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Frequency Shifter For ‘““Howl”’

Suppression

M. Hartley Jones*, m.Sc., Ph.D.

The circuit described increases the stability
margin of sound reinforcement systems by up
to 8dB. This is achieved by shifting the
frequency of signals by SHz. The inexpensive
and reliable nature of the circuit is made
possible by the use of integrated circuits. The
technique may be adapted to produce larger
frequency shifts for use in electronic music
synthesis.

Anyone who is involved with sound rein-
forcement systems is familiar with acoustic
feedback. A sound amplification system
where the microphone and speaker are in
the same room, is limited in gain by the
positive feedback loop formed by the
acoustic coupling between loudspeaker and
microphone. As the gain is increased, feed-
back initially causes - colorations in the
sound, then develops into an audible ringing
on transients, finally becoming a con-
tinuous “howl-round” when the loop gain
reaches unity.

The use of directional microphones and
loudspeakers can help in reducing the pro-
portion of sound energy which is fed back
to the microphone but, owing to the diffuse
nature of the reverberant sound field of a
room, acoustic feedback still limits the
usable gain of the system.

The reason why feedback usually occurs
at one particular frequency is an interesting
one. In any sound reinforcement system
there will be one frequency at which loop
gain is a maximum and this will depend
upon the frequency response characteristics
of the complete feedback chain, comprising
microphone, amplifier, loudspeaker and
room, as shown in Fig. 1. If frequency
response peaks can be ironed out of every
element in the chain, then the mean loop
gain can be increased without exciting howl-
round at a particular frequency.

Compensation for frequency response
irregularities in microphones and loud-
speakers by means of tone controls and
equalizers in the amplifier is a well-
established technique and attention to this
point can often improve the stability margin
of a system by several decibels. The fre-
quency response of the room is, however, a
much more complicated problem owing to
the multiplicity of resonant modes. Fig. 2
shows the typically irregular frequency
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response of a room; only the region just
above 500Hz is shown, but the charac-
teristic over the whole audio band is of
similar form. The dotted line in Fig. 2
shows the average or mean level of response
and it is clear that the peak levels can be
more than 10dB above the average. Al-
though it is the average response which
determines the subjective sound level in a
room, as judged by a listener, it is those
10dB peaks that give rise to howl-round ina
sound reinforcement system. Thus, if the
peaks could be flattened out, up to 10dB

increase in usable gain could be expected.

There have been attempts at electrical
equalization of the major room response
peaks! but, even if the inverse response of
Fig. 2 could be exactly synthesized, the
peaks and dips shift with variations in
microphone position, with temperature and
with size of audience, making exact correc-
tion impossible.

Schroeder? 3 has shown that the room
frequency response can be effectively
smoothed out as far as acoustic feedback is
concerned by slightly shifting the frequency
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Fig. 1. Acoustic feedback loop in a sound system.
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of the signal as it goes through the amplifier.
This technique ensures that any signal com-
ponent subject to a very high gain at one of
the response peaks, which would normally
result in a feedback howl, will be changed in
frequency on its next trip round the loop so
that it is subject to a much lower gain. As
the signal continues to go round the loop it

will be changed in frequency each time and
therefore be subject to a different loop gain
on each trip. After several trips, the mean
loop gain experienced by the signal will thus
be equal to the average room response
shown in Fig. 2. In the same way, if a signal
component happens to experience a low
gain on its first trip then it will be subject to
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a much higher gain on its second trip. How-
ever, after several trips, the mean loop gain
will once again be equal to the average room
response. Thus both peaks and dips in the
room response are effectively levelled by the
frequency shifter.

The amount by which the frequency is
shifted is not particularly critical. In order
to minimize unnatural effects the shift
should be as small as possible, whilst for
optimum howl suppression the shift should
be of similar order to the average spacing

multiplier between peaks and their adjacent troughs.
Schroeder and Kuttruff* have shown theor-
) etically that the average spacing between
A osin 2Tt Y a.sin 27ft. cos 2mAFt adjacent peaks is given by:
A cos 2mAft
Mo = L Hz
input 90° cluadrature
O———p——] phase-shift oscillator adder —»—O0 where T is the reverberation time of the
asin(2rft+) | circuit L asin 217 (F+AF)E room. Thus, on average, in a room with a
reverberation time of one second, the spac-
ing between adjacent peaks should be 4Hz
N i A acos 2mFt. sin 2mASt and therefore that between a peak and its
‘ adjacent trough 2Hz. This average spacing,
however, includes tiny irregularities which
o may be barely measurable; in practice the
multiplier

