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1. TFUNDAMENTALS OF FM

1.1 The Beginning of FM

It is well know that, in amplitude modulation, upper and lower
side-bands appear and a band-width of twice the modulated frequency
will be normally required. As the noise tends to increase with the
increase of band-width, in the initial stage of telecommunication,
frequency modulation was considered to be used for the object of
reducing the noise and secure as many as transmission channels as
possible to save the band-width.

Although, it was simply considered that, to attain the fore-
going objective, it would only be necessary to minimize the varia-
tion of frequency due to modulation. However, this is erroneous
as side-bands would be generated over a wider band than in ampli-
tude modulation, as logically clarified by Carson in 1922, As
later experiments indicated poor S/N ratio, the FM system was dis-
carded for a time,

It may be said that the development of the FM system we see
today was launched in 1936 when Armstrong put forth his wide-band
FM system and, proved that the §/N ratio could be improved by in-
creasing the frequency deviation. As the band-width increases with
increases with the increase of frequency deviation, FM can only be
used above the VHF bands due to frequency allocation reasons. How-
ever, with the advancement of VHF technology after the World War 2,
the usage of FM expanded to various fields.

The FM broadcast is considered to be a high fidelity broad-
cast, but the features of FM broadeast is in reducing interference
and improving the S/N ratio. The S$/N is of course an important
element of high fidelity broadeast, but the direct advantage of FM
is not because the frequency band is wide, but because it is in the
VHF band, and the frequency band can be cccupied wide! PFurther, in

amplification modulation, in case the degree of modulation exceeds

—_—1—-



100%, distortion will arise, but in case of FM, there is no such
boundary. The noise will be less and the availability of occupying
a wide dynamic range are considered to be the reason for high fide-

lity,

1.2 Logical Analysis of Frequency Modulation and Phase Modulation

Wave Forms

Let us consider thar high frequency current may be expressed
as follows.
i= I,sind (&) ‘ (1)
$(t) here is the electrical angle of time t
The instantaneous angular frequency w of this current and the

instantaneous frequency f may be expressed by the following

equation.

w = 2nf = 20 (2)

dt

On one hand, the instantaneous frequency of that modulated by voice

frequency f~ may be expressed by the following equation.
[ = f + fi cos2ufal (3)

fo is the carrier frequency when unmodulated and ft the frequency
deviation. '

Tf equations {(2) and (3) are combined, we have
-‘1% = ol fo+fie cos 2 fut ) (4)
[

Therefore:

6Ce) = [ 2n{h+h cos 2mfit }d,
f

m

Il

2’“’ fnl +

-, 5in 2m/al + g

UJot + mf sin LL)mt 4 (’IJO (5)



we = 2f s iy = 20/, mf: Modulation Index = » $ot Electrical

angle when t = 0.
As equation (5) is simple, we will delete $o and substitute in
equation (1),

Then: i = I, sin{lwgt + mf sin wnt } (6)

if the above equations are expanded by using Bessel's Functions,

they may be expressed as follows.

i = IQ[JO {mf) sin Wyt
+ I, (nf) {sin (wy + @yt - sinw - ) €}
+ 3, (wf)  {sin (W, + 2up)t + sin (w, - 2w )d

+ Ja(mf) {sin (wg + 3uplt - sin (W - 3wt}

+oaiiinnaen]

Here, J, (mf) is the "n'th Bessel Function of the First Order
corresponding to argument mf and possesses the figures shown in
Figure 1.

If.we refer to Figure 1 and equation (7), it will be noted
that the carrier frequency component of frequency modulation is not
constant but varies with the modulation index and, at times, it
will even disappear, A pair of upper and lower side-bands will be
formed as in AM modulation and, even when modulated with a single
frequency, a numerous of side-bands spaced equal to the modulation
Frequency will be generated as shown in Figure 2.

In this manner, the frequency spectrum the oretically has an
infinite width, but when the modulation index is smaller than 0.5,
the side-bands beyond the second ones will be so small that they
may be disregarded as shown in Figure 1, This means, that the band-
width may be considered to be practically the same as that of AM
modulation,

LE an FM side-band direct-viewing device is used, the side-band
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configuration may be viewed directly on the oscilloscope. If modu-
lation is then carried out with a constant frequency and, by vary-
ing the degree of modulation to obtain the extinction point of

carrier-wave or the side-bands, the modulation index can be obtained
by the following table,

Order of which

Amplitude drops J J J J J J
to Zero 0 ' ¢ 3 * s
First 2,405 | 3,832 | 5,135{ 6,379 | 7,586 | 8,780
Second 5,520 | 7,016 | 8,417 | 9,790 | 11,064 | 12,339
Third 8,654 |10,173 |11,620 {13,017 | 14,373 | 15,700
Fourth 11,792 |13,323 {14,796 [ 16,224 | 17,616 | 18,982
Fifth 14,931 | 16,470 117,790 | 19,410 { 20,827 | 22,220

Note 1. 1If the designated maximum frequency deviation of a cer-

tain transmitter dis Af, degree of modulation will be

M o=

af

The modulation index will therefore be

Af

mn

mf = kf
That is, the modulation index is in relation to the degree of
modulation and in inverse relation to the modulation frequency. 1In

some books, &f/f is taken as the modulation index.

Note 2, If the carrier-wave and side-waves take a negative value
in Pugures L and 2, this would indicate that the phase
will be reversal. But as a side-band direct-viewer shows
only the size, the entire spectrum is in the upward posi-
tion. Turther, if we consider only the size, the side-

band in equation (7) will be symmetrical in upward and

downward, position in relation to the center frequency.

—_5—



Next, if the electrical angle #(t) in phase-modulation is

expressed as
p(L) = wyt + mp sin (ot

and then substituted in equation (1), we will obtain the following

equation.

i = I sin {wpt + mp sin wpt}
Here, Wy = Modulation-index of phase-modulation = Phase shift
(radian)

This simply indicates that the modulation index mf is substituted
for My when compared with equation (6), and therefore, its arich-
matic expression is exactly the same as in frequency modulation,

Jo_

m

mf =

my Therefore: fi = fm m,

Namely, a phase modulation frequency of phase deviation my,
radian 1s equivalent to a frequency modulation wave of frequency
deviation (f X mp) C/S. In other words, phase modulation 1is
equivalent to a type of frequency modulation of which the frequency
deviation is in direct relation to the modulating frequency. There-
fore, by adding a network of which the output is in reverse relation
with the frequency, to a modulated signal ecircuilt, and provide
phase modulation to it, a genuine frequency modulation will be
obtained.

