the usual wide-band spectrogram,

The speed of spectrographic analysis was greatly
increased by Mathes, Norwine and Davis (17), while
retaining the features of magnetic recording and
processing by a single filter, Their speed-up between
recording and reproducing is 200 times, which results
in reproduced frequencies up to 800,000 cps for
recorded frequencies up to 4000 cps, The analyzing
filter is centered at 1,2 megacycles per second, and
the modulating oscillator moves between 1,2 and 2,0 Mc/s,
Because of mechanical limitations in rotating the
recording wheel at very high rim speeds, the length of
sample analyzed is limited to 1/2 second, A total of
200 analyzing sweeps is made; so that with a speed-up of
200, the 0-4000 cps range can be analyzed in 1/2 second,
the same as the sample length, Analysis results are

displayed on a cathode-ray oscilloscope, with time and



frequency on the x- and y-axes, and with amplitude
applied to the brightness control, An amplitude section
display is also provided, on another oscilloscope, at
a selected time in the sample, For permanent record,
the oscilloscope is photographed, 1In the device
constructed a recorded sound can be transferred to the
analyzing apparatus in 1/2-second portions, and each
of these portions can be analyzed in 12 different
equally spaced sections, The results of the analysis
are then recorded on successive frames of a motion=
picture film, The time required, allowing time for
speed-up and slow=down of the recording wheel, and the
twelve 1/2-second analyses of each l/2-second period,
is about 72 times real time, The resulting film, with
24 frames of amplitude sections per second, can be

projected in synchronism with the recorded sound,

Spectrographic analysis in real time can be
realized by the use of a bank of filters instéad of
sweeping the signal spectrum across the input of a
single filter, One such arrangement was pfesented at
the time of the development of the original sound
spectrograph, in which twelve analyzing filters were
used, The filter outputs controlled the intensity of
the beam as it moved vertically in a rotating cathode-

ray tube (23), The frequency display is not very



accurate, of course, with such a small number of

filters,

A real-time spectrograph employing 48 filters
has been described by Fant (5) (with design attri-
buted to H, Sund), The filters are mostly 300 cps
wide, but overlapping, so that the total range is 0
to 10,000 cps, The filter outputs are scanned 500
times per second, with the results presented in a
vertical line on a cathode-ray tube, Brightness of
the cathode~ray spot at each location depends on the
filter output voltage, The time axis is provided
by a continuously moving film on which the tube face

is focussed,

Another real-time spectrograph, by Harris and
Waite (8), uses a bank of 54 Gaussian filters, The
filter bandwidth is 70 cps up to a frequency of 1000
cps, and the bandwidth gradually increases for higher
frequencies, The highest frequency reached is 16,800
cps, Filters overlap at the 3 db-down points, Filter
outputs are scanned 500 times per second, and the
result of each scan is displayed in the form of
frequency versus amplitude, on a cathode-ray tube,

A time axis is provided by a film which moves con-
tinuously in a direction perpendicular to the frequency

axis, The side-by-side sweeps on the film give a good



three-dimensional effect, though not quite the same as

the conventional sound spectrogram,

The spectrograph of Gill (6) accomplishes real-
time analysis without the use of a filter bank, and
without a mechanical speed-up of a recorded portion of
speech, By means of a recirculating digital delay line,
45 milliseconds of speech can be electronically stored
and then played back in 150 microseconds, -- a speed-up
of 300 times, The time-~-compressed signal is then
analyzed repeatedly through a single heterodyne filter
(with a bandwidth as small as 50 cps) in the same
fashion as with the sound spectrograph, The input
signal is fed into the delay line continuously to
update the stored 45 ms sample at the same time that

it is being recirculated and played back at high speed,

Weiss and Harris (28) also use delayed recircu-
lation of sigmals in a self-correlation process,
Their analyzer employs a carefully adjusted analog delay
line and accomplishes the analysis in real time, The
method is known as a coherent memory filter amnd is
equivalent to the use of a continuous distribution of
filters of a given bandwidth, this bandwidth being
inversely proportional to the time interval used for the
completion of each analysis, Thus an analysis over an
8000 cps range, made in 24 milliseconds interval, is

equivalent to the use of a filter bandwidth of 63 cps



10

over the entire range, Each such spectrum analysis is
displayed on a cathode-ray oscilloscope, which can be
photographed on motion picture film, They also convert
the analysis data to digital form on a magnetic tape
which is fed into a computer, and in about five times
real time they obtain a complete record of formant
frequencies and amplitudes, spectral power, plus the

rates of change of these quantities, and voicing information,

Altogether, then, a variety of spectrographic
analyzers have been designed and implemented, Unfor-
tunately, it has not been possible in the above brief
review to discuss all of the different machines which
have been constructed, and some specialized machine
operations have not been described, The various
spectrographs employ different methods of signal
storage, different types of waveform processing, and
a variety of output displays. For analysis of the
signal into its frequency components, the machines use
a single filter or a bank of filters, or their equivalent
in a self-correlation technique, A ?ariety of circuits
have been added to the basic spectrographic analyzer
to perform special types of analysis or to analyze
particular types of signals, In the two decades since
the sound spectrograph was first described, spectro-
graphic analysis has become a routine procedure in

signal processing, A variety of spectrographic analyzers
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are now available in various laboratories for research

on speech and other types of signalso

The purpose of this report is to present a
further explanation of some of the principles of spectro-
graphic analysis of sound, and to describe the sound
spectrograph which has been designed and built in the
Communication Sciences Laboratory of the University of
Michigan, While the analysis concepts basic to the
operation of the sound spectrograph are well known,
it is hoped that a unified statement of the concepts
will be helpful to those who are not fully familiar
with spectrographic analysis, In Chapters 2 to 5 an
attempt is made to present a statement of the principles
of spectrographic analysis, These principles are
generally well known, and for those who wish to pursue
them further a number of references are given (1, 2,

3, 4, 7, 10, 15, 16, 24, 27, 29),

In Chapter ©& the CSL spectrograph will be
described. Briefly, the instrument employs the
driginal procedure of sweeping the lower sideband of
the heterodyned signal across the passband of a
single band-pass filter (or alternatively a set of
low-pass filters), The analyzing speed-up of the
instrument is greater than the original (éx), its
time capacity is a little greater (2,9 sec), and its
frequency range is larger (10,000 cps). The machine
also has a greater flexibility in the choice of filter

bandwidths, frequency range, and other parameters,
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These and other features of the instrument will be
described in some detail in Chapter 6, and the

results illustrated in Chapter 7,



2, The Fourier Transformation and the Frequency
Spectrum

Fourier analysis is particularly basic to
the spectrogfaphic analysis of speech wave forms,
Consider first a class of real time functions £(t)
which are periodic and sectionally continuous, That
is, the form of the function is repeated endlessly
in equal periods of time, T, and the function does
- not become infinite at any value of t, although its
derivative may do so at isolated points, Then the
function may be expressed as a sum of simple frequency
functions, called a Fouriér series, Such a series

is defined as follows,

m 0
flt) = & ce'™1%, neo,pli2, ... (2,1
n=-
where
I o
c =2 [ 2 f£(e)e it g, (2,2)
=T
2

As indicated above, T is the period of the function,
and Wy is the repetition frequency in radians per
second, Wy E-Z§=o Then nw, represents the frequency

of one of the components of the Fourier series, and

13
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since n may assume negative as well as positive integer
values, negative frequencies are implied, The more

familiar trigonometric form of the Fourier series is

(2 0]
£(t) = a  + z (ancos o, t + b sin nmlt),

n=1
n = 1,2,3’ o e Q (203)
where
I
1 2
a, =7 f;T f(t) dt (2,4)
2
I
a == f 2 f(t) cos nw,t dt (2,5)
n T -T 1 °
2
I
_2 2 -
bn =7 j;T £(t) sin nmlt dt, (2,6)
2

Equation (2,3) can be reconciled with (2,1) and

(2,2) if we put

a, = Co (2,7)
a =C_ +C__ (2.8)
bn = i(Cn - C_ ) . (2,9)

Cn in general is a complex quantity, and C-n is its

conjugate, Thus a, and bn are real, and
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C, =1/2 (a - ib)) (2,10)
C_n = 1/2 (an + :L‘bn)° (2,11)
Also,
_ 1/2 _ 2 2,1/2
lcnl = lc_nl = (cc )" =1/2 (a " +Db )/ (2,12)

That is;, the absolute value of C, is one-half the
amplitude of a frequency component in the trigonometric

Fourier series,

By equations (2,1) and (2,2) a periodic function
of time is transformed into a frequency function, The
plot of Icnl versus frequency is known as the
frequency spectrum of f£(t), In the particular example
shown in Figure 2,1, the values of C, are all real,
and these are the quantities plotted at both positive
and negative frequency, The actual amplitudes of the
real frequency components can be found in this case by
doubling the amplitudes on the right side of Figure 2,1,
but leaving co (the d,c, component) unchanged, The
frequency spectrum is seen to be a set of discrete

values in the frequency domain,

If £(t) is non-periodic it can also be subjected
to a Fourier transformation, provided the sectionally
continuous condition holds for every finite interval
and the following convergent condition is also

satisfied,
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"

e £(6)] at < o, (2,13)
-

The Fourier transformation can be written,

[e0] .
£(t) =5 [ Fe™ a (2,14)
- 0
where
@ -iwt
Flw) = [ £(£)e” % at, (2,15)
=00

Equations (2,14) and (2,15) are known as a
Fourier transform pair, Equation (2,15) is often
called the Fourier integral, It is the transformation
of a non-periodic time function into a frequency
function, The function F(w), which takes the place
of C iﬁ the periodic case; does not yield a set of
amplitudes at discrete frequencies, but is continuous
with frequency, It has both real and imaginary parts,

and hence may be written

Flo) = 'F(w)l eig(w), (2.16)

where ‘F(w)l describes the amplitude spectrum and
@(w) represents the phase spectrum, Both lF(m)|
and ©(w) are continuous functions over the frequency

domain,

By way of illustration, the Fourier analysis
of a set of elementary functions of considerable

importance in signal analysis will next be considered,
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Fourier analysis of a periodic pulse

Consider a periodic train of rectangular pulses
defined over the real time axis (-0 ¢ t <00 ), with
a period T between pulses and a pulse width 7, 1In

the period nearest t = o, let f(t) be defined as

(=0, -3<t<-3
£(t) ¢ =1, -3ty (2,17)
=0, F<t<3

The complete function can be defined if t in the
above inequalities is replaced by t - nT, with

n=20,4+1, *2, ...,

Substituting the £(t) of (2,17) into equation

(2,2) gives

c,6 =k —-——-——S{l‘T‘n’]ink, (2,18)
where
T
k = T *

Then from (2,1) the Fourier series may be written

m . .
£(t) =k X sin Ttnk 1nwlt,

Tink 4 =O’ -tl’.-.tz, ceo (2919)

n=- 0

In Figure 2,1, C (which in this case is real only)

is plotted against w, where



o = o, =280 (2.20)

and where k is given the particular value 1/6,
It is useful to note, from Equation (2,18),

that the first zero of Cn occurs when

n = . (2,21)

g T
]
43

The corresponding value of w is

2
W == (2,22)

This zero will occur at an exact harmonic only if 1/k
is an integer, as it is in the case plotted in Figure
2,1, But in any case the above relation shows that as
pulse width decreases, the frequency components of

the pulse train extend out over a greater frequency
range before a zero amplitude is reached, Most of
the energy of the pulse train will lie in the range

0¢ o] < -, (2.23)

Thus the first zero crossing of the frequency
épectrum is often regarded as the frequency spread
of a signal, It is convenient to define a bandwidth
as specifying the range of frequencies in which most
of the signal energy is concentrated, In accordance
with the above considerations, this bandwidth, Af,
can be defined as extending from zero frequency to the

first zero crossing, That is,



20

1
Af = p- (2,24)
where
T KT,

Furthermore, it is important to note that any
other criterion for the definition of bandwidth
would still retain the inverse relationship between

duration and bandwidth, so that"

Af = (2,25)

alo

where C is a constant depending on the criterion

chosen,

Fourier transformation of a unit rectanqular pulse

Instead of a periodic train, suppose there is
one pulse only, centered at zero time,

[ T
=0, 0 < t< -3

T

£(t) ¢ =1, -3 t<5 (2,26)

il

LzO‘,%(t(co

The Fourier transform of this unit rectangular pulse
can be obtained by substituting the particular £(t)
into equation (2,15), This gives
. T
sin w(z)

Flw) = 7——F"—": (2,27)
w(3)



F(w) is real only, and a plot of F(w) versus
frequency is given in Figure 2,2, The function is

continuous with frequency, its first zero coming at

2T

malt Thus, as with the periodic pulse train, the

w =
spread of the frequency spectrum is inversely
proportional to pulse width, A shorter duration of

the unit pulse gives a broader frequency spectrum,

The delta function §(t - to) is defined on the
real time axis, as existing at t = t but having zero
value at all other points‘of time. Also by definition,
it has the following relation

v

[ st - t,) at =1, (2,28)
= (0

Thus the delta function is a pulse of zero duration

but infinite amplitude,
By equation (2,15), the Fourier transform of
the delta function is

Flo) = fm §lt = ) e 0t gt (2.29)
=00

Since the delta function is zero everywhere except at
tos the exponential can be taken as constant and the

remaining part of the integral is given by (2,28), Thus

Flo) = e ¥, (2,30)
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Separating F{w) into amplitude and phase parts, as in

equation (2,16), gives
!F(w)k =1, lw) = -wt_. (2,31)

Equation (2,31) shows that the amplitude spectrum
of a delta function is a continuous frequency function
of unit height, extending over the whole frequency rangée
If the delta function occurs at zero time (tO = 0), the
phase spectrum in (2,31) vanishes, and equation (2,30)

becomes
Flw) = 1. (2,32)

For any other value of tog the spectral vector rotates

continuously with the angle ~wt .

