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over-modulation at the transmitter. This condition
arises when the carrier fades below the combined
level of the side frequencies. For economy the short
wave telephone transmitter is deeply modulated in
order to produce the highest possible signal-to-noise
ratio at the receiver with a given peak power ;
the effect is, therefore, quite pronounced and is
especially disturbing on a music channel. In single
sideband reception it becomes possible to abstract
the pilot carrier from the signal by a filter having a
bandwidth of 200 c/s or less, to amplify the carrier
separately and to insert it into the demodulator of
the receiver at a considerably higher level than the
peak sideband level, e.g. at about 10:1 ratio.
In addition, the pilot carrier may be passed through
a saturated amplifier so removing modulation and/or
transmitter hum and enabling the carrier to be fed to
the demodulator at substantially constant level, in
spite of carrier fading. Alternatively, a local carrier
of suitable frequency may be used. Although it would
be possible to abstract the carrier in a double sideband
transmission and to supply it to the demodulator at
high level, the audio output might be distorted since
the phase of the carrier in such a transmission is of
considerable importance. Also, it can be shown that,
with double sideband transmission, interference
between signals with a time delay difference produces
a condition of amplitude and phase asymmetry which
results in the production of a second harmonic of the
modulating frequency3. This cause of distortion
is absent in single sideband transmission.

The changing audio frequency response charac-
teristic of selective fading is present to about the
same extent with single sideband reception as with
double sideband reception ; it would appear that only
a highly selective antenna system, steerable in the
vertical plane containing the great circle path between
transmitter and receiver, would be effective in
reducing these changes.

With a view to confirming the advantages of the
single sideband system in an objective manner,
tests were commenced late in 1933 and continued in
the early part of 1934, betwcen the radio terminal,
London and the Bell Telephone Laboratories, New
York, these tests including articulation and intel-
ligibility tests. They confirmed the theoretical
advantages of the system from the standpoint of
signal-to-noise ratio improvement and reduced
distortion due to wave interference.

The saving in frequency range offered by the single
sideband system is of great importance since it can
be obtained in no other way. Providing that adequate
carrier frequency stability is obtained, the number of
radio telephone channels which can be placed in a
given frequency range in the ether is doubled. The
demand for frequency allocations continually increases
and it is a matter of considerable importance that
each frequency range allocated should be used to the
best advantage.

It was therefore decided to proceed with an
extension of the scheme whereby the speech signals
from two independent callers arc arranged to be
transmitted simultaneously by a common radio
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transmitter and occupying approximately the samc
frequency bandwidth as would normally be occupied
by one double sideband transmission.

Frequency Spectrum of the System.

The transmitted frequency spectrum is determined
by the privacy system adopted. A typical privacy
system used is a switched channel device in which one
channel (A) occupies the band 250 to 2,750 c/s on one
side of the carrier and the second channel (B) occupies
the band 2,500 to 5,000 c/s on the other side of the
carrier (Fig. 1). Speech in the A channel adjacent
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to the carrier is inverted and the channels are inter-
changed at short time intervals. This equipment is
located at the radio terminals, London and New York.

The spacing of the channels by a frequency band
approximately equal- to the speech bandwidth
reduces crosstalk between the channels to a consider-
able degree since the intermodulation products of
highest amplitude then fall outside the working
frequency bandst. These intermodulation products
arise principally in the final power amplifier stage of
the transmitter since this stage has to be fully loaded
for efficient working.

The channel filters in the receiver have bandwidths
corresponding approximately to a frequency range of
6 kc/s on either side of the pilot carrier, so permitting
of various frequency dispositions of the working
frequency bands.

Schematic of the Receiver.

The receiver is a triple detection superheterodyne
receiver, the block schematic of which is shown in
Fig. 2. The first intermediate frequency band is
590-610 kc/s ; this relatively high frequency enables
an adequate image channel ratio to be obtained with
three tuned circuits operating at signal frequency,
i.e. two stages of high frequency amplification.

The first beating oscillator of the receiver is con-
trolled in frequency by the control valve and the
frequency control equipment so that the carrier at
the first intermediate frequency cannot differ from
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and the principal disadvantage is :

A somewhat greater complication in routing and
maintenance of circuits since the control current
must be transmitted.