Fig. 3. Block circuit diagram of the frequency shifter.

spacing of major peaks and troughs may be
double this figure; in addition, as may be
seen in Fig. 2, the peaks are not regularly
spaced. The optimum frequency shift for
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Fig. 4. Complete circuit diagram of the frequency shifter. _15v
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howl suppression is therefore best found
experimentally; in most applications it
turns out that a shift of 5Hz is sufficient, no
further advantage being gained by greater
shifts. It is conceivable that, in the unlikely
event of the reverberation time being very
much less than one second, a greater shift
might be required.

It is immaterial whether the frequency
shift is in the upward or downward direc-
tion. The shifter to be described produces a
5Hz increase in frequency.

Frequency shift circuit
Schroeder used in his experiments a fre-
quency shift circuit developed by Presti-
giacomo and MacLean®. This circuit used
suppressed carrier single-sideband modula-
tion of a high frequency carrier by the signal
followed by demodulation with a new
carrier frequency which differed from the
original carrier by SHz. The circuit to be
described here, however, uses a different
technique, exploiting the accurate inte-
grated circuit multipliers now freely avail-
able; it requires no tuned circuits, crystals or
filters and gives a good signal to noise ratio
with a wide frequency response and low
distortion.

Consider a sinusoidal input signal of
frequency fHz; its instantaneous voltage,
v;n, 18 represented by

v;, = asin2zft 1)
where a is peak voltage.

Now, if the output signal of our circuit has
an increased frequency (f+ Af)Hz but the
same peak voltage a, then its instantaneous
amplitude v,,, is

asin 2n(f+ Af)t

asin 2nft + 2nAf?) 2

Expanding this sine function gives:

v,

out

U, = a(sin 27ft cos 2nAft
+cos2nftsin 2nAft)  (3)

Equation 3 is synthesized by the circuit
to be described. The cosine functions in the
equation are simply sine functions with a
/2 (90°) phase advance imposed by a phase
shift circuit, since cosx = sin(x+(w/2)).
Although equations 1 to 3 refer specifically
to sinusoidal signals, they may be applied
to complex waveforms by Fourier analysis
into sine and cosine components.

Fig. 3 shows the basic circuit elements of
the frequency shifter. Sinusoidal and co-
sinusoidal components are derived from
the original signal by a broad-band phase
shift circuit. An oscillator with quadrature
outputs generates sinusoidal and cosinu-
soidal components of the “shift frequency”
Af. Two analogue multipliers give the
products sin 2znft.cos2nAft and cos2nft.
sin2nAft and an operational adder gives
the final frequency shifted signal:

sin 27tft.cos 2nAft + cos 2nft.sin 2nAft
= sin(2nft + 2nAf?).

Circuit description

The complete circuit diagram is shown in
Fig. 4. The frequency shifter is designed to
give unity voltage gain, but an extra 4dB
voltage gain is available if required. The
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LO37 connections
viewed from underside
of TO3 case

Fig. 5. Power supply circuit.

maximum input voltage before clipping
occurs is 4V.r.m.s. (+ 14dBm, where 0dBm
= 0.775V.r.m.s.). The unit is thus suitable
for connection between the microphone
pre-amplifier and main power amplifier of
a sound system. A modification is described
later which makes the circuit suitable for
use directly in a microphone line.

The input signal feeds first into a voltage
follower, IC,, giving a high impedance input
to the unit. The broad-band phase shifter
uses /C, as an inverting amplifier and RC
networks R4, Rg, C4, Cs and Ry, R,;, Co,
C, to give two quadrature outputs of equal
amplitude. The operation of this circuit is
discussed in the appendix.

The sinusoidal and cosinusoidal com-
ponents of the shift frequency Af are
generated by a quadrature oscillator in-
corporating amplifiers /C; and IC,. This
operates at SHz with the component values
shown and gives sinusoidal and cosinusoidal
outputs of equal amplitude and with less
than 1% distortion. The 6.8V zener diodes
across C,, act as amplitude limiters, the
final adjustment of output amplitude being
performed by R,,.