Let us next study about the frequency modulation wave expressed
in equation (7) by means of vectors. When the modulation index is
small, cut off the side-bands above the secondary order and, draw
a vector only of the carrier and primary side-band, then it will
become as Fig. 3(c). This vector resembles the vector (b) of
amplitude modulation waves, but as in case of frequency modulation,
the phase of the lower side-~band L and upper side-band U differs

180 degrees, the composition of the upper and lower side-band wave



will always become a vector of which the amplitude always varies at
right angles to the carrier
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Figure 3. Vectors of Mcdulated Waves
C: Carrier Wave L: Lower Side~Band U: Upper Side-Band
The composition of the right angle vector and carrier wave C

modulation of d¢

will shift ¢ phase from the carrier wave under no modulation.
ls, it will accept phase modulation as Fig

That

(d) as well as frequency
as shown in Fig. 3 (e)

It should be noted that
there is a 90 degree phase difference between phase modulatieon and

frequency modulation, as far as the modulation signal is concerned



1.3 Band Width Required for ¥requency Modulation Waves

it is said that the side-bands in frequency modulation spread
out infinitely, but, for practical purposes, it may be necessary
to consider only the bands that include the bulk of the energy,
The ratio of the side-band energy against the total energy, up to
the N'th wave, which is modulated with a single sine-wave, 1is

expressed as follows.

N
L lel (mf)
-N
A=—rT—— (1)
2
_E J3 {mf)
However, as it will become z Ji (mf) = 1 with the Bessel

Function equation, it will be indicated as follows,

N
A= L 3% ()
-N
According to Fusachika Miyata's ealculations, if a figure equal to
nf is used for N, A would be 0,95. 1In other words, 1f a band-
width of 2fi is taken, 95% of the energy will be transmitted.

The foregoing is a case of modulation with single sine-waves,
but if modulated with square waves, the transmission of energy of
this band will drop down to 80%. However, if modulated with square-
waves, and side-bands up to {m/f + 1) are accepted, 93% of the
energy will be included., Inclusion of side-bands up to {mf + 1)
order will be equal to use a band-width of 2(fi + f») and this is
considered to be the practical band-width.

As obvious from the Vessel Function curves in Figure 1, silde-
bands up to (mf + 1) order are less than approximately 0.13 and up
to (mf + 2) order, are less than 0.03, 1t may be surmised that side-
bands up to (mf + 1) order will be sufficient t.



{Calculation Examples)

Maximum Frequency Deviation &

it

75kHz

15kHz
Required Band Width B = 2(75 + 15)kHz = 180 kHz

Highest Modulation Frequency /a

Further, if we consider the primary side-bands only when
degree of modulation is low, it will become necessary to secure a
minimum band-width of 2f» regardless of the degree of modulation.
This will be of extreme importance when carrying out frequency
multiplication of modulated frequencies.

In frequency modulation, the modulation index mf 1s in inverse
relation to the modulation frequency, Therefore, as the frequency
of the modulation frequency increases, the mf decreases and automat-
ically restrains the expansion of side-bands and, if the maximum
frequency deviation af is a of a constant value, the band-width will
almost be constant,

In contrary to this, the disadvantage of this phase modulation
is that as the frequency deviation is in direct relation to the
modulation frequency, and the modulation frequency becomes higher,
the energy tends to be transferred to the higher side~bands and the
band-width will be expanding.

1.4 Improvement of Interference and Noise in Frequency Modulation

If an interference signal B of a frequency near a desired
signal A is interfering, the end of composite signal C will travel
along the circular path formed by beat angular frequency Pn' Since
an amplitude modulation receiver senses amplitude variation C at
this time, the interference ratio in amplitude modulation may be
expressed as B/A, providing B is greater than A.

On one hand, in frequency modulation receivers, the amplitude
limiter functions to limit amplitude variation C and thus senses

frequency variations only. Frequency variation C is a differentiation



of phase variations and will be as follows:

il

Wy =
n dt

Providing B is greater than A, phase will be
= = _._B_ in P.t
¢ = tanp = Ao sin Py

As a result, frequency modulation from interference will be as

follows:
d¢ B
w, = 7;? = ‘ET' u €os Pnt

However, as A itself is modulated by an optional modulation
frequency with a frequency deviation of wd/Z, the interference

ratio in frequency modulation will be as follows;

[(®n ] =2 . fo (1)
Wy A Wy

C_2Z5N
g Pn
]

A
.‘\‘ +

Figure 4., 1Interference

The improvement ratio will therefore be as follows.

Interference . _interference Ratio of Frequency Modulation
Tmprovement Ratio interference Ratio of Amplitude Modulation
B P,
= A U)d = Pn (7] P[L (12)
B g mf
A

mf = modulation index

—10~



If we now consider the maximum audible beat frequency as being 15
kHz and the maximum deviation at 100% modulation to be 75 kHz at
wq/ 2w, interference will be reduced to 1/5 according to this equa-
tion.

We will next explain the problem of noise. Although noilse is
distributed in a certain frequency band, if we consider only one
noise frequency, it will be the same as the previous interference.
One need merely integrate the results for the bands passed.

Although there are 2 types of nolse - impulsive noise and
fluctuation noise - in the case of impulsive noise, it will only be
necessary to integrate on the assumption that all of the noise
elements will be of equal phase at a certain time ¢t = ty. Also,
as noise actually becomes a problem within the audible frequency
range at the output of the receiver, we need consider only that
portion below maximum value Pyay of the audible frequency. If we
now carry out integration of noise withln this range, the amplitude
modulation noise area will be (-%— X Ppax) as shown in Figure 5,
since B/A is unrelated to P, in the case of amplitude modulation.

Mext, in the case of frequency modulation, as may be discerned
from the previous interference ratio equation, since it will be B/A
when P, - wy and will be in direct ratio with P, it will possess
characteristics of the triangular noilse spectrum as illustrated by
line b in the same Figure. As in the case of amplitude modulation,
it will also only be necessary to consider integration up to the

maximum audible [requency value P pax.

3]

Tl

AM

¥ei
!!l'.“

U Pmax P wnl
1

Figure 5. AM and FM Noise Characteristics



The noise area in frequency modulation will then be

(%= % Pax) * E: * 1/3

The noise voltage ratio in the case of impulsive noise may be
expressed as follows,

Frequency Modulation Noise
Amplitude Modulation Noise

Voltage Ratio of Impulsive Noise =

-1, Mmex o L (13)
g 2mf
Here, mf = deviation ratio

_ Maximum Frequency Deviation
Maximum Modulation Frequency

In fluctuation noises, all of the components are not of equal
phase but are calculated in the form of \VézdPn. In other words,
in amplitude modulation, it will be as follaﬁs:

‘Pmax ._B_ 2
V-/c! ( A ) dPn

/ Pmah
[ Py (14)

In frequency modulation it will be as f£ollows:

Prax B n
/] (4 ) dP,
V/ j‘Pmax P, 2 dp,

R:}

]

NA

i
| e

I
>|m

i}

NI

A
_ 1 V/ max
Wy
V3 A g



Therefore, the voltage ratio of fluctuation noise will be

N _ 1 Ppay
S S
ﬁ ' mfo (16)

As these forms of noise are typical cases of both extremes, in the
case of general noise, the improvements in S/N ratic of frequency
modulation over that of amplitude modulation will be the inter-
mediate voltage ratio value of l/(Vﬁs‘% 2Y mfy . The ratio between
the S/N ratia (FM) in frequency modulation and the S5/N ratio (AM)
in amplitude modulation is called the "frequency modulation wide-
band /N gain'" and the noise considered here is fluctuation noise.