The reason for the increased reduction of crosstalk
in the silent intervals is that the crosstalk, which is
injected into the circuit after the compressor, cannot
operate the control amplifier. The loss in the
expander consequently remains at the high value
corresponding to no signal input, no matter what
level of crosstalk is recetved. Since the crosstalk has
no influence on the operation of the control amplifier,
better restoration of volume range will be obtained
where the low level elements of the signal and the
higher level elements of the crosstalk are of com-
parable level.

Although at first sight, the elimination of the control
amplifier at the expander would appear to be a
simplification, this may be more than offset by the
complications involved in transmitting the control
current over the circuit.

It should be remembered that the control current
is a modulated direct current, which would have
important components within the frequency range
between zero and the lowest frequency used for the
transmission of speech. The repeaters are, of course,
unable to handle the very low frequency components
of this control current, which therefore would have to
be by-passed round each repeater. It is possible that
to do this satisfactorily, conjugate high and low-pass
filters would be required at each repeater.

It would also be necessary to ensure that the
transmission times of the components of the control
current and of the signal would not differ by an
excessive amount, and with slow-speed circuits a
certain amount of phase equalisation might have to
be employed.

An alternative method to the transmission of the
actual control current would be to transmit a replica
of it above the speech frequency band, by modulating
a suitable carrier frequency.

The second of these methods is unlikely to find any

application in the Post Office, but the former method
may be found justifiable in certain circumstances.

The Relative Positions on the Compressor Volume
Range Characteristic of Speech of a given level,
and of a Milliwalt of Steady Tone.

The effective range of instantaneous
power levels concerned in the trans- e

directly measured, in terms of steady state signals
(e.g- a sinusoidal tone), since on transient signals (of
which speech is entirely composed) the operating
time of the compressor is involved.

For instance, suppose a steady tone of — 10db.
relative to reference level is applied to the com-
pressor and is then suddenly decreased in level to
— 20db. Provided the decrease in level is main-
tained for a sufficient time to allow the compressor
to operate fully, the output level will change from
— 5db. to — 10db. Now suppose that the input
level is suddenly reduced by 10 db. for a short time
only, after which it is restored to its original value.
There will not be time for the compressor to reach a
new steady state condition, and consequently the
average output level during the interval in which the
input level is reduced, will decrease by more than
5db. and will approach the full 10 db. as the time
interval is progressively shortened.

It will therefore be seen that the compression law
of 2 : 1 for steady state signals will approach 1 : 1 for
those portions of the signal consisting of very rapid
changes in level.

A practical test is therefore required to determine
what steady state power level is equivalent in its
action upon the compressor to speech elements in a
given position in the speech volume range.

Suppose it were desired to compress the speech
volume range about, say, its mean level point. In
order that a compressor may be designed to achieve
this it is necessary to know at what steady state power
input the gain of the compressor is to be zero, i.e.,
it is necessary to know the reference level.

A method which can be used to evaluate, with
sufficient accuracy, the reference level required,
follows, and in this connection, consideration is
confined to speech transmitted and received on
commercial type instruments. It is found that speech
remains quite intelligible after compression of its
volume range, and its average volume can readily
be compared by ear with that of the normal speech.

The assumption is made that, if the mean levels in
the volume ranges of compressed and normal speech
are equal the two speech signals will appear equally
loud to the ear. The actual test consists in applying
speech of a known level relative to R.T.P., to the
input of a compressor unit which has a reference
level of, say, one milliwatt. The output from the
compressor is connected to an attenuator, which is

mission of speech is of the order of
40 db. This, of course, is independent
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of the level of the speech, relative to
Reference Telephonic Power (R.T.P.).
Assuming speech of a given level
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relative to R.T.P. it is necessary to be
able to design the compressor so that
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the reference level will be in a pre-
determined position with respect to the
range of levels occupied by the applied
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The reference level can, however,
only be designed for, or actually
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carrier ' was standardised for international circuits,
but with the important difference that upper side-
bands are to be transmitted, not lower sidebands as
in the systems in use by the Post Office at present.

Development had been proceeding with * upper
sideband "’ in some countries and * lower sideband *’
in others, and agreement could only be reached by
a concession which involved a change in direction in
development work or the development of special
terminal equipment for international circuits. There
was a similar situation in regard to the width of
frequency band to be allotted to each channel,
and here also agreement was reached by material
concessions.