Analogue multipliers, /Cs and ICg, give
the products of the input signal components
with the shift frequency components. RC
networks C,, and R,,, Cg and R, ,, Cy and
Ri6, C,, and R,, are connected directly
from the multiplier inputs to earth to sup-
press any tendency towards h.f. instability.
Variable resistors Rs;, R3s, Rz and R,,
are the multiplier input offset controls which
are adjusted during the setting up procedure
to ensure that when one of the inputs of a
multiplier is at zero volts then the output is
also zero. Capacitors C,3 and C,, on the
multiplier outputs block the d.c. component
inherent in the output of this type of multi-
plier chip and couple the a.c. products to the
final stage.

IC, is used in the final stage as an opera-
tional adder with R;, in the feedback loop
to adjust overall gain. Variable resistor Rj3
is a balance control to compensate for any
amplitude difference in the products from
the two multipliers.

IC,, IC,, IC,, IC, and IC, are all type
741 internally compensated operational am-
plifiers. The Texas Instruments SN72741N
14-pin dual-in-line version was used in the
prototype. IC; and IC¢, the analogue
multipliers, are type MC1495L (Motorola)
or SG1495D (Silicon General). All the pin
connection numbers on the circuit diagram
refer to 14-pin dual-in-line packages.

Resistors are all W, +5% tolerance.
Capacitor tolerances are all +20%, with
the exception of C,4, Cs, C4 and C, which
should be + 5% or better.

Power supplies

All the integrated circuits in Fig. 4 operate
from supplies of +15V and —15V; the
power supply circuit is shown in Fig. 5.
Fixed voltage integrated circuit regulators
(SGS LO37 or RS Components MVR
15V) are used to produce stable +15V
supplies from a conventional transformer
and bridge rectifier arrangement. In the
prototype, 7, was an RS Components 20V
miniature transformer and REC, and REC,
were RS Components REC41A. C,5 and
C,, are 0.1uF polyester or ceramic capaci-
tors to ensure a low supply output im-
pedance at high frequencies.

Construction and adjustments

Circuit layout has not been found critical.
The circuit was assembled on a piece of
0.1in matrix Veroboard of size 165 x 95Smm
and housed together with the power supply,
which was on a separate matrix board, in a
diecast aluminium box of external dimen-
sions 190 x 120 x 50mm.

In the prototype unit, R;,, the gain con-
trol, was the only front panel potentio-
meter. Resistors R,,, R3;, R3s, Rsg, Rao,
and R;; were all skeleton presets mounted
on the circuit board and, once these were
correctly adjusted, the settings were found
to be extremely stable and required no
further adjustment. If no external gain con-
trol is required, R;4 could also be pre-set.

When setting up the circuit, an oscillo-
scope and sine-wave audio generator are of
great assistance but, if necessary, the adjust-
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ments can be made using an a.c. voltmeter
(e.g. AVO model 8) and a sinusoidal signal
from radio, TV or record combined with
careful listening. Before switching on it is
advisable to set all potentiometers to their
mid-position; most of them will then be
fairly near the correct setting. The best
order of adjustment is as follows:

® The 5Hz sine wave amplitude should
be adjusted with R, , to 9 volts peak to peak,
measured on an oscilloscope at pin 10 of
IC,. Approximately the same amplitude,
but 90° out of phase, should be present at
pin 10 of IC,. If an oscilloscope is not
available for this adjustment, an a.c. volt-
meter (1000Q2/V) may be used, the output
being set to 3V.r.m.s. This latter method has
proved sufficiently accurate despite some
oscillation of the meter pointer due to the
low frequency.

@ With no signal on the input, R;, and
R4, the multiplier X-input offset controls,
are adjusted for minimum 5Hz component
in the output. An oscilloscope or electronic
millivoltmeter is essential for precise adjust-
ment; however, if the controls are simply
left at their mid-position, the SHz rejection
will be sufficient for most applications. The
response of most power amplifiers is much
reduced at such low frequencies.

@ With a sinusoidal signal of approxi-
mately 1kHz frequency on the circuit input,
R;;, the adder balance, and then R;s and
R,,, the multiplier Y-input offsets, are
adjusted for minimum amplitude modula-
tionin the output, viewed on an oscilloscope.
This adjustment may, if necessary, be per-
formed fairly accurately on a listening test
using a continuous input, such as a radio or
TV tuning signal and adjusting for mini-
mum fluctuation in sound output from a
power amplifier and speaker connected to
the frequency shifter. A random noise signal
(e.g. an f.m. tuner between stations) can also
be used for a listening test adjustment.