With degree of modulation as 1 in amplitude modulation and
taking the maximum frequency deviation Ay/2m of one half the
intermediate frequency band-width B in frequency modulaticn and,
moreover, with degree of modulation kf at maximum of 1, the signal
ratio will be

Frequency modulation signal
Amplitude modulation signal

The wide-band S/N gain of frequency modulation will therefore be

expreésed as follows.

A
Com .t VT8 Lga, an
(S/NY o Prax 2 Prax

Due to rhe above relations, S/N pain will increase in the frequency

modulation system.
(calculation Examples)

Maximum Frequency Deviation #f = 75kHz
Maximum Modulation Frequency Jf» = 15kHz

—~13—



Deviation Ratio mph = -2%' =5

5 V3 = 8.67

18.8dB

i

Wide Band S/N Gain

n

1.5 Limit of S$/N Improvement in Frequency Modulation

Frequency modulation is affected less by interference and
noise than amplitude modulation, this is true only when A is
greater than B, TIf B is equal to A or when A becomes greater than
B, the phase variation of composite waves C or C' will generate
extrenely large frequency modulation, as shown in Figure 6, and
noise output will increase,

As a result, in case of frequency modulation, when the inter-
ferring or noise signal B is cousiderably smaller than the desired
signal A, it would be effective. It B approaches A, the effect
will decrease, and when A = B, the degree of improvement will be
reverse., This point is called the S/N improvement threshold.

When the peak value of the signal voltage A and noise voltage B
are equal, this 1s said to be in relation to the detector input of
receiver sets, and there is a slight difference in regard to input

of antenna, namely the receiver.

Figure 6. When interference is strong



Speaking about noilse, as in frequency modulation receivers,

1f it has a wide 280(%w = max. angular frequency deviation) band-

width, a preater number of noise spectrums will enter the detector

than in case of 2 Py (Ppay = angular modulacion frequency) of a
amplitude modulation receiver.

As the band-width is wide in a frequency modulation receiver,
the peak value of noise at the detector input is greater than that
in amplitude modulation. In the case of fluctuation noises, the
extent of this difference {s in proportion to the sguare root of
the band-width and in the case of impulse noises, it is in direct
ratico with the band-width. Nevertheless, as the band-width in
Frequency modulation is 28y and the band-width in amplitude modu-
lation is 2 Ppay, the peak value of fluctuation noise in frequency
modulation will be Vr357§;;; = VﬁEE" times that in amplitude
modulation, and Aw/Pmax = mfo times for impulse noise.

Therefore, when the noise portion of the S§/N ratio at the in-
put of the receiver is multiplied by this multiplying factor, A = B
will be the point where the product is 1 and this will be the S/X
improvement threshold.

In the case of fluctuation noises, therefore, the improvement
threshold will be the point where the §/N ratio at the receiver
input is J;T:", and where the §/N ratio at the receiver input is
mfo For impulse noises. That is, rhe larger the deviation ratio
mfs, the greater must be the signal (carrier wave) at the S/N im-
provement threshold. As may be discerned from the foregoing rela-
tions, when mfs = 1, since there are no corrections in the noise
improvement threshold, $/N is continually being improved to a greater
extent in frequency modulation than in amplitude modulation as shown
in the same diagram. The degree of improvement is JTT&A in the
case of fluctuation noises and 2 mfs in the case of impulse noises,
with mfe equalling 1. The improvement is very slight with “fix =5
dB and 2X = 6 dB respectively.



When mfe increases and becomes wfo = 4, as shown in the same
diagram, trhe wide band S/N gain will increase to JT?Hmn = JTSX
4 times = 17 dB, orZmfo=2 X { times=18dB when the S/N ratioc at the re-
ceiver input is large. However, as S/N ratio vﬁﬁﬁf (for fluctuation

noise) at the receiver input is the 5/N improvement threshold, as is

mf. for impulse noises, output S§/N will become poorer than in
amplitude modulation 1f the input S/N drops below this thresheld.
That is, when wmfe = 4,

the input S/N is [uf, = 2

= &dB in relation to fluctu- 60
diB3
Bli]

ation noises and over mfs =

4 = 12dB for impulse noises

and, as may be discerned from A0 =N

the diagram, the output $/N 30

|

is improved rather than the

{nput S/N. The following

Noise improve-

/ T
0 |- 'F__ - FFluctuation ! ment Threshold
dr

Reeciver output S/N ratio

facts are revealed from these

1. I

results. When sufficiently []EMAHj 20 30 404B

high outpur S/N is desired 12dB< Receiver input S/N ratio
such as in broadcasting, it

will be desirable to have

maximum deviation factor pro- Figure 7. S/N Improvement
viding the input S/N is above Threshold

the improvement threshold,

However, for portable transmission ete, where maximum dis-
range is desirable even at the expense of some quality, output,
and S/N, it would be desirable that the deviation factor be near

the value mfo = 1,



1.6 Pre-emphasis and De~emphasis

Although S/N is improved by wide-band $/N gain ¢G; me in FM,
as may be seen from the noise spectrum in the input in Figure 5,
nolse increases in relation to the frequency and the S/N ratio be-
comes poor in the high frequency ranges.

Transmlssion by first emphasizing modulation in the high bands
to prevent this is called pre-emphasis and the function in the
recelver to de-emphasize the high-~band with completely opposite
characteristics is called de-emphasis.

The overall transmigsion and receiving signals are given flat
characteristics by this operation, but as noise decreases equal to
the amount of de-emphasis, the cverall S/N ration is improved.

Further, as energy distribution is low in the high frequency
component of the signal, there will be no fear of over-modulation
when pre-emphasis is applied.

Pre~emphasis frequency characteristics may be expressed as

v 1+ (ur)? (18)

Here, 7: Time constant of pre-emphasis

follows.

The time canstant of pre-emphasis in FM broadcasts is designated as
50 us and its characteristics are shown in Figure 26. Straight
line "b" in Figure 8 indicates noise distribution in the output of

P
the FM detector and its size is %% L oas previously explained,

w
d
Curve "¢ indicates de-emphasized noise distribution and its size is
p

Pn 1

B N N—

—_ . . = 19

A Wy [ 1+ (rP) (19)
If we calculate ,//' e2 dP,, of noise, we have

)
2T
NF (de-emphasis) =-—r * = 1L+ (P )

dP,
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Figure 8. §$/N Improvement by De-emphasis

If we compare this to noise output equation (15) without de-

emphasis,
Np (without de-emphasis)
Ng (with de-emphasis)

Noise improvement by de-emphasis =

erax . erax
— T
fj‘ tPpax — tan~ erax

r= 50 x 10 65

= 2% % 15 X 103]

[}

3.22 times {
ma

i}

10.2 dB.