The frequency spectrum of the delta function

§(t) of equation (2,32) is shown in Figure 2,3,

Parseval's theorem

Parseval's theorem states that the en@rgy of a
periodic time function is proportional to the sum of
the energies of the frequency components (i.e,, the
sum of the squares of the amplitudes %Cni of the
function), Thus the energy in each period T of a
periodic function £(t) is

I

[o0)

E=kK[ 2 £ (t)at =kKr I c %23 n e 0,+1,42, vees

n Commn o
=T nes=

2 (2.33)
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Flw)
A

Figure 2,3,
function,

0 -W

Frequency spectrum of a delta



where K is a proportionality constant, The above
equation (2,33) is called the Parseval relation,

It can be extended to the case of an aperiodic time
function by letting the period T approach infinity,

Equation (2,33) then becomes

(o0} ®
E=k[ () at =5 lF(w)Iz dw, (2,34)
- -

The quantities |C |% and [F(@)|? in (2.33) and
(2,34) have the dimensions of spectral energy and
spectral energy density, respectively, It may be
stated, from these equations; that the energy of the

time function f(t) is proportional to the square of

its rectification,



3, Modulation and Detection Theory

Modulation

Modulation, as a process of frequency conversion,
has been used‘extensively to transmit informational
signals in a medium which separates a transmitter and
a receiver, The medium may consist of a dielectric, a
wave guide, wires, etc, When the parameters are
appropriately chosen; modulation provides a more
efficient means of signal transmission than can other-
wise be realized, 1In general there are various
methods of producing modulated signals, but they can

be summarized inte two general categories:

a. Continuous wave modulation, in which the
amplitude, frequency, or phase of a sinusoidal carrier
is varied continuously in accordance with the ampli-

tude of the informational signal,

b, Discrete wave modulation (or pulse modu-
lation), in which the height, the position, or the
width of a set of carrier pulses is altered in a
quantized way in accordance with a discrete informational

signal,

26



27

Sometimes, for greater efficiency or for
economical reasons, a combination of both methods
is used, Each modulation technique has its own
advantages and limitations, Since amplitude
modulation is normally employed in spectrographic
analysis, only amplitude modulation will be dis-
cussed here, As explained briefly in Chapter 1,
the purpose of using modulation in the spectrograph
is to shift the spectrum of the input signal con-
tinuously across a fixed filter, This procedure
makes possible a much more detailed analysis than
can be realized with a filter bank, unless the bank

is very elaborate,

In general, an amplitude-modulated signal may

be described by the following expression:
£.(t) =k [1 +m £(t)] cos a_t (3.1)

where k is an arbitrary constant,
m is the modulation index,
f(t) is the informational signal,

and W is the carrier frequency,

In explaining equation (3,1), it is said
that the frequency @, "carries" the informational
signal £(t), When ®, is appreciably higher than the
components of f(t), the form of the latter appears

as the envelope of fc(t)@
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If £(t) is a periodic wave, then it can be
expanded as a Fourier series, as in equation (2,l),
t

m o
£(t) = T Cnelwn
n=-o

y n=o’ _-tl} izj L (302)
where
and T is the period of repetition of the wave, If

there is a maximum significant frequency, wy, in

f(t), such that

_2%M
(DM - T K} . ’ (3»3)

then the modulated signal fc(t) can be written

M .
f(t) =%k [l+m X C elwnt] cos w _t, (3.4)
c ne-M D c

By observing the relations given in Chapter 2, among

Cs \Cnl, a and b, equation (3,4) can be reduced to

M .
fc(t) = k'cos mct +mk X lcn‘{:cos[(wc + wn)t~¢h]

n=1
+ cos[(wc - wn)t + ¢n]}, (3.5)
where k' = k(1 + mco)
and @ = tan"t ng
a

=



Thus fc(t) in its Fourier series form contains
the carrier frequency W and in addition sidebands,
containing the difference frequencies (mc - wn) on
the lower side, and the sum components (wc + mn) on

the upper side,

The validity of equation (3.5), as a mathe-
matical result of (3,1) and (3.,2), does not depend
on any particular relation among the quantities in
(3,1), However, some practical considerations may
set limits to these relations, In particular the
ordinary physical means of implementing equation
(3,1) do not permit the instantaneous value of fc(t)
to be opposite in sign to that of (cos wct)o That
is, the quantity [1 + mf(t)] should not be negative;
or,

mE(t) > -1 (3.6)

for all values of t, In fact, most modulators
generate a series of modulation products in addition
to the first order sidebands of equation (3.,5), and
these higher products must be limited in amplitude in
order that eguation (3,1) be approximately satisfied,
This requires that the amplitude of the informational
signal be kept small compared with that of the applied
carrier, The result is a more severe limitation than

(3.6),
Img ()| << 1,
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In a communication system it is often required
that the envelope of the modulated wave carry the
entire informational content of the signal £(t),.
This envelope is formed essentially by a “sampling"
of £(t) at the frequency rate of the carrier, and
this rate must then be at least twice that of the
maximum frequency which carries information in £(t),
That is,

d)c Z szi\‘ (3&7)

This restriction is not required in the sound
spectrograph, since analysis by this instrument is
performed on the modulated signal itself;, not on

the envelope,

It has been the usual practice in spectrograph

design to observe a less severe restriction than (3,7),
W, 2 Wy (3.8)

This condition serves to keep the two sidebands of
the modulated wave in completely separate frequency
regions, It will be shown in Chapter 5, however,
that (3,8) need not be satisfied if the frequency
region of the analyzing filter band is not adversely

affected by the modulation products,

Another important aspect of the modulation
process, as summarized in equation (3,5), is that
each component of a sideband, (wc i,wn), has the

same relative amplitude,

cnly as the corresponding



31

&

component @ has in £(t), equation (3,2), A measure~-
ment of the f(t) component amplitudes can therefore

be made using only the sideband components,

An example of a modulated signal is shown in
spectrum form on the right side of Figure 3,1, For
comparison, the spectrum of the original informational
signal f£(t) is shown on the left, 1In effect, the
original spectrum is shifted bodily to form the upper
sideband, and in addition to the shift the component

frequencies are reversed in order in the lower sideband,

A plot like Figure 3,1 shows only the amplitudes
and frequencies of the components of the spectrum
and not the phases, i,e, the various values of @n in
equation (3,5), The phase angle can be made to
disappear for a particular component by choosing the
zero of time to correspond with a positive maximum
of this component, For some functions, like that
plotted in Figure 2,1, all of the phase angles are

zero, but in general this is not the case,

The constant k' is usually equal to k, since
in the modulation process the informational signal
usually has been passed through a transformer and

the dc component (CO) thereby removed,

When the informational signal f£(t) is non-

periodic, equation (3,1) still applies,

fc(t) = k cos wct + km f(t) cos mct, (3.9)
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In the second term of (3,9) the shifted signal may be

written as
£,(t) = £(t) cos w.t = 1/2 f(t)(eiwct + e_imct)e (3,10)

The Fourier transformation of equation (2,14) can

then be applied to fs(t),

1 it
£ (t) = 50 f_m F (@)™ d (3.11)

where

? -iwt
F () = f_m £ (t)e Prat,

Taking fs(t) from (3,10), Fs(m) becomes

© . .
F o) =172 [ g(e)[e @0t i@+ a)tigy
-0
(3,12)
Taking the two terms of the integral separately, each

has the form of (2,15) except that the frequencies are

. shifted to the sidebands,
Folw) = 1/2 [Flw - o) + Flo + )] (3.13)
If (3,13) is substituted into equation (3,11)

and the result is then substituted into (3,9), and

if in addition the frequencies in f(t) are limited to

a maximum Wy s then
Oy
= km_
fc(t) = k cos wct + o JQ 1/2 [Flo - wc)
~Oy

+ Flo + wc)]eiwt dw , (3,14)
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That is, when the informational signal is non-
periodic, the modulated signal consists of the carrier
frequency plus sidebands composed of the shifted
spectrum of the informational signal, In this case
the sidebands are continuous with frequency, An
example of the spectrum of a non-periodic wave and
of the resulting modulated spectrum is shown in
Figure 3,2, In general F(w) is complex, and only the
real parts Fr(w) are shown in the figure, These
include negative frequencies, Absolute values, \F(w)l,
are formed from a combination of the positive and

negative frequencies,

Single-sideband operation and balanced modulation
It is evident from Figures 3,1 and 3,2 that

either the lower or the upper sideband carries the
entire informational content of the signal, Elimi-
nation of the carrier itself and one of the sidebands
will therefore cause no loss in information, While
this fact is not particularly important in spectro-
graphic design, it does result in a saving of power

and of frequency space, Thus in electrical communi-
cations it is the general practice to make the above
indicated eliminations, Both can be accomplished
by means of filters, but it is more efficient to
eliminate the carrier (or reduce it to a low level)

by the technique of balanced modulation, This removes
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the first terms in equations (3.,5) and (3,14), It is

then relatively easy to filter out one of the side-
bands, particularly if no extremely low frequencies
are included in f(t), A block diagram of such a

balanced modulation system is shown in Figure 3,3,

Detection

Although detection is not a part of the spectro-
graphic process outlined in Chapter 5, it is used in
the recovery of an original signal from the modulated
wave received in a communication system, Amplitude

detection will thus be considered briefly,

When the entire modulated signal (carrier and
both siaebands) is being received, a rectification
of the signal reduces the double (positive and
negative) envelope to a single envelope of high-
frequency pulsations, Further reduction to the
envelope alone (which is just the informational signal)
is then accomplished by low-pass filtering, Unless
condition (3,7) has been followed in the modulation,

information will be lost in this type of detection,

When a single sideband is received, the carrier
frequency W must be resupplied from an oscillator at
the receiving terminal, Suppose the received signal
is the lower sideband; with the frequencies (wc - ),

The addition of the local D, produces new sidebands
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CARRIER SIGNAL

cos wet
INFORMATIONAL
siGNaL f(t) BALANCED 0SB LOWER SIDEBAND LSsB
| moouLator f (1) | FILTER A0

M
' jwnt
WHERE (1) = % E che’ " cos wet
=M

DSB = DOUBLE SIDEBAND SIGNAL
K :
folt) = Tz Icql cos(wet+wp)t
n=|
LSSB = LOWER SINGLE SIDEBAND SIGNAL

Figure 3,3, Method of producing single sideband
transmission,



38

with the sum and difference frequencies (ch - w) and
®w, The first of these is easily removed by filtering,
if condition (3,8) was observed in the modulation,
leaving only the original signal, A typical example
of frequency shifting in modulation and demodulation
for a single-sideband system is shown in Figure 3.4,
Figure 3.5 shows a block diagram of the single-side-

band detection process,
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LOCAL CARRIER
SIGNAL  cos wct

SINGLE SIDEBAND INFORMATION SIGNAL
fo(t) LOW PASS £
MIXER
FILTER
INPUT OUTPUT

Figure 3,5, Block diagram of a single sideband
detector,



4 Signal Filtering

Suppose that information is to be represented

by a series of rectangular pulses, Relatively high
rates of information require a relatively large number
of pulses per second, and therefore narrow pulses,

It has been shown in Chapter 2 that there is an inverse
relationship between pulse width and the spread of

the frequency spectrum, Hence in a band-limited
system there is a lower limit to pulse width; and
therefore an upper limit to the rate at which the
system can handle information, Expressed another way,
a limitation in the frequency band of a system places
a limit on the minimum time required for the system

to respond,

Rectangular pulses in a band-limited channel
will inevitably be rounded off at the cornérs@ If
information is carried only by the number of pulses
and not by their shape, then a distorted version of
the pulses at the output of a channel may be

acceptable, Whether or not the pulses are correctly

41
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transmitted depends upon the time constant of the
channel; that is, the time required, after a pulse
~is applied, for the output of the channel to reach

a considerable fraction of its maximum value (an
exact definition is not required here), The shorter
this time constant, the more perfect the trans-
mission will be, However, if only the number of
pulses and not their shape is important, it will

be sufficient if the time constant is of the same

order of magnitude as the pulse width, That is,
T,.C, £ T, (4,.1)

where T,C, is the channel's time constant, and 7 is

the pulse width,

On the other hand, if information is carried
by pulse shape as well as by the number of pulses,
then the time constant of the channel must be much
smaller;

T.C, K 7T, (4,2)

Rather than using the time conétant, it may
be more convenient to speak of the bandwidth, af,
of the channel, This bandwidth is closely related
to the reciprocal of the time constant., Again without
an exact definition, the case for transmission of

pulses without regard to their shape may be stated as

Af}_% . (4.3)
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This inequality may be compared with equations (2,24)

and (2,25),

The more restricted case for the transmission

of pulse shape is given by
ae>> L, (4 b)

In work in pulse transmission, condition (4,4) is
sometimes called the high fidelity criterion (e,qg,

245 po 30) o

Response from an ideal linear network

Many problems in signal transmission through a
linear electrical network can be solved more easily

by application of the Fourier transformation technique,

Let a linear network have a response h(t) to
the application of a unit impulse, That is,; h(t)
represents the output function of the system when a
large potential is applied momentarily to the input,
at zero time, The Fourier transform of h(t) will be
designated H(w), and called ﬁhe transfer function of
the system, It can be divided into amplitude and

phase factors,

H(w) = \H(w)lelg(w) (%.5)
wherelH(m)\is the transfer amplitude characteristic,

and ©(w) is the transfer phase characteristic,
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If now a time function f(t) is applied to the
input, the output g(t) of: the system will be given

by the convolution integral,

©

g(t) = [ £(t")h(t-t') at', (4.6)
-

That is, the output at any time (t) depends on the
entire past history (t') of £(t'), modified by
h(t-t'), Let G(w) and F(w) be the Fourier transforms
of g(t) and f(t), respectively, It has been shown
that the Fourier transform of the convolution integral
(4,6) is equal to the product of the Fourier trans-

forms of the convoluted parts, That is,
G(w) = Flw) - H(w). (4,7)

This relation makes the solution of (4.6) much
easier in many cases, The output function g(t) is

simply the inverse Fourier transfer of (4.,7),

@ :
gt) =5 [ H@F@e* w (4.8)

When the spectrum of the outpuﬁvg(t) differs
from that of the input f(t), the distortion is due
to the band-limited and nonlinear characteristics of
the system function H(w), A discussion of the
distortion caused by such a network will be presented

in the following sections,
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Distortionless network

The problem of distortionless operation is of
course very important in communication systems, A
system is said to be distortionless if the shape of
the output time response is identical with that of the
input signal, Such a system, in block form, is

pictured in Figure 4,1,
Let the distortionless time relation be
g(t) = kE(t-t ) (%.,9)

where a constant time delay to in the output is not
considered to produce distortion, The Fourier

transform of (4,9) is

® At ~iot (© ~int
Glw) =k [ £(t-t e at =keT W [ £(£)eT" at
= 0 . - 0

(4,10)

where t' = twto& The integral in (4,10) is simply the

Fourier transform, F(w), of f(t).

t

Glw) = ke‘iw o F(w) ‘ (4,11)

By comparison of (4,11) with (4.7), the transfer

function of the distortionless system can be deduced,

H(w) = ke ¥, (4,12)

By comparison with (4,5), the amplitude characteristic

of a distortionless network should be constant
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LINEAR NETWORK

/

— / E—

o | H gt =k tr-1,
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Figure 4,1, Block diagram representation of
a distortionless network,



|H(w)l = k, over all frequencies contained in f(t);
and the phase characteristic should be linear with

frequency, €(w) = ~tow, over the same range,

Signal distortion

In Figure 4,2 is shown an example of two stages
in signal distortion, A rectangular input pulse is
given in (a)., In (b) is shown the output of a system
which is limited in the transmission of high frequencies,
Such a system will produce a change in the shape of
the pulse but may leave it approximately symmetrical,
It also introduces a constant time delay, causing the

shift of the pulse center to to,

If, in addition, the phase of the system is not
linear with frequency, the effect is to give each
frequency a different delay time, The result may be
something like that shown in Figure 4,2 (c), where the
pulse is now markedly unsymmetrical, While symmetry
is not a perfect measure of non-linear-phase response,
it has been used in the above example for illustrative

purposes,

Linear phase filter

In accordance with the above principles; if

distortionless operation is desired, a filter placed
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(a)

(b).