The discussions at Oslo on wide-band systems
afforded a valuable opportunity for interchange of
information on coaxial systems, but it was clear
that the time was not ripe for agreement beyond
making the first step towards the formulation of an
international frequency allocation. It was agreed
that the group of 12 channels spaced at 4 kc/s,
standardised for non-loaded cable, should form the
starting point for any internationally agreed alloca-
tion and that such an allocation should be suited to
derivation from groups assembled between 12 and
60 kc/s (upper sidebands), and assembled from groups
between 60 and 108 kc/s (lower sidebands—for
systems employing crystal filters).

With the hard-won agreement as to 12-circuit
carrier systems in mind it was decided that a sub-
committee should meet in London in December,
and questions were formulated chiefly with a view to
arriving at an agreed frequency-allocation. It was
evident that, if the matter was left in abeyance
until the meeting in Lisbon in 1940, development in
coaxial systems might diverge with the result that
agreement might then be possible only at the cost of
serious concessions involving recasting of otherwise
entirely satisfactory designs of equipment. In
addition to this matter, questions concerning carrier
systems for loaded cables were remitted to the sub-
committee which was also asked to consider speci-
fying the characteristics of international circuits for
television.

The sub-committee was addressed by Sir George
Lec at its opening meeting on December 12th, 1938,
who, after welcoming the delegates, spoke of the
importance of the sub-committee’s work, referring
particularly to systems of wide-band telephony, and
wished success to the conference. The sub-com-
mittee comprised 58 representatives of Argentine,
Cuba, France, Germany, Great Britain, Holland,
Italy, Japan, Mexico, Rumania, U.S.A. and Uruguay.

Frequency Allocation.—Question No. 1 bis (con-
cerning the characteristics of wide-band systems of
telephony) was considered first. A series of pro-
positions of a general nature, formulated in the light
of the replies received from the various administra-

tions, formed the basis of a discussion which revealed -

not only the points upon which there was dis-
agreement but also the considerable field in which
the conference was in agreement. Several frequency
allocations were proposed and discussed, with the
blackboard in constant use. The crucial points by
which each proposed allocation was tested, were—

(@) ease of generation of the carrier frequencies
required for transfer of groups to the basic super-
group positions, and transfer of super-groups from
the basic to their final positions in the frequency
spectrum ; (b) the suitability of the allocation for
building up from the two basic 12-channel groups
recognised at Oslo, viz., 12-60 kc/s (upper sidebands)
and 60-108 kc/s (lower sidebands); and (c) the
suitability of the allocation for building up from the
two basic groups without using super-groups as an
intermediate step. These points will perhaps be
more clearly appreciated by consideration of the
frequency allocation finally adopted by the sub-
committee for recommendation to the 3rd C.R.

The frequency allocation finally agreed is a modifica-
tion of one described at Oslo by Dr. Osborne, of the
American Telephone and Telegraph Corporation.
In the discussions and expositions leading up to
acceptance of the single frequency allocation for all
systems, the most prominent participants were
perhaps  Professor  Kiipfmiiller (Germany and
Uruguay), Dr. Mayer (Germany), and Messrs.
Stanesby and Halsey (Great Britain), Mr. Halsey
suggesting the allocation which enabled unanimity
to be reached.
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Fig. 1 indicates diagrammatically the position of
channels in the two basic groups designated A and
B.  Where channels are assembled in position B
(using crystal filters) modulation of the group as a
whole with a carrier frequency of 120 ke/s and
subsequent selection of the lower side-band brings
the group into position A corresponding to the
frequency allocation agreed for international 12-circuit
carrier. This indicates the relationship of the two
basic group positions.
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Fig. 2, at the left, shows the two basic groups
according to the convention provisionally adopted by
the conference. The directions of the arrows represent
channels with the order of frequencies erect and
inverted in the groups A and B respectively. Nine
super-groups, comprising 5 groups, is shown in the
basic position on the right. Each arrow represents
12 channels and from their direction it will be seen
that a frequency inversion is involved in passing
from group B to the basic position of the super-
group, but not when the super-group is derived from
the basic group A.
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