In other words, the S/N ratio is improved by 29 dB with the addition
of wide~band S5/N improvement of 18.8 dB.

1.7 Distortion in Fregquency Modulation

Although distortion occcurs in amplitude modulation systems
due to non~linearity of vacuum tubes ete., in frequency modulation,
the signal is not transmitted by means of amplitude and non-line-
arity in the circuit is eliminated by waintaining the amplitude at
a fixed value by means of a limiter. However, distortion will
occur when phase characteristies are not linear even if the trans-

mission circult is linear and, this cype 6f distortion 1s called



linear distortion. When the relation between angular frequency W

and the phase angle of the transmission line is shown as in figure
r= 40

dw
indicates the time-lag of the wave-form in the frequency element in

this vicinicy.

g, the first differential of the phase characteristics

Therefore, if the phase characteristics are linear
within this band as shown in Figure 9(a), the time-lag will be
counstant as in Flgure 9(b).

This means that, as all of the side bands within this band are
equally delayed, the entire composite wave form is delayed and the

wave form shows that distortion will not be generated by itself.

- ’
L ’
r
b / ¢ ,/—/
. -
. i @
{z) Phase Characteristics {c) Phase Characteristics
I"
. - t t
() Fiesy Differential Wl Fiest Differential
— Time lag —Time lag
kY
\
\/ (1Y)

e} Second Differntial — istartion

Figure 9. Linear Distortion

Mext, as differences in time lag will exist due to the frequen-
cy when the phase characteristics are bent within the band as in
Figure 9(c), some of the side-bands arrive early while others arrive
late, Tt may therefore be agsumed that signals obtained by compos-
ing and demodulating these frequencies willl be different from the
original. The second differential values of the phase character-

{stics as shown in Figure 9{e) will be the measure expressing the
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|
distortion. The amplitude characteristics and phase characteristicsi
of electrical circults are closely related as may be evidenced by ;

istics is positive, phase is delayed and, when negative, phase is i

the fact that, when the inclination of the amplitude character-

advanced. (Refer study material Radio Engineering (A) Volume 6
"Radio Broadcasting Transmitters" Section 4.5). It will there-
fore be desirable to make the amplitude characteristlcs within the
band as flat as possible to maintain good phase characteristics.
As non-linear distortion tends to ccecur near the edges of the
band-pass range of tuned circuits in FM, it will be necessary to
have sufficiently wide band width as distortion will be compounded
when passing through many tuned circuits. Alse, if the character-
istics of the discriminator in the receiver does not have a suffici-
ently wide linear range, linear distortion will tend to occur.
Special importance is attached to linear distortion in multiplex

conmmunication as this will be the cause of crosstalk,

1.8 Multiplicaticn and Frequency Conversion in Frequency Modulated

Waves

(1) Expressing frequency modulated waves up to their peak phase

as
i = Iosin(mot + mf sinwpt + ¢0) {(21)

if this is multiplied "m'" times, it will be

n

I'osinm(mot + mfsinwgt + (po) (22)

1

1 ']
L' sin my t + momf sing t + mg,)

This equation reveals that, when multiplied "m" times, not only is
the frequency multiplied "m" times.

(2) If we mix an oscillation frequency of I, cos w b to the
frequency modulated wave obtained in equation (21) and Frequency

conversion carried out, it may be expressed as follows,
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o= 1051n(w0t + mfsinugt + ¢0) 'Ilcoswlt

I

I .
_.h__.;_i [ sin {(w, + w))e + mfsin Wt + )
+ sin | (Luo - w )t + mfsin wt + (poi ] (23)

That is, when frequency conversion is carried out, 2 frequency
modulated carrier waves are generated -~ one being the sum of the
frequency modulated wave and the added frequency and the other the
difference between these two. The modulation Index and phase

angle however, remain unchanged.

The foregolng phenomencn 1s frequently applied to actual trans-
mitters and receivers,



2. STEREQPHONIC BROADCASTS

2.1 The History of Stereophonie Broadcasts

When one listens to an orchestra in a music hall, one senses
expansion of the sound source, spatial separation and harmony in
addition to the high and low, strong and weak and tone quality of
the sound. In other words, one has the sense of presence. How-
ever, even with todays high level transmisailon reproduction tech-
nigue one cannot sense expansion in sound source, spatial separa-
tion etc. as all sound emerges from speakers in monophonic systems,
One therefore does not have the sense of presence as when at a
music hall,

Stereo sound was therefore developed for further high level
transmission of sound in an effort to break this monophonic barrier.

This however, was not a recent discovery but has a fairly old
history.

It is said that stereo was first developed when Edison invented
the gramophone in 1881 and carrvied ocut a public test at the Paris
Opera House with a 2-circuit stereo reproducer using a right and
left veceiver head~set, Although no special advancement in stereo
technique was noted for the next 50 years, A.D. Blumenlein carried
out researches in 1929 on a 2-circuit stereo sound system employ-
ing 2 microphones and 2 speakers; and in 1934, announced the method
of recording left and right stereo signals in a single groove of
the record. Full scale research on sterec sound commenced from
this year with Bell Company of America also conducting experiments
on 3-circuit stereo systems.

Physiological and psychological research on binaural hearing
became very popular from about this time.

In the broadcasting world on one hand, interest heightened on
ever better sound quality with the popularization of radio broad-

casts. E.H. Armstrong, the advocate of FM broadcasting, conducted



experiments in stereo broadcasting in 1938 using an FM multiplex
modulation system with left and right signals. However, it was not
until after the second world war that full scale movement was made
in this respect.

After the war, the practical application of stereo sound grew
sharply with the growth of tape-recording and the advancement of
record pressing technique. Stimulated by this situwation, the broad-
casting world evoked the response of the public with France carry-
ing out experimental broadcasting of medium wave 2-wave systems in
1950 and America and Japan following in 1952. 1In December of 1952,
Japan Broadcasting Corporation commenced experimental broadcasts
on its No. 1 and No. 2 medlum wave network and started regular
broadcasts from November of 1954,

With advancements in stereo transmission technique, the true
value of TM hi-fidelity broadcasts was subsequently widely recog-
nized and research was promoted on compatible single-wave FM stereo
broadcasting systems. In 1953 M.G. Crosby introduced the sum and
difference system and in 1957, stereo recording in single grooves
was standardized. .The tendency in the broadcasting world was to-
wards standardizing stereo broadecasting systems and in 1959, CCIR
decided on a compatible stereo broadcasting system as their research
problem, (Refer supplement 1.)

From 1958, the FCC conducted surveys of stereo broadcasting in
America and solicited data from the various persons concerned. In
response to this the Electronics Induscrial Association formed the
National Stereophonic Radio Committee, NSRC, which carried out ex-
periments on various systems and reported the results to the FCC.
Based on the data submitted, the FCC established a stereo broad-
casting system in April of 1961 and the world's first FM stereo
broadcasting station was born the following year, (Refer Supple-
ment IT(3)).