Although R;, Ry5 and R4, do not inter-
act, it may be necessary to go through the
adjustment procedure two or three times
to obtain optimum results. Once the con-
trols are set, no further adjustment should
be required.

Measured prototype performance
In the measurements given below, the
overall voltage gain of the frequency shifter
was set to unity.
Frequency increase
5.3Hz
Max. input signal prior to clipping
4.0V r.m.s.
Noise level ref. 4V r.m.s. output (measured
over a band from 30Hz-10kHz)
—73dB
Residual 5SHz component in output ref. 4V
r.m.s.
—66dB
Frequency response
1dB down at 85Hz and 19kHz
3dB down at 45Hz
Residual amplitude modulation (applicable
at all output levels)
< 0.5 dB peak to peak output
signal fluctuation from 250Hz
to 3kHz
< 1dB fluctuation from 220Hz
to 13kHz

Total harmonic distortion measured at 1kHz
<0.19% at 3.8V r.m.s. output
<0.01% at 500mV r.m.s. output

Modification for microphone line

The basic frequency shifter design can be
used in any medium or high impedance cir-
cuit, but, on a low-level microphone line,
noise can become obtrusive. Most of the
noise originates in the multipliers; hence
the signal to noise ratio can be improved at
the expense of overload margin by increas-
ing the gain on the input side and attenuat-
ing the output by the same factor.

The simple circuit modification shown in
Fig. 6(a) increases the gain of the input
amplifier from unity to 27dB by reducing
the negative feedback. The voltage divider
shown in Fig. 6(b) then provides 27dB
attenuation on the output to maintain unity
gain overall. After the modification the
maximum signal input before clipping is
reduced to 170mV, but the noise level is
reduced by 27dB. This version of the circuit
has given good results in a microphone line
with negligible noise increase and adequate
overload margin. The unit has also been
successfully used in a 30Q balanced line
with the addition of 30Q to high impedance
microphone transformers giving a step up
at the input and a step down back to
balanced line at the output.

Practical applications
It has been found in practice that the use of
the frequency shifter in an average sound
system makes available an extra 6 to 8dB
of usable gain. Although it was indicated
previously that the theoretical gain in-
crease may be over 10dB, this figure is not
realized in practice because the feedback
that does eventually develop in a frequency
shifted system has an unnatural “warbling”
character which must be avoided. However,
this unusual feedback characteristic has a
positive advantage in that a sound system
becomes easier to set up and operate be-
cause the onset of feedback is so readily
detected. When the warbling becomes
audible, there is normally an extra 3 to
4dB gain still in hand before instability
develops, unlike the unpleasant “ringing”
colorations heard in a conventional system
which often occur only 1 to 2dB below
howl-round.

Even when a conventional system is

. to previous
topin 4 output
on ICy terminal
Raa Ras
C new
22 R4s output
terminal
<4 (4 4
(a) (b

Fig. 6. Circuit modifications for low-level
operation : (a) addition to feedback loop of
IC,; (b) output attenuator.
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operating well below howl-round, the
colorations due to acoustic feedback are
often sufficient to degrade the sound repro-
duction so that high quality equipment is
unable to give of its best. In these circum-
stances, the use of the frequency shifter has
been found to give a positive improvement
in sound quality, even though extra gain
may not be required.

It should be emphasized that the circuit
obtains its increase in stability margin by
effectively flattening the frequency response
of the room. In other words, it provides the
greatest improvement when the sound from
the loudspeaker arriving back at the micro-
phone is of a reverberant character; i.e.
when it has been “processed” by multiple
reflections within the room. In most sys-
tems, even in relatively dead rooms, this is
automatically the case; however, if the
microphone is only a short distance from
the loudspeaker (2-3 metres), then the
available gain increase may be reduced to
2 or 3dB.

The frequency shifter has been used suc-
cessfully not only with speech but also with
music amplification. It is perhaps surprising
that the SHz shift is not obvious, but the only
effect noticed has been a slight SHz beat
between direct and amplified sound on an
occasional long continuous note. The gen-
eral reduction of coloration in the amplifica-
tion system with the frequency shift in
operation outweighed any possible de-
gradation of quality due to beating effects.