(c) ,,/\
= 1

Assumed TC =T

S
Y

Figure 4,2, Effects of band limitation and
phase variation on signal transmission:

(a) Rectangular pulse, input to network;

(b) Output response of a band-limited
network, but with linear phase shift;

(c) Output response of network with non-
linear phase shift,
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in a system should have a flat amplitude characteristic
over its assigned range of frequencies, and in addition
should have a linear phase shift over this range,
Realization of such a filter is difficult, 1In practice,
variations in amplitude and in phase-shift charac-
teristics from the ideal may occur and for certain
purposes may be entirely acceptable, The effects

of some of these variations, in a realizable filter,
will be demonstrated by spectrographic analysis in

Figures 7,1 and 7,6,



5. The Single-Filter Spectrograph

Basic spectrographic operations

In Chapter 1 an introduction to the sound
spectrograph which uses only one band-pass filter
for analysis was presented, The complete audio-~
frequency range is analyzed by placing the pass-
band of the filter higher in frequency than the range
to be analyzed, and using a heterodyne process for
moving the different parts of the signal spectrum
to the filter band, Repeated reproductions of
the recorded signal are necessary, In this chapter
the principles discussed in the preceding chapters
will be used in a more detailed description of
this type of sound spectrograph, With a few
additions, the spectrograph to be described will

be similar to those of References (13) and (1ll1),

In the circuit of Figure 5.1, fhe signal
which is to be analyzed is indicated by the input
function f£(t), We will consider f(t) to be an
electrical wave which is a replica of an acoustic
pressure due to speech; the process of conversion

from sound by means of a microphone is omitted

50
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from the figure, It is not implied, however, that
the sound spectrograph is limited to the analysis
of speech, Any sound in the audio-frequency range
can be analyzed with the same equipment, 1In fact,
with suitable transducers any disturbance in the
audio-frequency range can be analyzed with the
sound spectrograph, regardless of the origin of the
disturbance, The analysis can also be extended to
other frequency ranges if the signals are first
modulated to the audio range before insertion at

the spectrograph input,

Whether the input £(t) is periodic or non-
periodic, it has a spectrum of frequencies given
by the Fourier Transform F(w), and it is the purpose
of the analyzer to measure the amplitude of each
radian frequency (w) present, at each time (t) of
the input function, It should be noted, however,
that not all signals can be analyzed profitably with
the sound spectrograph: for example, signals in
which the information is primarily contained in the
phase relationships among the various components,
While phase often affects the details of the patterns
obtained with the sound spectrograph it is not
designed to present a systematic display of phase

relationships, It is, however, a unique accomplishment
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of the sound spectrograph that time, frequency, and

amplitude are shown together in a meaningful display.

Recording and reproduction

The first step in the spectrographic process
pictured in Figure 5,1 is the recording of a section
of f(t), for future repeated reproduction, The
recording medium shown in the figure is a circular
loop of magnetic tape, which is rotated at a
constant speed past the recording, reproducing, and
erasing heads, For the most faithful reproduction
of the input signal, the method of recording with
an a.c, bias is used.* The biasing signal, A cos mbt,
is added to the input signal, f(t), and the

resultant fo(t) is given by
£,(t) = C[£(t) + A cos o t], (5.1)

where C and A are arbitrary constants, and Wy is

the biasing frequency. It is necessary to have
A>> |£(t)| and w3 o, (5.2)
where-wh is the maximum significant frequency in £(t),

From the biasing frequency generator an erasing

field is also derived, and this field is applied to

*For this and other details of the magnetic
recording and reproducing process, see reference
(26) .
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the tape just before it passes the recording head,
When the switch S, is opened, both recording and
erasing are stopped, Almost the complete loop of the
tape then remains filled with a recorded section of
the signal £(t) -- that section which occurred during

the last revolution of the tape before S1 was opened,

The recording can be reproduced at the normal
recording speed for purposes of monitoring, As
with most instances of magnetic recording, it is
necessary to use an equalizing network in the
reproducing circuit, mainly to bring the lower, less
strongly recorded frequencies into normal amplitude
relation with the rest of the spectrum, The biasing
frequency Wy s although residually recorded on the
tape, is not reproduced in strength because its
wavelength on the tape is shorter than the gap of

the reproducing head,

In reproducing for analysis purposes; a great
deal of time can be saved by using much higher
tape speeds than were used in recordingo For
example, suppose that the signal section recorded
is 2,5 seconds in duration, and that 200 repetitions
are required for the complete analysis desired,
At normal reproducing speed this would require more
than 8 minutes, With a reproducing speed six times

that of recording, the time of analysis is reduced
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to 83 seconds, In general, let the reproducing speed
be k times the recording speed, It is obvious that
each frequency w in the input £(t) will become kw

in the reproduction,

Of course account must be taken of these
increased frequencies in the design of the analyzing
apparatus, No change need be made in the gap width
of the reproducing head, since it is the relation
of this widﬁh to wavelengths on the tape which is
important, and no change in wavelengths is made by
the speed-up. It is necessary, however; to design
the reproducing head so that there will not be
winding losses at the higher frequencies, Also, a
new equalizing network must be used for the higher

speed,

Let us designate by g(t) the output of the
‘reproducing network, in the speeded-up condition,
but keep in mind that a value of t in this case

is 1/k‘times the corresponding t of f£(t), ‘The
Fourier Transform of g(t) is now G(kw), where w
represents a radian frequency in the original signal

£(t).

The modulation and filtering processes

As mentioned previously, the frequency analysis

is usually performed by a filter which is set at a
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higher frequency than the highest frequency contained
in the signal g(t) to be analyzed; (an exception to
this procedure will be proposed later), This filter
may have different bandwidths, as desired, but the
bandwidth in any case is only a fraction of the range
covered by the frequencies in g(t)., To transform any
particular portion of the spectrum to the frequency
band passed by the filter, a local oscillator is
used, supplying a carrier signal v, cos mcto This
carrier signal is combined with g(t) in a balanced
modulator, indicated by M in Figure 5,1, and shown

in greater detail in Figure 5,2, This is a modulation
or heterodyne process, The modulated output, fm(t),
has a spectrum whose frequencies are given by wc-kw
and w, * kw, where w still denotes frequencies in

the original input f(t), and k is the speed-up
factor, If the bridge of diodes in Figure 5,2 is
properly balanced, the carrier @, will not appear

in fm(t)o In this modulation process the following

conditions are assumed to be satisfied,
wc >2 kﬂbmg )

(5.3)

Y

v |ate;

R is large,

7

As before, o is the maximum significant frequency
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Figure 5,2,

—————

V,(t) = V,cos w,t

f(t)

A simple diode balanced modulator,
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contained in f£(t), R refers to the series resistance

shown in Figure 5,2,

Of the two sidebands which make up the spectrum
of fm(t), either could be used for analysis, Let us
follow through the process for the lower sideband,
whose frequencies}are.given by mc-kw, It will be
assumed that the upper sideband always lies outside
the filter passband, To bring different portions of
the lower sideband into the filter passband, the carrier
frequency W is slowly varied (by means of a mechani-
cally variable capacitor driven by an electric motor),
so that there is a significant change in the location
of the spectrum between repetitions of the signal,

A possible course of variation of W, is shown in
Figure 5,3, where it starts at a high value Wy, s at

time ts and its subsequent values are given by

0, = - Lt - t)), (5.4)

c
where £ is an arbitrary constant, It is also
indicated that the variation stops at a low
frequency ®ps which is placed just at the upper edge
of the filter passband, Of course the variation
could be in the other direction, with @, replaced
in (5,4) by ®,, and the minus sign following it
changed to plus, It is also possible to use other

locations of the filter passband,
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SLOPE = -Q

>t

Figure 5,3, The variation of the carrier
frequency o.)c(t) in the time-frequency plane,
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Let us call the center frequency of the filter
band w_, and the filter bandwidth Aw, Then under
the conditions shown in Figure 5,3,

wﬂgw0+_é-2-cgo (505)

With w, at this limit, then frequencies in the
original signal lying between zero and J%Q radians
per second result in lower sideband frequencies which
lie inside the filter band, If w, were made any
lower than the limit given in (5,5), some frequencies

- in the upper sideband would begin to pass the filter,

The upper limit of @ must be set to accommo=-

date the maximum significant frequency .

Oy = % +'£%_ + kmm =0 * kmh° (5.6)
When o, is at this upper limit, only W, corresponds
with the lower sideband frequencies which pass the
filter, As @ is lowered fr@m’wh, however, other
frequencies enter the analysis band, and kwm remains

in the band until w, reaches W= Aw,

The speed of variation of W, is adjusted in
accordance with the tape speed in the reproducing
operation, A small change in W takes place during
each revolution of the tape, and this means a

corresponding change in the values of kw which make



(W kw) lie inside the filter band, For example,
this incremental change in @ might correspond with
17 cps in the original signal, in which case 200
revolutions of the tape would be required to complete
an analysis covering 3400 cps, The correspondence

of the filter output at any moment with a particular
band of frequencies in the original signal is easily

established,

Figure 5.4 further illustrates the relation of
the filter with the lower sideband spectrum during
an analysis, The position of O, in frequency is
shown at a fixed moment of time, Also, at the same
moment the figure shows the entire lower sideband
and a part of the upper sideband, corresponding with
an assumed original spectrum, As w, moves to the
left, in the figure, the sidebands move with it,
and one after the other of the lower sideband
frequencies pass through the location shown for
the band-pass filter, The motion in frequency of
mc stops at Wy which coincides with the upper

edge of the filter band, At this point no frequencies

from the upper sideband have reached the filter band,

One type of ideal filter would have a transfer

characteristic given by
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Figure 5,4, A double sideband frequency
spectrum scanning across a band-pass filter,



_ -1 (w-w_ )t _Aw Aw
H(w) = < He o’"o, @ 52 < 0o+ 5

\O ) wo+T$wy (5.7)

where H is a constant amplitude characteristic and

to is a constant phase characteristic, The conditibns
(5.7) describe a filter with completely sharp cutoffs,
with constant transmission within the passband, and
with linear phase shift within the band, It is not
possible to build a filter with these ideal charac-
teristics, However, satisfactory approximations to
them can be realized in practice, A Gaussian type
filter is acceptable, and in some respects has ideal
response characteristics; other variations from the

ideal band-pass filter will be considered in Chapter 7,

The bandwidth Aw of the filter is a matter of
choice, depending on the degree of frequency dis-
crimination desired in the analysis, For example,
Aw may be made so small that only one harmonic of
a voiced speech sound is included in the filter at
any one time, With such a narrow filter, each
harmonic appears separately in the output, A wider

A ® may include several harmonics at once, so that
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the output display shows only the relative strengths
of different groups of harmonics, For example,
regions of energy concentration which are associated
with vowel formants and which are sufficiently
separated in frequency may be displayed separately,
without indicating the separate harmonics in each

region of energy concentration,

Although the preceding account of the modulation
and filtering process describes the usual arrangement
of the sound spectrograph, it is possible to use a
lower frequency location of a band-pass analyzing
filter if this is desired, 1In the arrangement to
be described, it will be found that the carrier
frequency, Was at one end of its range, fails to
satisfy either condition (3,7) or (3.8), and the
first condition of (5,3), This is made possible by
the choice of location of the analyzing filter, and
by the fact that only frequencies inside the band

of this filter are important in the analyzing process,

The proposed settings are illustrated in Figure
5.5. On the left of the figure is an arrow repre=-
senting the range of frequencies in the reproduced
signal, from kwl to kwma To the right are the

lower and upper sidebands, formed by seven different
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Figure 5,5, The lowest practical setting
of a band-pass analyzing filter in a spectrograph,
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values of the carrier, ranging from W, to @, At
each such setting of Wqs the base of the arrow
corresponds with the lowest frequency in the
reproduced signal, and the point of the arrow is
derived from the highest frequency, The proposed
location Wy of the fixed band-pass filter is also

shown, with any desired bandwidth Aw,

The following relation provides the lowest
possible value of a band-pass filtering setting,*

_ kwm " kwl
Wy =5,

and the filter limits are Aw/2 above and below Wg

The highest and lowest values of w, are to be

=4 -

and

N

0, =5 (ko + ko, + Aw).

The difference between these is just the range
kmm - kwl, It will also be seen that'wz is above
the upper limit of the filter by the amount kml,
but even if kwl is guite small the balanced modu-

lation will prevent o, itself from entering the

filter,

*A modulator balanced for exclusion of input
frequencies from the output is required,



The upper sideband in Figure 5,5 is well above
the filter at all points, The lower sideband, for
some of the values of D> has components for which
(wc - kw) is negative, Only the absolute values of
these are shown, the arrow being folded back on itself
at the zero line, With the arrangement described
these folded back portions never get into the filter,
This assumes, however, that @ is really the highest
frequency in the input signal, This point could be
assured by the use of a low=-pass filter at kwm in the

reproduced output circuit,

The three-dimensional spectrogram

It remains to display the analysis performed
by the filter (with either wide or narrow bandwidth)
in a meaningful form, showing the spectrum of £(t)
at each moment of the time sample, For this spectro-
graphic display a special conducting paper is normally
used; such as "Teledeltos" or>“Timefax", which shows
.a black trace when current from a moving stylus is
passed through the paper to a metal backing, A sheet
of this paper is wrapped around a metal cylinder, and
a metal stylus of small diameter rests on the paper
surface, The cylinder carrying the paper is rotated

in synchronism with the tape record, The cylinder
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and the ring of magnetic tape should be mounted on
the same rotating shaft, or else geared together

in a 1:1 ratio,

With each revolution of the cylinder, the stylus
is automatically moved a few mils in the direction
parallel with the cylinder axis, so that each new
frequency band is displayed in a slightly new
position on the paper, Each revolution of the
cylinder covers exactly the same period of time in
the original recording, and as the analysis proceeds
the display of the frequency being analyzed moves
progressively across the paper, When the paper is
removed and placed on a plane surface, time and
frequency form the geometrical coordinates, while
blackness of the record indicates intensity of the

sound, An example may be seen in Figure 6,1,

In spectrograms of speech it is desirable that
the darkness of the paper record show a direct
dependence on the strength of the signal, over a
range of at least 35 or 40 db of the input, The
range provided by the paper, however, from a barely
visible trace to full blackness, covers only about
12 db in the stylus voltage, To make the range of
the signal meet that of the paper, a technique of

amplitude compression of the signal before it is
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applied to the stylus is used, The compression should
preferably be applied to the heterodyned signal before
it reaches the filter, because compression in the
filter output would, in effect, degrade the sharpness

of the frequency cut-off of the filter,

In the preceding discussion of the three-
dimensional spectrogram, it has been assumed that
the switch Sy in Figure 5,1 is in the lowest position,
connecting the filter output directly with the
"marking amplifier", No rectification of the signal
is necessary before application to the stylus, The
marking amplifier, however, should have sufficient
gain and undistorted output capacity to supply some
200 volts (rms) to the stylus at a current of about
20 milliamperes through the paper.* This 4 watts
of power produces approximately full blackness in
the paper, The indicated paper impedance of 10,000
ohms becomes higher for lower applied voltages,
which produce a lighter mark, It is essentially
the power of the filter output which determines the
blackness of the paper trace, This power is
proportional to the integral, over the frequency
band of the filter, of the square of the amplitude

at each frequency,

*The figures given apply to the "Timefax"
paper,
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The amplitude sectioner