On one hand, research was commenced on the single wave stereo



broadcasting system in Japan, at about the time that the Japan
Broadcasting Corporation commenced experimental FM broadcasts in
1957. Subsequently, in 1961 the Radio Technical Deliberation
Council received a request from the Minister of Posts and Communi-
cations to designate a standard stereo broadcasting system and
technical standards. In response te this request, various experi-

mental studies were carried out with the cocperation of the organ-

izations concerned and in June of 1963 the results were consolidated

and a report submitted on a standard stereophonic broadcasting
system, Based on this report necessary laws and regulations were
enacted and amended in 1968, It was also in 1968 that a poliey
was decided on iIn Japan to reorganize sound broadcasting and,

regular FM broadcasting commenced at that time.

2.2 TFundamentals of Stereophonic Sound

2.2.1 Feature of Stereophonic Sound
It is said that the purpose of stereophonic sound is in
realizing the sense of presence that could not be satisfactorily
realized with the conventional monophonic reproductions.

According to research results on the elements from which this
sense of presence could be reallized, it was determined that this
could be divided into the effect of directivity and the sense of
reverberation. It is said that, 1f suitable amounts of these two
elements are included, the sense of presence may be realized,

To analyze the effects of stereo phonic sound systems it will
therefore be necessary to first know-how the directivity of the
sound and its reverberation are being reproduced.. Physically, the
basis of the entire system 1s in first knowlng how the sound from

a sound source of a certain direction is belng reproduced.

2.2.2 Positlion and Sense of Sound
If we consider the function of orientation of those of us who

have normally experienced sound in natural surroundings, the sound
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source position is determined by first determining the horizontal

and vertical direction from which the sound 1s heard and also the
distance.

Orientation Corresponding physical volume

Distance Direct sound strength, curvature of
wave front Ratio between direct and
dispersed sound, difference in tone
quality

Direction

Direction of advancement of direct

sound wave front

(a) Sensation of distance

Although the sensation of distance to the sound source is not
very accurate, it is considered fairly accurate if within approxi-
mately 1 meter. Although the sound source is actually at a distance
in most cases, in these cases it is believed that a good part of
the sound heard is reflected sound and that distance is judged by

comparing the strength and sound quality with those memorized from

past experience,

(b) Sensation of direction in the vertical plane
Considering the position of the ears, it may be easily imagined
that the sense of direction in the vertical plane is poorer than
that in the horizontal plane. However, our ability to actually
differentiate these te a certain extent is believed to be due to
the fact that an overall judgement is being made based on minute
changes in sound quality resulting from diffraction effects of the

body and from the reflections from the ground or floor.

(¢) Sensation of direction in the horizontal plane

In relation to sensation of direction in the horizontal plane,
considerably detailed measurements have been made and research is
also being advanced. Although the physical mass carrying informa-

tion as to the direction of the sound from a certain sound source



is in the direction of the advancing wave front, the mechanics by
which we receive these may be considered the difference in time and
strength at which these wave fronts reach our ears.

However, it has still not been determined as to what the re-
lation is between these two methods and the sense of direction of
advancement of the wave front. Calculations and measurements have,
however, been made on the relation between the direction and differ-
ence in arrival time from the sound source, and the difference in

sound pressure between the two ears,

(i) Time difference in arrival

As shown in Figure 2.2.1, if the portion above the neck, that
is the head, is considered to be a cylinder with a radius of “a”
cm and with its center as "0"; and if we consider the ears to be
located at the ends of the diameter, calculations may be made of
the time difference in arrival to both ears of horizontal plane
waves from a direction a® from the front of the face.

If “¢” is the velocity of sound, the time difference of the
waves reaching both ears will be as follows,

T
180

At = a a+ sin™ ) / ¢

1f calculation is made with the diameter of the head as 2lem, it
will be as shown in Figure 2.2.2,

1071 Scconds

‘ /

Direction of Sound Source

At 4 /// 3
g q,,/r, ™,
0 30 60 a0 120 150 180 Degree
a
Figure 2.2.2
Figure 2.,2.1 Relation between At and «
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(i1) Difference in strength

Due to diffraction around the heaﬁ, the sound pressure at both
ears carry different values according to the direction of arrival
of the sound waves. Since this sound pressure difference is due to
diffraction, it will differ according to the sound frequency., In
the low sound ranges where the wave lengths are long compared to
the diameter of the head, there is practically no difference in
sound pressure between the ears, for the sound arriving from any
direction whereas a difference of approximately 10 4B may be per-
cepted in relation to the short wave lengths in the high sound
range,

Fig. 2.2.3 shows the relations between the direction of speaker
and difference in average sound pressure level at both ears, when
speakers, volce arrives from various directions in the horizontal
plane.

Figure 2.2.4 shows the relations between the direction of
arrival of pure sound of various frequencies and difference in

sound pressure level at both ears.

idB)

Sound level difference

at both ears

0 20 Gtk a0 120 150 16811

Direction a of sound source Langle from the front}

Figure 2.2.3 Direction of the speaker and difference

of sound strength level at both ears
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Figure 2,2.4 Direction of pure sound-source within

horizontal plane (degrees) (Silvian and white)

(iii) Accuracy of direction orientation

Much research has been made in relation to the accuracy of
direction orientation within the horizontal plane. Of these,
according to Mill's research, the difference limen of direction
orientation within the horizontal plane is related to the direction
of the sound source and the sound frequency; and 1f the sound source
is at the front and the lowest sound emitted is 500 to 700Hz, an
approximate 1° change may be sensed.

When the sound source shifted from the front to the side and
appreoached a positlon directly to the side, the difference limen
increased sharply and measurements were not pessible at this posi-

tion.



For a certain Eixed direction of sound source, the difference
limen of direction will be minimum at 250 ~ 1,000 Hz, and, increase
gradually and, between 1,000 % 1,500 Hz, it will increase sharply
to the maximum value. It will decrease again to the minimum value
between 3,000% 6,000 Hz and, increase to the second maximum value
at about 8,000 Hz.

Judgement of the direction will be very inaccurate and above

3,000 Hz a slight concha effect will appear.

1 ; l ] ] 1
. 0011« -4
1,000Hz
8~ o aMeasured value
o il T TT 7 ] ‘
533 _ ) 6l o % :Measured Value
2 6 ',' Sound Sauree: Small Harn Speaker
- N " oo »
P ] ¥ 5
o -
g ;l _l‘__,,_. gc | —— e S ‘I Q
o { o .
k: i = /\ 5 A
% 3 v "i\ 3
% .o @
P e TR g T 3 g yj »
pie & x| ®
4..42.,-- ol | 1 - .__:""T:}--—;L)fo Q g % } >i7
0 l {0 5 ) .
0 30 60 80 w4 6 81K 2 4 6 810K
Direction of sound source Frequency (]z)
(deify from [ront of [aeelidepree)
Figure 2.2.5{(a) Direction of Figure 2,2.5(b) TFrequency (Hz)

sound source (drifc from
front of face) (Degree)
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Figure 2.2.5(c) Accuracy of directional orientation within
a horizontal plane (Mills)

2.2.3 2-Circuit Stereophonic Sound Field (1)

(1) Teatures of a 2-circuit stereophonic sound field

Let us make a rough comparison between a natural sound field
and a man-made stereophonic sound field. Figure 2.2.6 shows a *
natural sound field in which the sound source 1s advancing towards
the listener.