Electronic music
Although the circuit as described produces
a fixed increase in frequency of SHz, the
frequency of the modulating quadrature
oscillator can be increased by reducing time
constants R;C,, R¢C;y and RyC,, to pro-
duce shifts of several hundred hertz or more.
As can be imagined, this shifting of a whole
band of frequencies introduces weird effects
which can be applied to electronic music;
all normal harmonic relationships are de-
stroyed because every frequency is shifted
by a fixed number of hertz rather than being
subject to a given fractional change.

Bode and Moog® have recently described
a frequency shifter using the same principle
as described here, but specifically designed
for electronic music; the modulating fre-
quency is generated by a voltage-controlled
beat-frequency oscillator giving a con-
tinuous range of frequency shift from
—5kHz to + SkHz. By using a subtraction
circuit as well as the adder at the output, an
upward shift and downward shift may be
obtained simultaneously from separate out-
puts for unusual stereophonic effects. There
is obvious scope for the modification of the
present circuit along these lines for experi-
ments in electronic music synthesis.

Conclusion

The use of a SHz frequency shift in a sound
reinforcement system can dramatically re-
duce acoustic feedback, improving stability
margin by 6 to 8dB. Although the technique
has been known for over ten years, it has
not yet achieved the widespread use it
deserves. The circuit described gives high
quality results and is inexpensive to build;
a simple modification can provide large
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shifts of frequency applicable to special
effects in electronic music synthesis. The
total cost of the prototype was under £20.

Appendix

Design procedure of the broad-band phase
shifter. The frequency shifter is a specialized
example of the type of single-sideband
modulator which depends for its operation
on a broad-band phase shifter producing
two components of the audio signal with a
90° phase difference. Such phase shifters are
also appearing on the domestic scene in
quadraphonic decoders; the design criteria
of such circuits are therefore of some
interest.

The principles of broad-band phase
shifter design have been discussed by
Dome” and Luck® and analyzed in detail by
Orchard®. Stein'® has published calcula-
tions on an RC lattice phase shifting net-
work similar to the type used here.

To obtain two outputs with a constant
phase difference over a wide frequency
range, the principle used is to derive the

phase shift output

¢1 (1)

input
O
phase shift output
b, (2)
O

Fig. 7. Block diagram of a broad-band
Pphase shifter.
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Fig. 8. Graph of phase shifts of individual
branches of broad-band phase shifter plotted
against frequency.
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Fig. 9. One branch of the phase-shift
network used in the frequency shifter.

outputs from two separate networks each of
which produces a frequency-dependent
phase shift but where the phase difference
between the outputs is constant over the
required range. Fig. 7 shows such a circuit
in block form and Fig. 8 the type of phase/
frequency relationship that will give the
required result. It is desirable that the out-
put amplitude from each network should be
independent of frequency, i.e. that the
network be of the all pass type.

Dome’ has shown that a constant phase
difference may be realized if the phase shift
angle of each network varies according to
the logarithm of frequency.

ie. if ¢, =0C,+logK,f
and ¢, = C,+logK, f

where C,, C,, K, K, are constants and ¢,
and ¢, the phase shifts of the two networks,
then phase difference y = ¢,— ¢,

K,
C,—C,+log—
2— G+ OSKI

constant.

Luck® has indicated that the desired
characteristic may be obtained with a pair
of resonant circuits. In the phase angle
graphs of Fig. 8, f,, and f;, are the resonant
frequencies of the two networks. The re-
quired Q-value is very low (<0.5); RC
networks can therefore be used. Each net-
work used here is of the Wien type shown in
Fig. 9. Thefollowingcalculation shows that
this type of network can fulfil the require-
ments for a broad-band phase shifter.

In Fig. 9, consideration of circuit
impedances gives:

(a+ Dy, _ 9 R,

+—=+1
v,+; C, R,
1
i\ RiwC, — 1
+J< 10C; szC1> m
= a+jB
win _D_a+l—(a+jﬂ)
giving v; o+jp
Now if constant a is chosen so that:
a=2a—1
then &=ﬂ ?)
v; a+jp
vo _ [a*+B?
v, \ol+p?

=1
Thus the network is of the all-pass type.
Now, when 1 1
w = = —
RCi R, G
B = 0 and the circuit exhibits resonance.