For the purpose of making accurate measurements
of the amplitudes of the various frequencies in the
spectrum, at chosen moments in the recorded sample of

f(t), the switch S, of Figure 5,1 is moved to connect

2
the marking amplifier to the output of the "amplitude
display network", The input to this network is the
filter output, with any desired bandwidth in the

filter,

In using the amplitude sectioner, there are
several operations which proceed just as they do in
making a 3-dimensional spectrogram, These include
repeated reproductions of the recorded signal, at
a speed of k times the recording speed; the modu-
lation of the reproduced signal with a slowly varying
carrier frequency, ®,, SO that the lower sideband of
the modulated signal is gradually swept across the
pass band of the filter; and a slow movement of the
stylus along the cylinder, so that the stylus
occupies a slightly different position at each

reproduction of the signal,

Different, however, is the action on the filter
output, The amplitude display network of Figure 5,1

is shown in greater detail in Figure 5,6, The
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filter output, f&(t), is first full-wave rectified,
and is then led to an integrating capacitance in a
charge-discharge arrangement, It is only on dis-
charge that a connection is made to the marking
stylus, and this connection is from the capacitance
which at that time is disconnected from the filter

output,

The moments of discharge are determined by
settings which have been made at selected points
on the rotating magnetic ring and cylinder, The
selection of these points is usually made after a
3-dimensional spectrogram has been produced and
examined, In Figure 5.6 it is assumed that, with
the cylinder in the position corresponding to a
desired moment of the sample, a sharp pulse is
recorded on an auxiliary recording track, The
reproduction of this pulse at each revolution of
the cylinder starts the charge and discharge
cycle of the capacitance, by means of electronic

switching,

An alternative arrangement is shown in
Figure 5,7, A cam is set at the desired point
on the cylinder; this cam operates a microswitch

which causes a relay to connect the capacitance
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to the "charge" side and to hold it there for a
desired time, The relay is then released and the
capacitance moves to "discharge", Although this
second arrangement is more subject to error due
to contact variations, it is perhaps simpler to

follow in explaining the process,

The signal applied to the input, in Figure
5,7, is the rectified filter output, This may be
designated Ifﬁ(t)l, Let the capacitance be
connected to "charge" at time t' and remain there
until t", Also suppose that the capacitance has no
charge at t', Then at t" the capacitance will have

a potential Vo, given by

L t
1 RC , RC
V =i e ft‘ lfm(t)l e " at, (5.8)

or, combining the two exponentials,

vV o= i * £e) e tREt dt (5.9)
o RC /., l m l y .

Suppose that in the design of the circuit, the
product RC is made much larger than the whole

charge time, t"-t',

RC >> t"=t°® (5,10)



Then as t varies from t' to t" in the whole course
of the integration represented in (5,9), the
exponential will be close to unity, and for a close

approximation may be removed,

t
~ 1 .
v % ft“ lfm(t)\ dat (5,11)

That is, if the condition (5,10) holds, the
potential across the capacitance at the beginning
of discharge is approximately proportional to the
integral of the rectified filter output over the
time t' to t", In the arrangement assumed in
Figure 5,7, these times are set by the position and
length of the cam on the rotating cylinder, 1In

the arrangement assumed in Figure 5,6, t' is set by
the position of the recorded pulse, while the
charge interval t"-t' depends on the setting of a

timing circuit attached to the electronic switch,

The integrating time may be made as long as
desired for the purpose at hand, It would not
normally be made shorter, however, than one period
of the lowest frequency in £(t), That is, if Wy
represents this lowest frequency (which in a periodic

signal would be the fundamental), then

FUJTIEN %%1‘ . (5.12)
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The Vo of equation (5,11) is a measure of the
strength of the filter output at a given moment of
f(t), The frequency of the analysis changes with
each repetition of the reproduction, but the moment
remains the same, Each successive value of Vo is
recorded on the electrically sensitive paper as

follows,

The first element in the discharging circuit
is a resistance, indicated by Ry at the right side
of Figure 5,7, The voltage across this resistance,
Vd(t), is equal to Vo at the beginning of a discharge,

Subsequent values are given by
Vd(t) = Vo e , (5.13)

where the zero of t in this equation is the moment

when C is switched to discharge,

The "oscillator" in Figure 5,6 is a constant
frequency, constant amplitude oscillator, whose output
fs(t) has a sufficiently high voltage (when passed
through the marking amplifier) to cause the stylus to
mark on the paper, The oscillations can take place,
however, only when the input to the "threshold control"
is higher than a threshold value, Vth° Marking can
take place only while Vd(t) is higher than Vine We

can then define a discharge time, Td, during which
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marking occurs, This T3 is the value of t in equation

(5.13) for which Vd(t) has dropped to the value Vth°

T, = Rdc(/zn vo-,en \'% (5,.14)

d th!

This equation is plotted in Figure 5,8 for three
different values of Voo The discharge time Td is
indicated in each case, It may be noted that equal

increases in /n Vs produce equal increases in Tqo

For each revolution of the cylinder, marking
begins at the moment of discharge, which is at the
same point for each revolution, Marking then continues
at a constant blackness for the time Ty. Because of
the uniform speed of rotation, the length of line
drawn is strictly proportional to ng which depends
on the filter output in the manner given by equations
(5,11) and (5,14), With the frequency of analysis
changed slightly between repetitions, and the stylus
moved slightly to correspond, a display of the
signal spectrum at the moment chosen is built up on
the paper, Since the length of line drawn is
proportional to the logarithm of the ratio of v, to

Vins this length can be calibrated in decibels, .

In adjusting the constants for the amplitude
sectioner there are some obvious restrictions, One

is that the time required for the decay from the
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highest value of Vo to the threshold V_, should be

th
less than the time required for one revolution of

the cylinder, Actually, it is usually found that

a good aspect ratio of amplitude to frequency in

the display is obtained when the highest amplitude

is only a fraction of the cylinder circumference,

This makes possible the analysis of additional moments
in the signal, allowing time for the conversion of
the highest amplitudes of the first moment to lines

on the display. In fact, it may be possible to

choose four or more points in a recorded sample,

and to obtain amplitude spectra for all of the

selected points in one operation,

One type of amplitdde section to be considered
is diagrammed in Figure 5,9, In this case the
signal f(t) is assumed to be periodic, with a funda-
mental frequency W, s and a number of harmonic
frequencies which are multiples of wy. It is assumed
that a filter is used whose bandwidth is less than
the frequency difference of consecutive harmonics

in the speeded-up reproduction, That is,

AL ¢ - w

” 2 (5,15)

1°

The amount by which @ is advanced at each repetition,

however; is much less than Aw, so that a single



80

w3 Aw

%
o b

> Ty or |Cp| INdD

{ t" Where Ty is the duration
Cp, is the amplitude spectrum
w is the frequency in radians per second
T is the integrating time
Aw is the band-width of the filter

Figure 5,9, 1Idealized amplitude section,
for a filter width less than the harmonic separation,
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harmonic remains in the filter band for several
repetitions, Correspondingly, the stylus draws
several lines side by side, building up one of the
rectangles shown in the figure, The square ends of
these rectangles assume an ideal flat filter
characteristic, With practical filters the ends

of the dark areas would be rounded,

Figure 5,10 shows another example of an ampli-
tude section, also constructed diagrammatically,
Here a periodic input is again assumed, but the
bandwidth of the filter is assumed to be somewhat
more than twice the harmonic spacing in the reproduced

wave, That is,

Aw > 2k (a)2 - wl)° (5.16)

The assumed spectrum is shown in the upper part of
Figure 5,10, together with the filter band which is
to be swept across the spectrum, In the lower part
of the figure is the outline of the display of the
amplitude spectrum, The actual display would be
entirely black under this outline, There are always
two harmonics inside the filter band, and sometimes
three, Individual harmonics show up only as short
and narrow peaks superposed on the large dark areas,

at points where a third harmonic is present in the
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band, Groups of harmonics (associated with formants)
are indicated by the separated or partially separated

dark areas,

The scale of frequency (like that shown at
the bottom of Figure 5.10) is somewhat ambiguous,
because of the bandwidth of the filter, It is
convenient, however, to designate the scale value
at any point as that frequency of the input signal
which corresponds to the speeded-up and modulated
frequency which lies at the center of the filter
band, i.e,, Wy

w =-]l; (w, = “’o)* (5,17)

Or, if equation (5,5) is satisfied,

w ='% (w, - w, + A%Q)Q (5.18)

Chosen in this way, the scale will be the same whether
the scanning of the spectrum is from low frequencies
to high, or in the reverse direction, However, each
harmonic will begin to show its effect on the filter
output a distance of Aw/2k to éither sidé of its

position, w, on the scale,

The sharp rectangular corners of the curve in
Figure 5,10 are due to the ideal flat characteristic
assumed for the filter band, As with Figure 5,9,

these sharp corners disappear with a practical filter,
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For .example, in Figure 5,11 the same original spectrum
is assumed as in Figure 5,10, The filter, however,

is assumed to have a trapezoidal characteristic, flat
through the central part of the band, but sloping off
at the edges, The effective filter bandwidth is

wider than in Figure 5,10, although the flat portion
is a little shorter than in Figure 5,10, In this
case, the smooth curve at the bottom of Figure 5,11

is the expected edge of the dark area of the spectrum
section, Roughly the display is a smoothed version

of the curve in Figure 5,10,

Examples of experimental amplitude sections

will be found in Chapters 6 and 7,

Continuous amplitude display

It is often convenient to have, along with a
spectrogram, a continuous record of the unanalyzed
average amplitude of the signal sample, Such a
record can be made with the spectrographic equipment
by the addition of the "continuous display network"
shown in Figure 5,1, The record‘is printed on the
electrically sensitive paper, and the time scale is
conveniently the same as that of the spectrogram, In
this case the switch 82 of Figure 5,1 is moved to the

third point, connecting the continuous display network
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to the marking amplifier, The input to this network
is the speeded-up reproduction, g(t), before modu;
lation and filtering have téken place, No account
need be taken of the speed-up in discussing the
amplitude operations, except to remember to use

the original time scale on the final record,

In the diagram of Figure 5,12, the first
operation shown is that of rectification, Three
choices are given for the type of rectification:
half-wave on either the positive or the negative

side of the signal, or full-wave,

Let us next discuss the output p(t), leaving
the intermediate apparatus for later mention, A
variable dc biasing voltage, Vb(t), is first added
to p(t) and the sum is then impressed on a threshold
circuit and control oscillator exactly like those
used with the amplitude sectioner, In fact, although
separate units are indicated in Figure 5,1, the
switching can be so arranged that the same threshold
circuit and oscillator can be used for both the
amplitude sectioner and the continuous amplitude
circuits, It will be remembered that oscillations
take place, and cause the stylus to mark on the
paper, only when the input to the threshold circuit

exceeds a threshold value Vth“
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Let s(t) be the sum of p(t) and the bias

Vb(t). Then marking takes places when
s(t) = p(t) + Vb(t) > Vene (5.19)

The bias Vb(t) is slowly varied as the stylus
moves along the cylinder, Thus the variation of
Vb(t) (and therefore of the amplitude in p(t) which
causes marking) takes the place of the variation of
frequency w, in the case of the 3-dimensional and
sectional spectrograms, The same motor may be used
for both types of variation, At each repetition of
the complete recorded signal a new amplitude becomes

the threshold of marking,

A course for the variation of Vb(t) is given
in Figure 5,13, Let is start at time t' at the
negative value -V', and at subsequent times be given
by

vy (t) = Y(t-t') - v, (5.20)

where ¥ is a constant, The variation should stop

at the value V The starting value -V' is so

th*
chosen that

Maxo p(t) < Vth + Vea (5021)

Then if Vb(t) is at this starting value, the condition
for marking (5,19) will not be met by any of the ampli-

tudes in p(t), As Vb(t) begins to rise from =V', the
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Figure 5,13, Variation of the dc bias
Vb(t) with time,
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largest amplitudes in p(t) begin to mark, When

Vb(t) reaches V,_. , all amplitudes in p(t) greater

th
than zero satisfy (5,19), and so cause marking,
It will be noted that all amplitudes in p(t) are

positive, due to the rectification,

a, Direct oscillogram

Except for frequency limitations to be noted
later, the continuous amplitude display is equivalent
to an oscillogram of the input signal if the follow-
ing procedure is observed, Let the stylus start at
one end of its travel, while p(t) is the direct
odtput of the positive half-wave rectifier, and Vb(t)
starts at -V' as described above, The variation of
Vb(t) takes place as the stylus moves, and when
Vb(t) reaches the value Vth a switch is thrown which
reverses the direction of variation, At the same
time, let p(t) be changed to the negative half-wave
rectifier, while the stylus continues to move in the
same direction as before, When Vb(t)-has moved back
past the extreme value, the printed record will be
an oscillogram of the signal, with the areas between

the curve and the zero line filled in black,

The higher frequency variations will not show
in the record, however, because of the compressed

time scale which is suitable for the spectrogram type
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of record, In other words, the time response of
the control oscillator and the marking process is
not fast enough to follow the upper frequency
variations in p(t), The resulting display, however,
is not quite the same as would be obtained if the
higher frequencies had been removed by filtering
before rectification, If this had been done in
such a manner as to leave only the fundamental
frequency to be rectified, then the positive and
negative spikes in a record like that of Figure 6,3
would alternate in time, When all frequencies of
the signal are presented to the rectifier, however,
peaks of energy are still seen at the fundamental
frequency rate, but occur at almost the same time
on the positive and negative sides of the wave,

This is shown in the record of Figure 6,3.