The first portion of the sound reaches the right ear first and
then the left ear. It is in tranmsient condition during this inter-
val followed by sound waves passing in successive order.

On one hand, if microphones were placed at the position of
both ears and their output reproduced by left and right speakers

respectively, it may be congidered that the results would be as
shown in Figure 2,2.7,
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As the “actual sound source” is the left and right speakers,
the sound field is created by the 2 progressive sound waves from
the speakers as illustrated in the diagram.

Although it will be necessary to pay close attention to the
fact that the transient conditions near the sound build-up-time in
stereophonic sound fields is greatly different from that in the
sound fields we normally experience. At present, it is not clear
as to the influence this transient condition has on the sensation
of direction., However, as with regard to the quasi-stationary
condition of the bulk of the scund source, excluding the sound
build-up portion, it will only be necessary to consider the already
overlapped condition of the waves from the speakers. Therefore,
the nature of the stereo sound field may be clarified by studying
the progressive condition of the composite wave front while taking

into consideration the foregoing transient condition,

St

1S i"‘" - (h_ R

/3
— ——

My 07 T,
l—-'(lm""dm "]

1

Figure 2.2.8(a) Sound Source Figure 2.2.8(b) Listener Side
Side

1f, in the above diagrams
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d
B =1+ 2 cog0
Ty
Rl - R2 £
= dm cosf + =
b 2t ok
€: Phase difference between the left and right circuits
k: Wave length constant k =-J%¥; d: Sound Velocity
T

¢ Direction sensitivity ratioc of both microphones

1+ cos(0 - #,)
1 - cos(6 + 7,)

With undirectional cardioid microphones. The direction of
progress of the composite waves may then be calculated from the

following equations. {(H) here is the counter-clock-wise angle as

viewed from the front of the "X" axis.

2 2np2
by e 1y & 4 & BY 42 P (cos?ké - sin ko)
2R, R, R} R L &y
tanf =
. 2 L2p2
1; (ErdL | x-duy {Ot_+5%+ 268 (cos?kp - singko )}
2
Ry R, R, R, R Ry
20Bry . 1 1 ky 1 1 o YR
- - 2= (—2 4 (—2
R1R, ( R} Ri)Sin ky cosky:+73 ( Ry Rz){(R1) 4-(R2) : (2.1
zaBYk xpd1, ,r-.dL k .t’+dL .r—dL )

=, 2CL o Y8 |
RIRZ R;;_ "Ri )sinkd cos k¢+2( Rl - Rz ){(RI)Z_,‘_(R—I)A}

Equation 2,1 is the wave length time constant k' or, in
other words, is the function of the sound source frequency. This
means that, when the sound source frequency varies, the direction
of orientation changes.

In natural sound fields, one does not sense any movement in
the sound source despite changes in the sound source frequency.

This type of abnormality may arise in 2~circuit stereo sound
fields. However, if the conditions sin kd = k¢, coskg= 1 may be

considered



k¢ = kdm cos® + k-Ei*%—EE + —%— < 1 (2.2}
orientation will no longer be changed by the frequency as the
portion relating to k in equation (2.1) will disappear.

Under the assumption that the special conditions in equation
(2.2) are met and the listener listens to 2 speakers from a position
(Rl = R,, ¥ = 0) equidistant from the speakers and using a coaxial
microphone (dm = 0) under sound recording conditions, and moreover,
with no phase difference between the two clrcuits (g = 0), equation
(2.1) will become

-1 y(l‘f‘)’)

© = tan (=7 (2.3)

and will become unrelated to frequency.

(3) Relation between sound orientation and level and phase

difference between the channels.

Considering recording conditions with microphone spacing at
zero for the symmetrical listening positions on the 'Y' axis. Also,
substituting Bs = W/ — 6 and expressing the vight side as positive
and the left as negative with the direction of the sound positioned

at the front at 0%, it will be as follows.

%%E sine + (L - v%)
tan O_= —2 tan 8, 2.4
® 14 2r cose + 7° (2.4)
4
tan @, 2L and 8, is one half the predicted angle of the

left and right speakers from the listening position,

(1) When no phase difference exists
The calculated results of the relation between ¥ and GS in

Figure 2.2.9 are shown in Figure 2.2.10 as measured values,
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(i1) When phase difference exists

C c
ey < {(r> 1), TR £ » (v <1)
tan 6, = 1-7° s
S 1+27 cose + 72 tan U, (2.5)

As an example, if calculations are made with the left and
right speakers and the listening position at the tips of an

equalateral triangle, it would appear as in Figure 2.2,11.
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Figure 2.2.11 Direction of acoustic image and difference
in level and phase

When frequency decreases. 0Og will be influenced by advances
and delays in phase and the resulting deviations are shown in

Figure 2.2.12.
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Theoretical and measured values under various conditlons are

shown in Figure 2,2.13 and it may be noted that they are well

matched.
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2.2.4 Stereo Effects and Sound Parameters Pecullar to Stereo (1)

(1) Crosstalk

When crosstalk is caused between left and right channels, the
sound stage {(range of distribution of the apparent sound source in
stereo reproduction) is narrowed and stereo effects diminished.

According to test results of detection limits (Figures 2.2,14
and 2.2,15) when crosstalk is applied between channels, practically
none could be detected with crosstalk under -30dB. If the cross-
talk is under -20dB, it would be satisfactorily for stereophonic

broadcast.
9g9L 99
-\QE 951 '_SE 95
g 90r M
2] - Q
gy g Lol
k= 10‘ B 70
%50: 5:050“
T aof E 30
g r e
210 2 107
5L 5F /
H A ) ] 1 i L J 1 1 1 1 1 1
0 —4 —8 —12—-16-20—24—28 0 —4 —8 —12—-16—20 —24 —28
Amount of crosstalk (dB) ; Amount of crossialk {(dB)
Figure 2.2.14 Figure 2,2.15
The percentage of difference The percentage of difference
detected with and without detected with crosstalk of
crosstalk (NHK) 0 dB and less chan 0 dB (NHK)

(2) Difference in level between channels

When differences in levels develop between channels, the
position of the acoustic image moves and the stereo effects of the
sound source are obstructed, Although from the results of level

fluctuation between channels in Figures 2.2,16 and 2.2.17, a target



value within 0.5 dB should be considered. Since the detection

limit will naturally be a high value when level fluctuarions arise
gradually, in practice, the standard value may be set slightly

higher than the above value.

(3) Phase and time difference between channels
When phase and time differences develop between channels, not
only will the normal direction of the acoustic image change but

the acoustic image will be Fflurred and one may sense changes in
tone qualicy.