1
27R,C,
1

" 27R,C,
It can now be shown that the relationship
between phase angle and frequency is of the
type required for a broad-band phase

shifter.
Substitution for & and f in (2) together

Resonant frequency, f, =

©)]
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with f, from (3) gives:
e(%-)
Lo _ Vb @)
Vi 1—jQ f_"_{)
o
1
where Q =
Ry
R, +

and has its usual significance as the quality
factor of the resonant circuit. (Q = f,/df,
where dfis the half-power bandwidth.)
From (4) the phase angle, ¢, between v,
and v, is obtained:
¢ Sfo S
tan- = Q|=—-= 5
an> Q I (&)
For small values of ¢, it may be shown!°
that:

f
~ —4QIn=

¢ Q I
which is the type of logarithmic relationship
required for a broad-band phase shifter.
Two of these networks, of resonant fre-
quencies f,; and f,, may therefore be used
to produce a constant phase difference,

¥ =¢-9¢,

Luck® has calculated y by applying
equation (5) to both networks and has
deduced a set of design parameters relating
Q, and f;, and f,, with the frequency range
over which ¥ is to be close to 90°. The
greater the permissible deviation from 90°,
the wider the frequency range which can
be handled.

In the frequency shifter a range from
250Hz to 12kHz is satisfactory and Luck’s
results indicate that a 90° shift over this
range should be possible with maximum
deviations of +5°. The necessary circuit
parameters are:

f,1 = T20Hz
f,2 = 4,000Hz
Q=021
thus,
%=%=m
and a=25

The circuit impedances chosen are suf-
ficiently high to avoid excessive loading on
the outputs of the drive amplifiers and yet
low enough for the 20MQ input impedance
of the multipliers to have a negligible
effect on performance. Theoretically the
phase shifters should see an infinite load
impedance.

Fig. 10 shows the measured phase shift
performance of the practical circuit. A
phase difference 0f 90° 4+ 7° is obtained from
200Hz to 15kHz.

Deviations from 90° in the phase-shift
circuit produce amplitude modulation in
the output of the frequency shifter; this
occurs at twice the shift frequency owing to
the generation of an unwanted sideband.
The effect only becomes significant below
200Hz and above 15kHz and is not sub-
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Fig. 10. Graph of measured phase difference plotted against frequency for broad-band phase

shift network used in frequency shifter.

jectively troublesome in practice. A closer
approximation to a 90° phase difference
over a wider frequency range may be ob-
tained if necessary by replacing each Wien
network by several such networks in cascade

with staggered resonant frequencies.

Components list

Resistors

R, 33kQ

R, 22kQ

Rs, R,, Rg, Ry 270kQ

RS, R, 82kQ

R, 43kQ

Ry 15kQ

Ry, R, 330kQ

R0, R3; 100kQ preset pot.

11> Ri7 220kQ

Ris Ris, Rie, Ry 470Q

R 39kQ

R,9, Ry0, Ry5, Ry3 8.2kQ

R,, 6.8kQ

Ry5_ 30 3.3kQ

R;,, Rss, R3s, Ry 10kQ preset pot.

Ry, Rs, 100kQ

Ry¢ 560kQ

R, IMQ

Ry, 500k preset or panel

mounting pot.

R\, Rss 10kQ

R.z Rys 3.9k

All resistors §W + 5% tolerance

Capacitors

C,, C;, G5, Cyp, Cy3, Cyy  100nF

C,, G InF

Cs, C, 2.7nF

Cg, Gy, Cyy, Cyy 10pF

Cis 470nF

Cie) Cio 1000uF 40V
electrolytic

Ci7, Cyp 10uF 16V
electrolytic

Cis Co, 100nF

Tolerance + 5%, or better

Integrated circuits, Semiconductors

IC, _, Texas SN7274IN

ICs, IC, Motorola MC149SL or
Silicon General SG1495D

IC,, ICy, SGS LO37

D,, D, 6.8V zener S00mW

RECI1, REC2 REC41A RS Components

Transformer TI 20V Min. transformer

RS Components
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H.F. Predictions
for July

The extended periods of magnetic activity
which have been observed each month so far
this year should now begin to abate. During
these periods maximum usable frequencies
are reduced and on routes crossing
latitudes greater than about forty degrees
lowest usable frequencies are increased.

The charts are based on an ionospheric index
of 31; this is one third of the value for July
of the last year — the effect being to lower HPF
and FOT curves one or two megahertz.
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