Also, the amplitudes shown in a record like
that of Figure 6,3 are not those of the fundamental
frequency alone, but are those of the entire spectrum,
beaking at the same rate as the fundamental frequency,
The larger peaks on one side of zero in some speech
sounds are typical of an oscillogram of undistorted
speech, for which the condensation (positive) peaks
are often larger than the rarefaction (negative)

peaks,
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b, Low-pass filtering (averaging detector)

The output of the rectifier, which has been
labelled gr(t) in Figure 5,12, has a large dc
component, In the case of a periodic g(t) and full-
wave rectification, the dc component is given by

equation (2,4),

Av, gr(t) =-% f

‘g(t)l at, (5.22)

(O I I N T

where T is the period of the complex wave, With an
input wave like speech, this dc component will

fluctuate at the syllabic rate,

Suppose that it is desired that the amplitude
display show the syllabic fluctuations of the dc
component, but not the ac components of gr(t), A
low-pass filter of simple form, like that of Figure
5,14, can be used for this purpose, The output of
the filter then becomes the p(t) of Figure 5,12, The
conditions for excluding all ac components is that

the R and C of the filter must obey the inequality

RCS> T 2R s (5.23)

where T1 is the period and Wy the radian frequency
of the lowest frequency component of g(t), To

permit the syllabic fluctuation, however, we must have

RC << T', (5.24)



23

R
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1|
/1

g (1) p(t)

Figure 5,14, An averaging detector (low-
pass filter),
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where 7' is the shortest interval between the syllabic
variations, In speech there is usually enough
difference between T, and 7' that (5,23) and (5.24)
can both be satisfied, This point will be discussed

further in the next section,

If RC is made smaller than is indicated by
(5.23), the lowest ac components of gr(t) will
appear in p(t), followed by higher components as RC
is further decreased, These components will be
added to the dc component in the amplitude display,
as far as the time response of the control oscillator

and the marking process will permit,

¢, Envelope detector

An alternative circuit for processing gr(t)
is shown in Figure 5,12, It is called an envelope
detector, and it differs from the averaging detector
mainly in the relationship between the R and C of
the filter circuit, Figure 5,15 applies to this

envelope detector,

It is the nature of a rectifier circuit to have
a low impedance in the forward direction but a very
high impedance in the reverse direction, Thus the
C of Figure 5,15 quickly takes on a positive charge,

but tends to hold it as the voltage decreases,
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+
C
g, (1) oy p(t)
Figure 5,15, An envelope detector,
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Assuming that the impedance which p(t) works into
is also high, the resistance R is the chief control
of the discharge of C, Thus the filter has a short
time constant for increasing voltage, but a longer

one represented by RC for decreasing voltage,

To follow the envelope of the rectified wave,
the time constant RC should again satisfy the
inequalities (5,23) and (5,24), It was indicated
in the preceding section that for speech both
these conditions could usually be satisfied, How-
ever, speech varies from person to person and from
language to language, so that sometimes compromise
values of RC must be chosen, The effects on the
amplitude display of changing RC will be shown by

examples in Chapter 7,

d, Logarithmic circuit

Instead of applying the rectifier output
directly to the averaging or envelope-detecting
filter, it may be desirable to interpose the
logarithmic circuit shown in Figure 5,12, The
purpose of this circuit is to make the voltages
applied to the filter proportional to the loga-
rithms of those in the rectifier output, An ideal

arrangement would be given by the equations



Ipplt) = In B g (t) = fn B+ /n g (t) (5.25)

or,
egrz(t) = B9,.(t), (5.26)

where grz(t) is the output of the logarithmic circuit

and 3 is an arbitrary constant,

One possible circuit by which the above relation
can be approximated is shown in Figure 5,16, The
circuit consists of a series resistance RS, and a
number of shunts each containing a resistance, a
diode, and a voltage source, If the sources, El’ E,,
E3 and so on are arranged in increasing order, the
smallest voltages in gr(t) will cause current to
flow only in the shunt Ro° The diodes in the other
shunts prevent reverse currents from the voltage
sources, Increasing voltages from gr(t) will first
exceed Eqy then E,; and so on, causing currents

to flow in these shunts,

An exact plot of equation (5,25) is given in
the solid curve of Figure 5,17, The real.output
of the logarithmic circuit is a broken line starting
from zero and changing slope as each E is passed,
The first section of this characteristic can be
made to coincide with the desired curve at a point

corresponding to 995 the minimum expected value of
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OUTPUT OF LOGARITHMIC CIRCUIT

Bgrm
7 2 3e 6o 8o Oe 13 e 5o Be
By
..|_
———gplt) =In Bg(i)
-2..

Figure 5,17, Response of a logarithmic circuit,
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gr(t), R and Ro are first selected, with a moderately
large (10 or more) ratio of Rs/Ro° Eq is then given

by
91

E, =g —. (5.27)

|
+
=

This relation states that El is equal to the voltage
across R which is produced by the 9; value of gr(t)@
To make it also satisfy the logarithmic relation (5,25),
we choose g from (5.26),

By

B =S—. (5.28)
9

The subsequent sources E,, E3, and so on are
chosen to keep the broken line of Figure 5,17 as
close as desired to the logarithmic curve, The
shunt resistances Rys Ry and so on are then calcu-
lated in succession, to make the upper end of each
line section coincide with the curve, The process
is continued until the highest expected value of
gr(t) is exceeded, A relation for fihding the
particular shunt resistance Ry s from the E's and

the previously found shunts, is given by

E E
e k+1~e k) R R R

1
E_S_=§( -1+ ==+=24 + ==2) (5,29)
S 5 o 1 k-1
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In the above discussion it has been assumed
that the output of the logarithmic circuit works

into an impedénce which is high compared with‘Roo

Equivalent low-pass filtering

It has been indicated earlier that the lowest
practical setting of a band-pass analyzing filter
is at about half the maximum frequency contained
in the reproduced signal being analyzed, If the
filter were set lower than this, then at some point
in the variation of the carrier frequency Wy
components arising from entirely different parts
of the signal spectrum would lie inside the filter

band simultaneously,

If the analyzing filter is made low-pass,
however, with a cut~off set at half the bandwidth
of analysis desired, then the positive and negative
frequencies passed by the filter arise from one
continuous band in the signal spectrum, This
process needs only one modulationg* with the carrier
frequency varying from kwm + Am/2' down to zero,
where kmm is the maximum frequency in the reproduced
signal and Aw is the bandwidth of analysis, The
result is that the lower sideband of the modulation

is swept past the filter band in an orderly manner,

*The footnote on p, 66 applies here also,
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and the upper sideband frequencies lie outside the

filter band except when W, < Aw/2,

Let us suppose, however, that a variable carrier
frequency already exists in the range necessary for
modulation to a band-pass filter, but that it is
found desirable to provide low-pass filtering
because certain response characteristics are mére
easily achieved with low-pass filters than with
their higher frequency band-pass equivalents, The
necessity of supplying a variable carrier frequency
in a new range can be avoided by a second modulation
applied to the lower sideband resulting from the
initial modulation process, For the second modu~-
lation a fixed carrier can be used, which is con-
veniently set at the frequency @5 the lowest point
in the variation of the first carrier, Wge Two
sidebands are produced, their frequencies given by

W, + wc(t) - ko and mz—mc(t) + kw,

Assuming that all values of wchincluding
W,, are higher than the maximum kwm of the repro-
duced frequencies kw, then the upper sideband of
the second modulation is entirely outside the low
frequency range of the low-pass filter, The lower
sideband of the second modulation is the one which

will be analyzed, containing the frequencies
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|m£~wc(t) + kw|., Absolute values are indicated,
since the quantity W =0, + kw can have either
positive or negative values, depending on the values

of @ and kw,

Figure 5,18 shows this doubly modulated
signal, /(t), as the input to the low-pass filter,
The result of the first modulation, fm(t), is
shown at the left in the figure as applied to a
"lower sideband filter" before the second modulation,
since it is only the lower sideband which is useful
here, Actually this filter could be omitted, since
the upper sideband of the first modulation would
produce only frequencies outside the low-pass filter

range in the second modulation,

In Figure 5,19, a set of signal frequencies
from w; to w is assumed, The lower sideband of
the first modulation, arising from these signal
frequencies and a particular value of W5 is shown
toward the right side of the figure, Also marked
are w, and @ g5 the extreme values of Wy o At the
left of Figure 5,19 the corresponding lower sideband
of the second modulation is shown, Two of the
frequencies in this sample spectrum are negative,
and this fact is indicated in the diagram by placing
the marks for these frequencies below the horizontal

line,
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~ (W ~we +kws) =7 [ T o
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Figure 5,19, Positions of singly and doubly
modulated signals on the frequency scale,
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It can be seen which frequencies pass through
the band of the low-pass filter as wc(t) is varied

from ®p to @40 Note from equation (5.,6) that
a)h - m’e = ku)mw (5930)

Then at the start, when wc(t) equal w, , the
component |w£~wc+kmm| is just at the zero mark in
Figure 5,19, with the other frequencies strung

out to the right of it, Sut below the horizontal
line since they are negative, As wc(t) moves down
in frequency from Wy s the frequency due to kwm
moves to the upper side of the line (becomes
positive) and then to the right, and eventually
out of the filter band, The other frequencies of
the spectrum follow it, At the end, when w, (t)
equals @y all of the doubly modulated frequencies
are positive, and only those less than Aw/2 are
still inside the filter band, Over most of the
range of the original spectrum, the doubly modu-
lated frequencies pass through the filter Band
twice, Only those for which ko £ Aw/2 and those
for which (kmm - kw) <.<Aw/2 pass through the filter
band less than two full times, and these pass

through the band at least once,

At a given moment; the frequency at the zero
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value is that for which
ko = Wy = ®pe (5,31)

Freqhencies less than this by amounts up to Aw/2
lie inside the filter band on the negative side,
while those greater than this by amounts up to A w/2
are inside the band on the positive side, Thus the
total range of frequencies passed by the filter at
any moment is Aws the same as the filter bandwidth

in the singly modulated case,

Unfortunately, there are two circumstances in
which the technique deséribedvabove, for a second
modulation into a low-pass band, can fail to produce
correct marking on the spectrogram for the actual
energy present in the input signal, One of these
arises from the fact that the changing frequency in
the second modulation; due to any frequency ® in the
input signal, must pass through a zero value, This
occurs for that value of W, which will satisfy (5,31)

- for the particular w being considered, Let us suppose
that the output of the lbw—péss filter is full-wave
rectified before being impressed on the marking ampli-
fier, It can then be represented as in the upper curve
of Figure 5,21 (discussed later), where the reductions
to zero amplitude occur at intervals of half the

4period of the wave passing the filter, For moderate
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frequencies in the filter these amplitude fluctuations
will be averaged out in the marking on the spectro-
gram, or can be integrated by the eye in viewing,

But for frequencies near zero, there can be pro-

1ohged intervals of no marking,

The other c%rcumstance that can produce
incorrecﬁ marking is that two different original
frequencies (e,g, two adjacent harmonics) may
produce the same frequency in the low-pass filter,
This can be seen from the explanation of how the
frequencies move through the filter as Wy varies,
first on the negative side then on the positive
(see Figure 5,19), Thus one component may be on
the negative side and another positive at the same
absolute value, This will happen for original

frequencies y and ®y when W reaches the value
= k
W, =w, +5 (0 + W) o (5.32)

The common resultant frequency will lie inside the

filter band if
‘ Ad
‘wafwb|< = (5,33)
This is more likely to happen for wide band analysis

than for narrow,

The effect of the coincidence of frequencies

on the filter output depends on the amplitudes and
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relative phases of w5 and Wy + The effect is on the
amplitude of the resultant frequency wave, which
may vary from the sum of amplitudes of the two
components down to zero, Thus at the moment of
coincidence there would usually be a change in
filter output, and this change might be a reduction

to zero,

The effect of the first circumstance discussed
above may not be entirely harmful, since the reduced
marking may indicate the center position on the
spectrogram of the frequency of interest, Both
circumstances produce very local effects which are
not greatly detrimental to the spectrographic dis-
play, even in the case of amplitude sections,

There are various ways in which the effects in the
two circumstances can be reduced or eliminated,

One rather direct way in which the effects can be
largely mitigated is to use two or more second
modulating waves;, of equal frequencies but with
‘different phase constants., Both (or all) are applied
to the lower sideband of the first modulation, and
the separate products are then applied to separate
low-pass filters, The outputs of these are full-wave
rectified and then combined in such a way that at

any moment the largest of them supplies the marking
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signal, Figure 5,20 pictures such a circuit, using
four separate phase-shifted modulations, It will
be noted in this circuit that each combination of
direct and phase-inverted signals, through diodes,

is actually a full-wave rectification,

The use of only two second modulations, if
properly distinguished in phase, will insure that
a cancellation of amplitudes of coinciding frequencies
from two separate original frequencies will not occur,
It can be shown that if such a cancellation takes
place in one of the filters, it cannot also occur

in the other filter, *

For a single component at zero frequency,
the effect of the multiple modulations can be seen
from the curves of Figure 5,21, The lowest of these
curves is the combined filter output, obtained by
using at all points the largest of the four phase-
shifted curves, Thus the large variations in one
of the separate filters are reduced to a small
fluctuation in the combination, In this case, with
a shift of 71 /4 radians between separate curves,
the fluctuation of the combined curve is from
, 924 \cn\ to 1,000 lcn|3 and the average value is

. If only two filters were used, with

.975 |cn

a TI/2 phase difference, the fluctuation would be

*See "Appendix" for details on frequency
interactions,
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phase-shifted low-pass filters, and their rectified

combination,
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from ,707 'Cnl to 1,000 lcniwith the average at

, 900 lCn . Thus the amount of the output

fluctuation is reduced by increasing the number

of phase-shifted modulations,

Remarks

Basic principles and circuits have been given
in this chapter, for a sound spectrograph which uses
a single fixed filter band for analysis, Considerable
latitude has been left, however, in the actual design,
One such design will be described in the following
chapters, including some features which have not
been mentioned in the foregoing presentation,
Various examples of spectrograms will be given,
showing how‘the spectrographic characteristics are
changed by the bandwidth, the phase shift, and the

time constant of the circuits used.