As shown in Figure 2.2.18, there is practically no variations

in the normal directien up to a phase difference of about 30° but

will increase sharply above 90°. Time differences of about 250 us

is permitted.

Direction of acoustic image

l2'|-
10} o] [
. — =]
e 23
- L
6 I EEE N
A" \ fa / 52 [‘ Ve
{ .,Ll 8% o N\ 2
2%, /i\Lislcning position g_g \T'*"’
. Il 1 L1 L . 0’ .
S I S B R 2003 5 7100 2 4 5 7 100
Level dilference between channels {(di3} Frequency {(Hz)
Fipure 2.2.16 Figure 2,2.17
Relation between level Detection Limits of vardation
difference between channels in left and right directions
and direction of acoustic of sound source at front (Mills)
image (According to Makita's
formula)
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Figure 2.2.18 Phase difference between channels and
direction of acoustic image
(From Makita's formula)

Table 2.2.1 Standards of phase difference between channels

(E.B.U.)

Detection Limit Permitted TLimit

Phase Phase
Frequency (Hz) DifEerence Frequency (Hz) Difference

50 90° 50 90°
200 3p° 200 45°
3,750 30° 2,500 45°
15,000 9Q° 10,000 a9p°
15,000 90°

2.3 Stereo Broadcasting Modes

2.3.1 Conditions for Stereo-Type FM Broadcasts
As stereo sound signals are composed of a left and right
signals, as a rule, the transmission of these signals require two

separate transmission circuits.



However, since the usage of 2 radio waves is not desirable
from the standpoint of utilization of radio waves, 1t will be
necessary to use a single radio wave.

When stereo type FM broadcasts are to be made, a system
satlisfying the following conditions will be desirable,

(1) To be compatible with monophonic broadcasts

Compatibility means trouble-free monophonlc reception of
stereophonic broadcast waves, involving problems of sound
quality and coverage area.

(2) Satisfactory sound quality to be obtained in both mono-

phonlc and stereophonic broadecasts.

(3) The difference in coverage area of monophonic and stereo-

phoniec broadcasting should be minimal.

{(4) To be a system that can be popularized at prices approxi-

mately the same as for monophonic receivers,

(5} To be a system with internatlonal applicability.

2.3.2 Various Types of Stereophonic Broadcast Systems
If the types of sipnals are classified from an acoustical

standpoint, they would be as follows.

(1) Sum and Difference Systems

In this system, the sum of the left (L) and right (R) signal
M (L + R) and, the difference signal § (L - R) are xespectively
transmitted.

If these sums and differences are formed at the receiver side,
they will be M + S = 2L and M - 5§ = 2R, and left and right signals
R and L will be obtained.

(2) Left-right changeover system

This is a system in which the left and right stereophonie
signals are switched over alternately and transmitted on a single
circuit. The receiver side is synchronized with the transmitter

signal changeover and thus produces the left and right signals.
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If the higher portion of these changeover waves are disregarded,
this system would actually be no different from the sum and differ-

ence system.

(3) Directional signal system

In addition to signal M, which is the sum of the stereo
signals, a signal carrying information relative to the direction of
the sound source is also transmitted. Signal M is controlled in
the receiver by the directional signal, so outputs equal to the
left and right signals are secured.

Although the Percival and Enkel systems are available, they
are both based on the stereophonic signal envelope. These systems
are ideal transmission systems as their directional signal band
width is in the neighborhood of 2 to 300Hz but they have not come
into practical use due to a serious drawback in theilr reproduced
stereo effects.

If classified from the standpoint of the system of modulation,
they would be as follows,

( Frequency Division FM - FM System
System Dual side bands

AM - FM System Carrier wave
suppression

8ingle side band

| Time Division System PAM - FM System

The stereophonic broadcasting systems suggested so far are
shown in Table 2,3.1. '
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2.4 Technical Standards of Stereophonic Broadcasting

2.4,1 Standard System of Transmission
(1) Definition of the terms

A, Main channel signal for stereophonic use
Refers to the sum of the left and right signals.

B. Subchannel signals for stereophonic use
This is the difference between the left and right
signals and refers to the side-band generated by
carrying out carrier wave suppression amplitude modu-
lation on the stereophonic subcarrier wave,

C. Pilot Signal
Refers to the control signal transmitted to enable

receipt of stereophonic broadcasts.

{2) tModulation Signal
Composed of the stereophonic main channel signal, stereo-
phonic subchannel signal and the pilot signal, and is
structured according to the following related equations,
A= M+S5+P
M=L+R
5 = (L - R)sin wt

]

P=Psin(Gc +0)
A: Signal voltage of main-carrier modulation
M: Signal voltage of main-channel
S: Signal voltage of subchannel
P: Pilot signal voltage
L: Left signal voltage
R: Right signal voltage
w: 27 X subcarrier-frequency
p:  Voltage amplitude of pilot signal
8: Phase of pilot signal
Time



Frequency arrangements of modulated signals for stereophonic

broadcasts are as shown in Figure 2.4.1.

(3)

(4)
(5)

(6)

2.4,2

(1

(2)

(3)

Main channel Subehanne)
—_ - 5
5 g2
n b
gl | E
= a2 !
o I 1l
0 151923 38 h3

Frequency (kliz)

, Figure 2.4.1

The frequency of the stereophonic subcarrier wave shall be
38kHz.

The phase of the pilot signal shall be 0°,

Maximum percentage of modulation

The maximum percentage of modulation only by the left (or
right) signal for the stereo main channel and subchannel
signals shall be 45%, The pilot signal modulation shall
be 10% at this time.

Pre-emphasis

Pre-emphasis with a time constant of 50u#s shall be applied
to the left and right signals or to the sum and difference

of these signals.
Stereo Broadcasting Transmission Characteristies

The permissible deviation of the pilot signal frequency
shall be *2Hz.

The permissible deviation of the pilot signal phase shall
be £5°,

The permissible percentage of modulation of the pilet

signal shall be over 87 but under 10%.

— T



(4>

(5

(6)

The permissible percentage of modulation by the residual
portion of the stereo subcarrier wave shall be under 1%.
Overall frequency characteristics

The overall frequency characteristics from the left (or
right) signal dinput terminal to the transmitter output
terminal should be within the range of the permissible
limit curve of the standard pre-emphasis characterilstics

shown in Figure 2,4.2,

% 14

n 12 YA

2

2 10 FARS

g Standard pre-emphasis V

'g" & — characieristies, =t

g Time constant 50us

= 6

< r\\/

> .1 1

g Iy

2

N N N g4

= ' /Ql’ul'missihie limit of the overall
g -2 ] frequency characteristics
g

S -4 A

5 10 35 10 3 575100 15

Frequency (Hz)

Figure 2.4.2

Overall Distortion Factor

The overall distortion from the left (or right) signal
input terminal to the output terminal of the transmitter
must be below the values shown in the following table at

maximum modulation.