6, The CSL Sound Spectrograph

The development of a new sound spectrograph
was undertaken at the Communication Sciences Labo-
ratory because a need was felt for certain features
not contained in available commercial models, The
main objectives of the design may be listed as

follows:

1, It should be possible to analyze sounds

in the range from 30 to 10,000 cps,

2, The system should have two recording
channels, either of which can be analyzed during
reproduction of the signal, It should be possible
to switch from one channel at any given instant in
each cycle of reproductions and the relative timing

of the two channels should be adjustable,

3, Although the relatively slow analysis
resulting from the use of a single scanning filter
is acceptable, still the analyzing process should

be as fast as possible, consistent with accuracy,

4, It should be possible to mark time,
frequency, and amplitude scales automatically on the

spectrograms,

114
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5, Several scanning rates should be provided,

at the choice of the operator,

6, Several different kinds of analyzing
filters should be available, as well as several

different filter bandwidths,

7. The amplitude display should have both
averaging and envelope detectors, and these should

have adjustable filter bandwidths and time constants,

Spectrograms

In addition to the‘above requirements, the
spectrograph should of course have the usual
features and capabilities outlined in Chapter 5,
Examples of the three general types‘of display
will be given here, A more general study of the
effects of changing various parameters will be

reported in Chapter 7,

‘a, Wide-band and narrow-band spectrograms

In Figure 6,1 are shown spectrograms of speech
by a male voice, which were made with the CSL
spectrograph, Three dimensions are shown on the
flat display. Time and frequency are the hori-
zontal and vertical linear dimensions, respectively,

with the intensity of the signal shown by the darkness
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of the record, In the upper spectrogram the analysis
was made with a filter 300 cps wide, and the dark
areas show the location in time and frequency of

the main concentrations of energy, the so-called
formants of.the speech, In the lower spectrogram
the filter bandwidth was only 50 cps,, so that in
the voiced portions only one harmonic of the
fundamental frequency could be present in the

filter at a time, Hence, in addition to the
formants, the separate harmonics of the voice are
also shown, rising and falling in frequency through-
out the utterance, The grid of time and frequency
lines was printed in these spectrograms as the

spectrum analysis proceeded,

The close vertical lines in the wide-band
spectrogram occur at the fundamental period of the
voiced sounds of the speech, Their closeness of
spacing corresponds with the height of the harmonic
lines in the narrow-band spectrogram, The time
‘lines do not appear in the latter because of the

greater time constant of the narrow filter,

b, Amplitude sections

Figure 6,2 again shows, at the top, a wide=~

band spectrogram of speech, Below it are amplitude
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sections, These are two-dimensional plots of frequency
versus amplitude, the time being fixed, Effectively,
they are cross-sections of the spectrogram at fixed
times, The small dark rectangles show the exact

time span of the spectrogram which was integrated

to produce the corresponding section, Although the
spectrogram of Figure 6,2 is wide band, the sections
were made with a narrow band filter, so that the
separate harmonics of the voice are displayed, The
grid on the sections shows linear frequency and

logarithmic amplitude,

¢, Continuous amplitude displays

In Figure 6,3 there is a wide~band spectrogram
at the top and below it a continuous amplitude
display, The latter was made with half-wave
rectifiers; the part above the zero line is from
the positive side of the signal and that below is
from the negative side, An envelope detector was
also used in constructing these continuods amplitude
displays, with the time constant set at 8 milli-
seconds, Thus higher frequency variations are min-
imized, but the concentration of energy in
successive cycles of the fundamental is shown, The
amplitude scale is logarithmic, and the grid shows

time versus amplitude in decibels,
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Operation of CSL sound spectrograph

A design which meets the objectives outlined
at the beginning of this chapter must necessarily
involve considerable complication, with a great
deal of switching, The attempt has been made,
however, to keep the operation as simple as possible,
For this purpose, extensive use has been made of
relays for automatic switching, Ease of maintenance

has also been kept in mind,

A front-view photograph of the CSL spectrograph
is shown in Figure 6,4, and a rear view in Figure
6.5. The arrangement is in panels, removable for
test and repair. The main mechanical parts are
located at the right in the front view, in the
console standing in front of the racks which contain
part of the electronic circuits, Recording paper
almost nine inches wide can be placed on the revolving
drum, which allows several associated displays to

'be made on the same sheet of paper, The drum cir-
cumference is 17 inches, so that this is the length

of the paper record when the paper is removed,

The details of the circuitry will not be given
here, but a functional block diagram is given in

Figure 6,6, and will be described in the following pages,
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Figure 6,4, The CSL spectrograph -- overall
front view,



Figure 6,5,
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The CSL spectrograph -- rear view,
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For simplicity, a number of features have been
omitted from this diagram; the most obvious being
the power supply and its distributionm' All power
comes from the usual 60-cycle supply, with the
necessary fusing, switching, regulation, and
voltage transformation, Other omissions will be

mentioned as the description proceeds,

a, Recording and reproduction

At the left of Figure 6,6, five parts rotating
on the same shaft are shown, The driving motor
has two speeds, providing shaft rotation at 20
and 120 r,p.,m, The two recording tapes are shown
in the upper positions on the diagram, They
consist of ordinary plastic magnetic tapes wrapped
on rubber backing around aluminum drums and held
securely, They are easily replaced when worn,
Linear speeds of the tapes are 8,9 and 53,4 inches
per second corresponding to the two moto: speeds,
.In normal operation, the slow speed is used in
recording and in monitoring the reproduction, The
high speed is just six times the low speed and is
used in reproduction for analysis, The recording-
time capacity is three seconds, but a little of ‘this
is always lost at the beginning and the end of the

recording,
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The "A" and "B" recording and reproducing
circuits are alike, and are fairly conventional,
as shown in the figure, Some special features,
however, are worthy of mention,

At the low speed of the motor, recording up to
10,000 cps is provided for, It is possible, however,
to record at high speed, with recording up to 60 kc,
To provide for this possibility, the bias and erase
frequency is set high, at 200 kc,

The switching between "record" and "reproduce"
is done by a relay, whose normal position is "repro-
duce", The "record" position exists only while a
record button is depressed, A "test" button is
also provided, which connects the recording circuit
to the output amplifier for level adjustment purposes,
but does not connect the record and erase heads,
Still another "copy" button is provided, which
connects the monitoring elements to the reproduce
head instead of to the record head while recording
is taking place, Monitoring at this position may
sometimes be preferred for various puirpases_0 including
checking on the fidelity with which the signal is
being recorded, Another automatic feature is that
the relay which makes the actual connections to the
record and erase heads cannot be energized unless

the motor is running, at either speed, The "test"
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relay, however works with the motor stopped, Although
not shown, a "couple" switch, when closed, provides
that both A and B circuits are put in the “record"

position by pressing either of the record buttons,

Another function operated by either record
button is the clamping of the indexing disc which
normally rotates with the main shaft, and is
located close to the paper drum, This disc is
released to rotate again when the record button
is released, and the mark on the disc then indicates
the point on the drum where the recording ends,

In wrapping paper around the drum, the overlap

is placed at this point,

Equalizers are shown in both recording and
reproducing circuits, The purpose of the record
equalizer is to increase the strength of frequencies
above about 1000 cps, so that thé higher formants
of speech are recorded at more nearly the levels
of the lower formants, This provides better
'signal-to-noise ratios, The record equalization
is compensated for in the reproducing equalizer,
which provides as well for the deficiencies of
the magnetic recording and reproducing process,

The recording equalization can, however, be switched
out, with corresponding changes in the reproduce

equalizers, Since there are two motor speeds,
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separate reproduce equalizers must be provided, The
change from one to the other is made automatically
by relay, depending on the position of the motor

speed switch,

In all cases the reproduced signal reaching
the output amplifier is essentially flat with
frequency in relation to the original input signal,
In reproducing the signal, however, it is possible
to introduce "shaping", to increase the amplitudes
of higher frequency components, Several different
rates, of increase of gain with increasing frequency,
are provided and can be selected as desired, Some
of the conditions of equalization are also very use-

ful in analyzing signals other than speech,

VU meters are provided, which may be used in
setting both recording and reproducing attenuators,
The recording level may be set before recording
begins, by the use of the "test" button described
above, Not shown in the figure is a circuit which
can be switched in before the VU meter; making it
respond to peak rather than average instantaneous
levels of the signal,

The outputs of the A and B circuits are led
to separate "gates" (the operation of which will be
discussed later), and thence to a switch by means

of which either the A or the B channel or the sum
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of both may be connected to the analyzing circuit,

The gates may be bypassed if desired,

Not shown in Figure 6,6 is a monitoring amplifier
and loudspeaker,; for the purpose of hearing the
signals, This may be connected to any of the
three outputs, A, B, or A+B, The monitor circuit
is provided with a relay which automatically dis~-
connects the loudspeaker under certain conditions,

One of these is the case where a microphone is being
used and the record or test button is pressed, Removing
the loudspeaker in this case prevents acoustic' féedback
by interaction between the microphone and loudspeaker,
The speaker is also disconnected when the motor

switch is turned to high speed, and when the

motor is slowing down from high speed, This auto-
matically eliminates the annoyance of listening to

the distorted and unintelligible speech in high-

speed reproduction,

'b« Analyzing circuits

Three different switcheé, as shown in the
analyzing portion on the upper right of Figure 6,6,
are involved in the choice among "spectrogram',
"section", and "amplitude" displays, In the actual
instrument, these three are mechanically combined

into a single three-position control,
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Analysis of the reproduced signals, whether from
A; B, or A+B, proceeds essentially as outlined in
Chapter 5, Since analysis to 10,000 cps is desired,
and the motor speed in reproduction is six times
the recording speed; frequencies up to 60 kcps may
be encountered in analysis, To keep the modulation
frequency higher than this;, in accordance with
condition (3,8), the scanning oscillator is set to

work between 100 and 160 kcps,

The modulated signal can then be led to a
band-pass filter centered at 100 kc, in which case
the lower sideband of the modulation is swept past
the filter band, Alternatively, the lower sideband
goes to a set of four low=-pass filters, after being
demodulated by four 100-kc sine waves which have
four different phase constants 45 degrees apart,

The theoretical basis for employing more than one
low-pass analyzing filter was discussed in Chapter 5,
As the number of demodulation channels is increased,
the accuracy of the amplitude representation of
frequencies near zero is also increaéeda Four
appears to be a very adequate number of such de-

modulation channels,

Switching has been provided for choosing
between the band-pass and low-pass filters, for
different types of filters in each of these classes,

and for a number of different bandwidths of the
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filters, However, only a fraction of these possi-
bilities are available at the present writing,

Most of the work is being done with the less expensive
low-pass filters, and for this ten sets of four
filters each have been provided, These include five
bandwidths (50, 100, 200, 300, 500 cps) and two

types designated "Flat Top", and "Linear Phase",

Some of the effects of filter type will be shown

in Chapter 7 of this report,

Because of the relatively small range of levels

provided by the electrical recording paper, two means
of compressing the signal are provided, so that a
range of 35 to 40 db of variation in the analyzed
signal is presented within the 12 db of the paper,
The first of these takes the entire unanalyzed
signal, when a spectrogram or amplitude section is
being made, rectifies it with a slow time constant,
and applies the result to the marking amplifier in
such a way that the gain of the latter is reduced
‘when the signal is strong, This is similar to the
"full band control" of the original Bell Telephone
Laboratories spectrogram (see ref, 13), and increases
the strength of weak phonemes in the speech with

respect to the stronger ones,

The second type of compression consists of a
non-linear circuit element shunting the input to
each of the analyzing low-pass filters, Each of
the filters is preceded by a control low-pass

filter which has twice or more the bandwidth of the
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analyzing filter, This arrangement is similar to the
"narrow band control" of the B,T,L, spectrograph,
This type of compression is not quite as effective
with the low-pass analyzing filters as it is with a
high band-pass analyzing filter, Even with band
limitation by the control filter, there can be
modulation products generated by the non-linear
element which lie inside the low-pass band, However,
the cut-off characteristics of the analyzing filter
are not impaired by the compression ahead of it,

as it would be if the compression were applied to
the filter output, By using only the level of that
part of the spectrum close to the analyzing band

for controlling the degree of compression, the
system makes weak formants more prominent, as well

as strengthening those portions of the signal which
are weak in point of time, A similar control filter
and compressor arrangement would be needed for the
band-pass circuit if a good set of such filters

were available,

Both types of compression can be removed
completely, if desired, When in use, however,
several switching combinations of the two types
are provided, One of these uses the controlled
compression without the full-band gain control, with

choice of control filter widths of 100 or 200 cps,
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and respective analyzing filters of 50 or 100 cps.
For the wide analyzing bands of 200 and 300 cps two
choices are provided; one (No, 2) uses the full-

band gain control alone and the other (No, 1) uses
both types of compression, with the control filter
width set at 500 cps for both of the analyzing band-
widths,* All of the widths mentioned refer to
original recorded frequency; the actual filter widths
are six times as great,

The continuous amplitude display, i,e, the
analysis in amplitude rather than frequency, is made
essentially as outlined in Chapter 5, The switching
provides a choice of positive half-wave, negative
half-wave, or full-wave rectification, There is a
logarithmic circuit which may be used or not, a
choice of average or envelope detectors, a choice
of five low=pass filter cutoffs ranging from 125 to
2500 cps, and a choice of seven recovery-time
constants between 8 and 44 milliseconds, The various
low-pass filters provide a choice of relatively rapid
smoothings of the output of the average detector, and
‘the alternative recovery-time constants for the
envelope detector provide a further and slower
smoothing for the amplitude marking, varying from
voicing to syllabic rates, To the detector output a
voltage is added which is varied by the scan motor

to provide the amplitude analysis, and the combination

*When the No, 2 control setting is being used
the analyzing bandwidth of 500 cps is also available,
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is impressed on the threshold circuit, Although
separate frequency and voltage scans are shown on
the diagram, the voltages are actually derived

from the frequencies by means of a frequency dis-

criminator circuit,

The scanning circuit deserves some further
mention, It is driven by a motor which is reversible
and has five speeds in either direction, The
variable condensers driven by the motor have plates
shaped to provide a linear variation of oscillator
frequency with angular position, The arrangement
of speeds and scales is shown in the photograph
of the "scan control" panel, Figure 6.7, The scale
switchAat lower left refers to the three scales of
the semicircular dial, A is the outermost frequency
scale, B the next (also frequency), and C the
amplitude scale in db, The reversing switch is
at the lower right, and the five motor speeds are

chosen in the lower center,

The motor drives the condenser shaft through
a clutch, which permits setting the scale by hand
at any desired location before pressing the start
button, A radial index line extends across the
scales, and in addition a square of light shows behind

the translucent panel, not only at the index position

but also at the proper one of the three scales,
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This lighted portion moves with the shaft rotation,
so that at any point of an analysis the frequency

or amplitude being analyzed at the moment may be
seen at a glance, A stop button is provided, but
there are also upper and lower limit switches which
may be set at desired positions, and which then stop

the action automatically,

The frequencies shown on the scales are those
of the original recording which are responsible for
the analyzing filter output at each point of the
scale, The actual frequencies of the variable
oscillator, for the A scale, are 160 kc at the
10,000 cps position, and 100 kc at the zero position,
For the B scale a change in the oscillator is made,
so that the upper freguency is 142 kc, corresponding
to 7000 cps at the top of the scale, and the lower

limit is again 100 kc,

At the upper right of the panel is a table for
the convenience of the operator, where the different
scan rates are given in terms of cps per inch width
of the spectrogram, The frequencies covered in
2, 4, 6, and 8 inches of spectrogram width are also
given, The five scanning speeds (on scale A) are
actually 1000, 1500, 2000, 3000, and 6000 cps per

minute, The relation to width of spectrogram can be
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obtained from the fact that the stylus moves across
the spectrogram at 0,01 inches per revolution of
the drum, and since the latter makes 120 rpm in
analyzing, the stylus then moves 1,2 inches per
minute, A complete analysis cannot last longer
than six and two-thirds minutes, since in this time
the full practical paper width of 8 inches is
covered, A more usual situation is the use of

the A scale with speed three, requiring two minutes
for analysis to 4000 cps, or five minutes for
analysis to 10,000 cps, Corresponding widths of

the spectrogram are 2,4 and 6,0 inches,

¢, Pulsed switching

The third rotating member at the left of
Figure 6,6 carries a recording tape to which is
applied a single four-channel head, Erasing each
channel is accomplished; with the 20 kc erase
oscillator connected and the shaft turning at
‘slow speed, by pressing and holding the éorrect
button for one or more revolutions, DC pulses are
then recorded with the shaft stopped in the desired
position with respect to the stylus and the parts
of the recorded sample, Then in the high-speed

analyzing condition these pulses are picked up at
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definite times of each revolution and amplified in

the four pulse amplifiers,

In the case where the A and B gates are being
used, the A and B pulses are led to an electronic
switch which is arranged to open the A gate when
the A pulse arrives; but then when the B pulse comes
the A gate is closed and the B gate opened, The order
can be reversed, of course, Then, with the analyzing
circuit connected to A+B, the analysis shifts from
the A recording to the B at a definite point of
time, and it does this for each revolution, The
relative timing of the A and B recordings can be
changed manually, by changing the B disc in angular

position on the shaft with respect to the A disc,

Another useful application is to separate out
a short interval of a single recording, with one
pulse turning it on and the other turning it off,
The effect can be listened to on the monitoring
circuit if the shaft is rotated at slow speed, This
can serve a useful purpose other than in making
spectrograms; for example, in observing the auditory

effect produced by a short segment of speech when

isolated from its context, For further possible

use an external connection is provided through

which any one of the pulsed channels can be brought
out,

The section pulses can be placed at one or
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several positions of shaft rotation, Each such
pulse then causes an electronic connection in.
the "section gate" which puts the integrating
condenser on charge, This connection is held for
a length of time determined by the setting of the
"section-driver" and the condenser is then dis-
charged into the threshold circuit, The charging
time is continuously variable from 1 millisecond
(of the original recording) to 3 seconds, The
latter represents the complete recording time

available,

A button is provided which connects the section
driver to the threshold circuit, in such a way that
marking is produced during the period of charge
of the section condenser, By depressing this
button for a few revolutions of the drum a rectangle
is produced on the record (as in Figure 6,2), which

shows clearly the integration period of the section,

The  fourth pulse channel is used to provide
a zero for the recording of a time scale on the
spectrogram or continuous amplitude display. This
pulse is applied to a gate, which opens to permit
a 6000 pps generator to be connected to a "pulse
divider", The latter has a three-position control

to permit one pulse in 20, one in 100, or one in 200,
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to trigger the marking circuit, Since the 6000 pps
correspond to 1000 pulses per second of the original
recording, the marking pulses indicate 20, 100, or
200 milliseconds of the record, The counting starts
at the same moment of each drum revolution, so that
the time lines build up across the record as the
analysis proceeds, Provision is also made, by using
all three of the pulse division rates, for placing a
time scale along the side of a spectrogram, This
scale has marks everyxZO milliseconds, with every
fifth mark slightly longer and every tenth mark

still longer,

When sections are being made, the section
pulses rather than the time zero pulse initiate the
pulse counting, The time rate of discharge of the
section condenser is adjusted to the division of
pulses so that each marked pulse corresponds to a
5 db fall of condenser voltage, Thus a series of
amplitude lines is drawn across the section, spaced

at 5 db intervals from the start of each section,

Frequency lines are generated by beating the
scanning oscillator, first against a 100 kc signal,
and the product of this against a frequency derived
from the 6000 pps generator, The latter frequency

may be set at 1200, 3000, or 6000 pps, Marking of
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the frequency line is triggered only when the
frequency being analyzed is a multiple of this
frequency, or in terms of recorded frequencies
at 200, 500, or 1000 cps intervals, The latter
two become 5 db and 10 db intervals when a con-

tinuous amplitude display is being made,

The frequency lines may be made to mark
through the full extent of a spectrogram, or
alternatively only at the two ends of the spectro-
gram, In a section they may mark eithef through
the entire record; only through the separate

sections, or only between sections,

All grid lines may be turned off completely,
or they may be used together or either one alone
in each of the three types of display: time and
frequency for spectrograms, amplitude and frequency
for sections, time and amplitude for the continuous

amplitude display,

The order of setting the pulses may>be as
follows: The time zero may be set as soon as
recording is finished, since the beginning of the
record is shown by the index disc associated with
the paper drum, That is, the pulse is recorded

with the drum stopped at such a position that the
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stylus is near to or just beyond the index mark,

A spectrogram is then made, and from it one chooses
the several points where sections are to be made

and records pulses at these points, If both A

and B recordings are made, spectrograms of each are
made side-by-side on the same paper, The relative
timing of the two records is then adjusted by turning
one recording disc on the shaft with respect to the
other, The A and B gate pulses are then recorded

at desired positions, The frequency lines or the
amplitude lines for the continuous amplitude display

require no pulse recording,

d, Marking

Marking of the electrically sensitive paper
occurs only when a "main gate" is opened to allow
a 100 kc sine wave with sufficiently high voltage
to pass to the marking amplifier and stylus, Four
different "trigger" circuits are shown in Figure
6,6, any one of which can initiate markinga One
of these, the spectrogram trigger, must transmit
a range of levels, and the main gate must respond
proportionately to these; so that a range of grayness
is produced on the recording paper, The other three
trigger circuits operate in an "on" or "off" manner,

with no range of "on" levels, Gains can be set
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in each circuit, however, to produce the desired
darkness of record, from full black to a faint
gray, Thus the scale lines can be made either
darker or much lighter than the section or con-

tinuous amplitude records,

As mentioned earlier, the gain of the marking
amplifier can be controlled by the general level
of the reproduced signal, thus forming a part of
the means of compressing levels within the paper
range, Means are also provided (but not shown in
Figure 6,6) for suppressing marking except when

the main motor is on high speed,

The spectrograph is also provided with a
blower which picks up thehsmoke produced by the
paper marking, close to the point of origin, and
conducts it outside the building in which the

apparatus is housed,



7. Some Spectrographic Reproduction Experiments

This chapter will present some of the experi-
mental results obtained with the CSL sound spectro-
graph, The output records (i,e,, the sound spectro-
grams, amplitude sections; and continuous amplitude
displays) and their dependence on the functional
characteristics of the analyzing filters, detector
time constants, fiiter band-widths, scanning rates,
and other factors will be discussed in the following

sections,

Sound spectrogram

A typical speech sound spectrogram made with
the spectrograph is shown in Figure 7,1, From the
band-width criterion, this spectrogram is classified
as a wide-band sound spectrogram, The filter used
was a low-pass flat-top Tchebychef-type filter,
which had an equivalent pass-band of about 300 cycles
per second, The normalized amplitude and the phase
transfer characteristics of this filter are given

in Figures 7,2 and 7,3 respectively,

144
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Figure 7,3, The transfer phase characteristic
of a flat-top "Tchebychef" type low-pass filter,
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In figure 7,1, it can be seen that the vertical
striations across the paper are not straight lines,
but bend toward the right at both sides bf each
frequency band, This bending of the striations
is caused by a longer time delay at the cutoff
frequency of the filter, The difference in delay
time at the output terminals of the filter is due
to the non-linear transfer phase characteristic of
the filter,* and can be calculated from the gréph
given in Figure 7,3, As an example, the delay
time at the cutoff frequency of a 900 cps low-
pass filter (i,e,, 300 cps equivalent pass-band),**
as shown in Figure 7,3, is calculated to be about

0,55 msec longer than that at the mid-band,

To avoid the Eype of distortion shown in
Figure 7,1, a filter with a linear phase charac-
teristic should be used, 1In practice a linear-
phase low-pass filter is difficult to realize if

a relatively flat-top amplitude characteristic is

*See the section "Signal distortion" in
Chapter 4,

**The ratio of the reproducing speed to the
recording speed of the CSL Sound Spectrograph is
equal to 6, Therefore, the equivalent pass band
for a 900 cps low-pass filter is

2 x 900

=== = 300 cps,
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also required, Nevertheless, a reasonable com-
promise can be made, Normalized amplitude and
phase characteristics of a realizable linear;phase
low-pass filter are given in Figures 7.4 and 7.5,

respectively,

In Figure 7,6 is a sound spectrogram like
that of Figure 7,1, except that the filter used was
a low-pass linear-phase type, As with Fiqure 7.1,
the filter has an equivalent pass-band of about 300
cycles per second, In Figure 7,6 it can be seen
that the vertical striations are relatively straight,
but that the frequency band marked is somewhat
wider than that expected with the specified cutoff
frequencies, This broader frequency band display
is obviously due to the slow cutoff transfer charac-

teristic of the filter, as shown in Figure 7.4,

A set of wide-band and narrow-band sound
spectrograms produced at a constant scanning rate
‘is given in Figures 7,7, and 7,8, The two filter
types discussed above and a total of five different
bandwidths were employed in making the spectrograms,
The bandwidths and filter types are indicated with
each of the spectrograms, All of the spectrograms
in these figures are from a single recorded sample

of the word "fish", spoken by a female voice, Only
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the vowel portion of the word is shown in the figures,
It can be seen that the output resolution of the
spectrogram is greatly dependent on the transfer
characteristic of the analyzing filter, From such
examples, the user of the sound spectrograph should
be able to choose the filter which will provide the

most effective display for any particular voice,

One of the features of the CSL sound spectro-
graph is its flexibility, An example of this is
the 5-speed scanning motor discussed in Chapter 6,
Figure 7,9 shows sound spectrograms produced by
different scanning rates, with the same speech wave,
filter type, and band-width, By the use of these
different scanning rates; the spectrograms are made
to appear either expanded or compressed in the
frequency scale, thus providing a choice in the

frequency/time aspect ratio,

The scanning rates of Figure 7,9 were obtained
by using the "A" scale of frequency scanning, with

a top frequency of 10,000 cps, If the "B" scale
were used; with a top frequency of 7000 cps, the
cps/inch rates of Figure 7,9 would be reduced by a

factor of 0,7,
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Amplitude section

The secohd kind of spectrogram produced by the
CSL sound spectrograph is called an amplitude section
(as defined in Chapters 5 and 6), An example of
this amplitude versus frequency plot, at a fixed
time in a typical speech wave, is given in Figure
7.10, At the top of the figure a spectrogram of a
word is shown, made with a 500-cps flat-top filter,
The black rectangle just below the spectrogram shows
the span of time in the spectrogram, over which
amplitudes were integrated in producing the section,
As was discussed in Chapter 6, the duration of the
integrating interval of the amplitude section is one
of the features which is adjustable in the spectro-
graph, It can be varied from one millisecond up

to about 3 seconds,

At the bottom of Figure 7,10 an amplitude
section is given for the span of time indicated by
the rectangle, This section was made with the same
filter which was used for the spectrogram, Three
other sections are shown in Figure 7,11, for the
same interval and the same filter type, but with
bandwidths of 300, 200, and 100 cps, The flat-top
and sharp cutoff of the filter are reflected in the

shapé of the energy peaks of the wider band sections,
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Figure 7,10, Spectrogram of "she s-" spoken
by a female voice, and analyzed by a flat-top filter
of 500 cps equivalent bandwidth, The amplitude
section was made at the point shown, using the same
filter,
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Figure 7,11, Amplitude sections made at the
indicated point in the spectrogram of Figure 7,10,
but with flat-top filters having equivalent bandwidths
of 300, 200, and 100 cps,
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In the two sections with the narrower filters,

the individual harmonics of the voice fundamental
frequency appear; these harmonics are more clearly
separated in the section with the narrowest filter

(100 cps).

In Figures 7,12 and 7,13 the same time
interval of the same speech sample (as for Figures
7,10 and 7,11) was used, but the filters were
changed to the linear-phase type,* for both the
spectrograms and the seqtions, A fourth section
at 50 cps bandwidth is showﬁ in Figure 7,13, along
with sections made with the same three filters
used to construct Figure 7,11, The absence
of sharp shoulders in the wider band sections
seems to provide a truer representation of the
envelope of the actual spectral distribution
than was provided by the flat-top filters, The
amplitude envelopes in the figures (particularly
for the wide-band filters) are smooth curves,
except for a small variation which is due to random

noise,

Continuous amplitude display

The third kind of record produced by the CSL

*The equivalent pass-band approximates a
Gaussian-type filter,
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Figure 7,12, Spectrogram and amplitude section
of the same speech sample used for Figure 7,10, but
made with a linear-phase filter of 500 cps equivalent
bandwidth,
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Figure 7,13, Amplitude sections of the same
speech sample used for Figure 7,12, made with linear-
phase filters having equivalent bandwidths of 300,
200, 100, and 50 cps,
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sound spectrograph is called a continuous amplitude
display, As we have pointed out in Chépters 5 and
6, thié type of display is a two-dimensional graph
which plots the amplitude of the entire spectrum
versus time, Either an envelope detector or an
averaging detector* (i,e,, low-pass filter) may be
used in the éontinuous display network, and the
amplitude scale may be either linear or logarithmic,
Figure 7,14 shows a typical speech wide-band sound
spectrogram and its continuous amplitude display

on a linear scale, The smallest time constant (8 ms)
of the envelope detector was used, This figure
shows the results of a scan from high émplitudes to
low, through the rectified positive side of the
wave, followed by a scan from low to high amplitudes
through the negative side of the wave, The.effect
produced is like that of an oscillogram, The
dissymmetry of positive and negative peaks is a

fact often noticed in speech oscillograms, A
strong low frequency noise of about 14 cps appears
in the continuous amplitude display, Presumably
this noise was present but unnoticed in the room

at the time the speech recording was made,

*These detector types are described in
Chapter 5,
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The flexibility of the spectrograph control
makes it possible to interchange the positiveQ
negative polarities of the amplitude display, or
/to combine them by means of the full-wave rectifier,
Examples of half-wave and full-wave continuous
amplitude displays of a 46,7 cps sinusoidal signal
are shown in Figure 7,15a and 7,15b respectively,
The positive and negative alternations of this low
frequency wave are easily distinguished in Figure
7.15a, The doubling of frequency in full-wave

rectification is seen in Figure 7,15b,

The effect is somewhat different when the
input is a complex wave like unfiltered speech,
shown in Figures 7,16a and 7,16b, Whether the
rectification is positive half-wave, negative half-
wave, or full-wave, the peaks of the display show
the concentration of energy in the fundamental
periods of the signal, There is no easily identified
or consistent time difference in these peaks between
positive and negative displays, and no apparent

doubling of peaks in full=-wave rectification,

Figures 7,17, 7,18, and 7,19 show a set
of the continuous amplitude displays, which were
made by feeding the half-wave rectified speech

wave to an envelope detector, Progressively larger
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Figure 7,15, Continuous amplitude displays of
a sine wave of 46,7 cps frequency, In (a) the scan
was from high amplitude to low through the positive
half-wave side, followed by low to high through the
negative side, 1In (b) full-wave rectification was
‘used,
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Figure 7,16, Continuous amplitude displays of
a speech sample, showing (a) the positive and negative
sides of the signal and (b) the full-wave rectification,
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The

recovery time constant of the envelope detector was

8 milliseconds,
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recovery-time constants were used for the three
figures, When the signal amplitude is falling
rapidly, as on the right sides of the two words in
these figures, the marked contour tends to follow
the slower detector recovery curve if the circuit
time constant is large, This is seen particularly

in Figure 7,19,

In Figures 7,20, 7,21, and 7,22 the same
speech sample was used as in the previous figures,
The amplitudes, however, are in decibels instead
of a linear scale, through the use of the logarithmic
circuit,* Different time constants are again used
in the three figures, and the distortion caused by

a longer constant is again obvious, in Figure 7,22,

In Figures 7,23 and 7,24 a different pair of
words is used, and the detector for the display
is the low=-pass filter (i,e,, the averaging
detector), Four different values of filter cutoff
were employed in éonstrucing the two figures, If
the bandwidth of the low-pass filter is narrow
enough to discriminate against the ac components of
the rectified wave, then the output amplitude display

will be the average value of the rectification, Thus

*See "logarithmic amplitude display", Chapter 5,
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this type of amplitude display represents the
average power flow of the speech wave, It can be
seen from the figures that the narrower the band-
width (within the range shown), the closer the
amplitude display approaches the average value of

the rectified signal,

Figures 7,25 and 7,26 repeat the analyses
of the previous two figures, but with logarithmic

instead of linear amplitude scales,

Switching operation of the dual channels

One of the features of the CSL sound spectro-
graph is the dual channel system, The two channels
can be analyzed separately, simultaneously, or even
alternatively with respect to each other, The
alternative switching activity between the channels
is controlled by a gating network which is activated
by pulses from a third tape record, These pulses
are previously recorded by the operator, as was
explained in Chapter 6, The gselectionof the pulse
positions is made by the operator, usually after
first making separate spectrograms from both channels,
The relation of the signals may be adjusted before
selecting the positions of the switching pulses

by examining the two spectrograms and changing
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the angular position of one channel tape with
respect to the other, Figure 7,27 shows a wide-
band sound spectrogram produced by switching
between the two channels, The time intervals
occupied by each channel, in the bottom spectro-
gram, are identified below it, Separate spectro-

grams of the two channels are given above,'

The channel=-switching technique can also
be applied to select sections of a single channel,
for analysis, With accurately placed pulses, the
gating network can control operations effectively
even in very short interﬁals. This can be seen
in Figure 7,28, where five sections of the upper
spectrogram are selected for a separate display
in the lowér° Perhaps more significant than the
visual presentation shown in this figure, is the
fact that the separated sections can be heard in
the monitoring system of the spectrograph or
recorded on a separate tape for listening experi-
ments, One of the original purposes of developing
this circuit arrangement was to obtain dyéd segments
of natural utterances for synthesizing continuous
speech,

In Figure 7,29 separate spectrograms from
the two channels are again shown, and in the third
spectrogram the channels are combined, No use

of gates was made in this case,
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Figure 7,29, The two channels may be analyzed
separately (as illustrated above), or completely super-.
imposed (as illustrated below),
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Automatic scaling

Anbther feature of the CSL sound spectrograph
is the automatic scaling of a spectrogram, Scale
lines marked on all previous figures were produced
simultaneously with the spectrograms, The CSL sound
spectrograms in general can be provided with

frequency, time and amplitude lines,

a, Frequency scale

There are three selections of the automatic
frequency lines: 1000, 500, and 200 cps spacings,
Examples of these three frequency lines are given

in Figures 7,30a, 7,30b, and 7,30c respectively,

b, Time scale

The same figures show the three time markings
provided: 200, 100, and 20 millisecond: spacings,
In addition to these time lines produced with the
spectrogram, a scale can be placed alongside the
spectrogram és shown at the bottom of Figure 7,30b,
In this scale every fifth of the 20-millisecond
marks is automatically made slightly longer, and

every tenth mark longer still,
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Figure 7,30, Scale lines are drawn automatically
on the spectrograms: (a) at 200 milliseconds and 1000
cps spacings, (b) at 100 ms and 500 cps, (c) at 20 ms
and 200 cps, A separate time scale can also be marked
beside the spectrogram as shown below (b),
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¢, Amplitude scale

The CSL sound spectrograph can also produce
10 db and 5 db amplitude lines for the contihuous
amplitude display, and 5 db lines for the amplitude
sections, Examples of theée are shown in Figures

7.31la, 7,31b, and 7,3lc,

The frequency scale for the amplitude section
can be made either across the section only, outside
the section only, or in full across both spaces,

These three possibilities are shown in Figure 7,32,
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Figure 7,31, In (a) and (b) time lines were
drawn automatically at 100 ms intervals on a con-
tinuous amplitude display., Amplitude lines were also
drawn at 10 db intervals in (a) and at 5 db intervals
in (b), On the amplitude section in (c) both frequency
and amplitude lines were drawn,
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8. Further Spectrograph Design Considerations

As outlined at the beginning of Chapter 6,
the CSL sound spectrograph was designed to have
certain features not available in other spectro-
graphs, These have been described in Chapter 6,
and the examples shown in Chapter 7 illustrate the
extent to which the instrument accomplishes the
original purpose, There are some respects, however,
in which improvements could be made in the

instrument,

Originally, the CSL spectrograph was to be
supplied with band-pass filters for analysis,
However, because of the high frequency (100 kcps)
at which it appeared necessary to operate the filters
and because of the difficulty of achieving the
desired filter characteristics at this frequency,
attention has been concentrated on equivalent
low-pass filters° As we have seen in Chapter 5;
there are some theoretical difficulties with the
use of such low-pass filters, which are partially
alleviated by using multiple sets of filter circuits,

having diversified phase constants,
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If for no other reason than to make the entire
circuit less complex, the use of band-pass filters
would be desirable, In this connection the
suggestion in Chapter 5, pp, 64-67, regarding the
lowest practical frequency location of the band-
pass filters, should be considered, If (as at
present) the reproduced frequencies extend from zero
to 60 kecps, the filter could be centered at 30 kcps,
This would mean that the modulating frequency ®,
could be varied from 90 to 30 kcps, instead of from
160 to 100 kcps as is done at present, This is
possible, however, only if the circuit is designed
so that the output of the modulator is restricted
to energy at the sideband frequencies and none of
the energy of the original signal frequencies appears
in the modulator output,

Marking is initiated in the CSL sound spectro-
graph by any one of four "trigger" circuits opening
a gate to impress a 100 kcps signal on the marking
amplifier, This trigger operation is ideal where
marking is either "on" or "off", with no variation
required in the darkness of the marking, This con-
dition applies for the amplitude sections, the
continuous amplitude displays, and the construction
of scale lines, It does not apply in making a
spectrogram, however, where a range of grayness

in the marking is desired,
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The trigger circuit for making spectrograms
with the CSL instrument passes on a range of
amplitudes from the analyzed signal to the marking
amplifier, thus producing a range of darkness in
marking the spectrograms, This action should be
linear, That is, there should be no compressibn
in that part of the system which is associated
with the trigger circuit; the desired gain control
is accomplished elsewhere in the circuit, It is
not at present known, however, just how well' the
desired range and linearity of the spectrogram
trigger circuit is attained., The question should
be investigated, and if necessary the circuit for
marking the broad and narrow band spectrograms
could be rédesigned so that the signal for marking
spectrograms is led directly to the marking
amplifier, by-passing the trigger and gate circuits,
The 100 kcps oscillator would then not be needed
for broad and narrow band analyses, since the
signal wéuld itself‘cause marking on the spectro-
gram whén the signal amplitude is sufficiently
great, If low-pass filters were used for the final
analysis, care would need to be taken that the
rectified low frequencies would be transmitted

properly to the marking stylus,
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The CSL spectrograph may seem complex in the
number of controls which the operator must set
correctly to obtain any given result, While an
attempt has been made in the design to reduce
the number of controls as much as possible, the
remaining complexity must be taken as the price
paid for the multiple features provided by the

instrument,
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APPENDIX

Interactions of Close Frequencies in Spectrographic
Analysis

Single modulation to a band-pass filter

Let Wy and Wy represent the radian frequencies
of two adjacent components of the signal f(t) which
is to be analyzed by the sound spectrograph, If
f(t) is a periodic function, ®, and W, could be
adjacent harmonics of the fundamental frequency,
With a speed-up of k times, in reproducing the
recorded signal, the components of the reproduced
signal become kwa and kmb, The reproduced function
due to these two components only may be represented

as

£.(t) = A cos (knt + ¢) + B cos (kopt + ¢b), (A-1)

where A and B are the amplitudes of the two
reproduced components and ?g and
¢b are assumed phase constants of
the two,

To make the following analysis simpler, let

us suppose that the two components are of equal
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amplitude, That is, let A = B, Then (A-1) can be

written

£,(t) = A [cos(kwt + @) + cos(km t + @,)],  (a-2)
To modulaté the spectrum of the signal to a
higher band of frequencies, multiply (A-2) by the
function cos w.t, where W is a variable carrier
frequency, Let us assume that all values of w, are

larger than kwb, and that the latter is the larger

of the two reproduced components,

® > kmb > kwa¢ (A-3)
There is no loss of generality in giving the carrier
function an amplitude of unity and a phase constant
of zero, since the other amplitudes and phase con-

stants can be expressed in terms of those of the

carrier,

As has been seen in Chapter 3, the result of
the modulation is an upper sideband with frequencies
.above ®qs and a lower sideband which can be expressed

as follows,
A
fzs(t) =3 {cos[ (wc-ka)a)t- 9’a] + cos| (wc-kmb)t-fb]}s
| (A=)
The sum of two cosines can be transformed to twice

the product of two cosines, the arguments of the

latter being half the difference of arguments of
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the former, and half the sum of the same, (A-}4)

becomes

@,- w_+
fzs(t) = A cos[%(wb-wa)t+¥9§fé]cos[(wc-k azwb)t

P e
- =25, (8-5)

The second of the cosine factors of (A-5) has
a frequency which is the avérage of the frequencies
of the components of (A-l4), By (A-3), ®, is always
larger than %(ma+wb), so that the frequéncy of this
factor of (A-5) cannot become zero, Also, if we
assume that the frequencies of the components of (A-4)
both lie inside the passband of the analyzing filter,

their average also is in this passband,.

The first cosine factor of (A-5) can be
regarded as a varying amplitude factor, modulating
the second function, This is, in fact, the origin
of the phenomenon of beats, The frequency of
this first factor is lower than that of the second,
Actually the amplitude of the whole function (A-5)
rises to maximum at twice the frequency of the
first cosine factor, that is with a frequency of
kmb—kwaa This beat frequency is at just the
fundamental rate of the reproduced function, if
Wy and W, afe adjacent harmonics of a periodic

input wave,
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When a wide band-pass spectrogram of "voiced"
(i,e, periodic) speech is made, the beats described
above produce striations in the record, which extehd
in straight lines across the frequency scale and are
spaced in time at the fundamental period, The
extension across the frequency scale arises from the
fact_that‘whatever'frequency band is being examined
at the mqmehtj it contains frequency components

which are spaced at the fundamental rate,

Second modulation to a low=-pass filter

Let the lower sideband of thé first modulation
be given a second modulation which will place the
component frequencies of the lower sideband of this
second modulation inside the passband of a low-
pass filter., That is, multiply (A-4) by the
function L cos (cnﬂt-l-%Pl)‘9 where w, is the lowest
frequency reached by W in the course of its
-variation, The lower sideband of this second

modulation will be given by
£, () = 2cos((@ ~ko_ -0 ,)t-(@,+¢.) ]
20s Il c a4 1 "a

+ cos[(wc-kwb-wﬂ)t—(¢l+¢%)]}u (A-6)
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Transforming (A-6) to a product of cosines,

4’b¢

fzs(fc)=%cos (wba)) 2]

w +mb

+¢
X cos[(wc-wz k—S——=) t - (¢1 2 b)]o (A=7)

The first cosine factor of (A-7) is the beat
factor, exactly the same as in (A-5), 1In the
second cosine factor, however, there is a big
difference from the corresponding factor of (A-5),
in that w, may take a value which will make the
frequency of this factor zero, This will happen
even though (A-3) is observed, and is due to the
presence of ®, in the frequency of the factor, Thus

the frequency is zero if

w =w£+%(wa+wb),, (A-8)

c
This condition for zero frequency of the average
of the two components in (A-6) is exactly the same
as the condition (5,32) for the coincidence of
frequencies in the second modulation .due to

different frequencies in the input signal,

Now if we look at that moment of time when
W has the value given by (A-8), we find some
singularities in the output of the low-pass filter,
Assuming (A-8) to be true, the last cosine factor

of (A-7) has a constant value, and can be made an
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amplitude factor modifying the beat function, Then
(A-7) may be written

@.+¢.
f2£s(t) = %% cos(¢l+ a2 b)cos[%(wb-wa)t+

fb%fg], (A-9)

This amplitude factor may have any value between -1
and +1, depending on phase relations of the second
carrier and the two reproduced components, It is

zero and the filter output disappears if
P
a'b_ T -
qa +t—5—=n3%, (A-10)
where n is any odd integer,

It is plain that if (A-10) is satisfied for a
particular second carrier with the phase?i, then
another second modulation could be applied with a
phase ?5 for which (A-10) would not be satisfied,

It would only be necessary to make
0 < |Ppmdy| < . (A-11)

A value of /2 for this difference would suffice,
' This is the remedy proposed inChapterS,'po 110,
for the possible cancellation of two different

components in the low-pass filter,

It is pertinent to inquire whether w, remains
near the value in (A-8) long enough to give equation

(A-9) significance, To answer this question let us
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start with the zero amplitude condition, i,e, let
(A-10) hold, with n = 1, and let (A-8) be true

at £t = 0, Then let o, be changed at a constant
rate R, which is expressed in cps per second,

Then at time t,

« ,
W, = w£,+ 5 (wa + wb) + Rt, (A-12)

Substituting (A-10) and (A-12) into (A-7),

?-¢
fzﬂs(t) = %% cos(g:— th)cos[%(wb—wa)t+ bz a], (A-13)

The first cosine factor in (A-13) takes the place
of the similar factor in (A-9), It has the value
zero at t = O, and let us calculate its value at
t = T, the fundamental period of the reproduced

signal, The value of T can be found from

k(cub - (l)a)T =21 |

or

r o 2T o
- k(wb-wa) - k(fb—fa)

(A-14)

In the spectrograph described in Chapter 6, k = 6,
and let us give the fundamental frequency a low
value, 100 cps, Then T = 1/600, For the rate of
change of w,, take the rate mosf often used in this
same spectrograph, which is 10000 cps in 5 minutes,
or 33 1/3 cps per second, This is in terms of

input frequencies, so that for the rate of W it
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must be multiplied by 2W and by k, Then R = 400,T,
Substituting these values of R and T into (A-13),

the amplitude factor becomes

4oo T
6002

cos(g - RT2) = sin(RTz) = sin = sin 0,001117T"

This angle is approximately 12 minutes of arc,
and its sine is ,00349, This is the value to which
the amplitude factor of (A-13) has risen from zefo,
during one fundamental period of the reproduced
signal, Since the maximum value of the factor is
one, the above rise is very small, If we look at
longer times, the rise of the factor at first will
be approximately proportional to the square of the
number of fundamental periods included, In ten

periods the factor would be sin 20° = 342,

These considerations should be sufficient to
show that when the condition represented by (A-9)

occurs, it is relatively persistent,
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