Overall Distor-~

Modulation Frequency tion Factor

Over 50Hz Under 10,000Hz 2.0%
Over 10,000Hz undexr 15,000Hz 3.0%
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(7) ©5ignal to Noise Ratio
The signal-to~noise ratio from the left (or right) signal
input terminal to the output terminal of the transmitter

must be over 55 dB under the standard conditions of maximum
modulation at 1,000Hz.

(8) Left and Right Channel Separation
Left and righ;_channel separation must be over 30 dB at
maximum modulation, with a modulation Frequency ranging
from 100Hz to 10,000Hz. Left and right channel separation
indicates the ratio between the left (or right) signal
output and the right (or left) signal output at the output

terminal of the transmitter when'only a left (or right)

signal 1s transmitted.

(9) Left and right signal level difference.
When equal signals are impressed on the lefc and right
signal input terminals, the difference in levels between
the left and right signals at the output terminal of rhe
transmitter must be within 1.5 dB, over the frequency

range of 100Hz to 10,000Hz,

2.4.3 Relation between the Transmisslion System and Left-Right
Separation _

As shown in Figure 2.4.3, the L and R signals are divided into
sum signals (L + R) and difference signals (L - R) in the matrix
eircuit. Each single then passes through the main channel and
subchannel transmission systems and returns to the matrix circuit
to ba converted into L' and R' singles. There will be no fear of
crosstalk between L and R', and R and L', if the matrix circuit is
normal and the characteristics of the main and sub-transmission
systems match. However, if any difference exists in gain or phase
in the two transmission systems, left-right separation will deter-

iorate and crosstalk will occur.
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In this case, as the problem will only be the differences in
characteristics between the main and sub-transmission system, set
main transmisgion system characteristics as 1 and sub-transmission
system characteristics as «r¢” (Gain at »r times and phase advanced
8 radians).

Therefore signal M' reaching the main channel will be

and signal $' reaching the sub~channel will he &E_%“EQ e .

(L + R)

If both of these signals are applied to the matrix cireuit,
the following L' R' output will be obtained at the output terminal.

Lz Mai ANSAHS S - L
= In transpussion =
o— . - a
[ g Sysiem 3
= [ %)
=] 'Z;
(dB) ! 5
z : — ‘s :
E;{._ =l— Sub transmission ] _5
11 S -2, system =

. Phase difference between
main and subehannels

{Or crosstalk bewtween main and subchanncls)

Lefi-right separation

1]

o 0.204 06 0.8 1LO1L2 1.4 1.6 1.8 20

Level difference between main and subchannels
laor left-right level dilference)

(d13)

Figure 2.4.3 Left and right separation of characteristic
difference in main and subchannel and, left
and right level difference due to crosstalk
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L' =M + 8

_ (14R) (L-R L
=3 + 5 ) xet == (Lt x”) +—I2{- {1- xe”)

R' =M - §'

(L+R) (L~R) . _L
! e =l (1 e +% L+ xe*)

If modulation is carried out wich the L signal only, the
following equation will be obtained by setting R as 0.

L' = lé' (L + xe")

R! =% (1L - x)

1
Since the left and right separation in this case is ‘%%J in

accordance with definitions in Paragraph (8), it will be

Rl

I_L""‘ | 1+ xe® l= 1 + 2x cosp + r*
1 - ref? 1 - 2« cosf -+ .1'2

Or, if the above equation is expressed by dB's, it will be

1+ 2x cosH + x?

Left-Right Separation (dB) = 10 lo
& P n (dB) & 1 - 2r cosh 4 r2

The results of the above caleculations are shown in Figure
2,4.3. The 30 dB right-left separation in the diagram corresponds
to a level difference of 0.3 dB and a phase difference of 3%, A
level difference of 0.5 dB will be permitted if the phase differ-
ence is zero. Special will be required to hold the difference in
characteristics of the main and sub-transmission systems within
0.3 dB and 3 degrees over the entire range. Particular considera-
tion must be taken to the phase characteristics in the high frequen-
cy range (near 15kHz) when filters are to be used., As very slight
differences in characteristics will worsen the right-left separa-

tion when the sum and difference signal is used in stereo signal



transmission, it will be advantageous to tramsmit left and right

signals as they are.

2.4.4 Crosstalk and Difference 1ln Level between the Left and
Right Signals

Although the permissible limit of level difference between L
and R is 1.5 dB in Paragraph (9), let us calculate the permissible
amount of crosstalk if this is to be based on crosstalk between the
main and sub-transmission system. .

Let us consider a case in which equal signals are applied to
the L and R terminals in Figure 2.4.3. 1If there is no crosstalk
between the two systems, signal M' of the main transmission system

will be QE{EJQ and signal s' of the sub-transmission system will

be SE_%,E) and matrix output will be L' = M' + §'
{L+R) + (L.-R) L
2 2
R' =o' -8 .

(L+R} _ (L-R)
2 2

=R

There will be no level difference between the signals (When L = R)
Next, when i crosstalk exists between the two systems, it

will be

MT = (L-;R) (1_ .rc’o) + (L;R) .‘t’(-’m
g = (L;R) (1__ xc;o) + (L"!Z'R) x(_m

and at matrix output, it will be

L" = M' + §'
R""M"‘S'

L
R {1 -2 1)

The difference in level between the two signals will therefore.be



%] = lromr | a-w

In the equation in Paragraph 2.4.3 expressing left and right
separation when difference in characteristiecs exists between the
rransmission systems, the following equation may be set up if 'x!
is very small compared to 1.

l_I:_' - 1 + xo” | o 1
I L= we” ' l 1 - 2"

This matches the equation expressing the level difference
between the left and right signals when crosstalk exists betwaen
the two transmission systems. Figure 2.4.3 may therefore be used
to indicate the relations between crosstalk and level difference,
For example, to secure a left-right level difference of 1.5 dB, it

will be necessary that the crosstalk be less than 21 dB.

2.5 Stereophonic Modulation Signals

2.5.1 Modulation Wave Forms of Stereophonic Signals

As shown in Figure 2.4.1, the subchannel signal is formed by
modulating a 38kHz subcarrier wave with an (L - R) difference sign-
al. However, as unmodulated carrier waves are superfluous in in-
formation transmission, a balanced modulator is employed to sup-
press the subcarrier waves during transmission. As the receiving
side will not be able to carry out demodulation without a sub-
carrier wave, one half of 38kHz, or 19kHz, will be sent as a pilot
signal and the receiving side will reproduce a subcarrier wave
synchronized to this pilot wave and carry out demodulation., If
the 38kHz signal itself was used as the pilot signal, the low
frequency component may be cut off, and as it would be very diffi-
cult to match the phase of the pilet signal and the subcarrier
wave generated in the recelver, the 19kHz pilot signal was selected

as 1t will least affect the main and subchannels.



The following equation shows the subchannel signal when (L - R)
is a sine wave, w,, is the angular frequency of the difference
signal (audio frequency) and w the angular frequency of the sub-

carrier wave,
8 = sin wpt sin wt

=1/2 {cos(m-wp)t - cos(uﬁwp)t}

The above equation shows that the signal is only composed of
upper and lower side bands and that no subcarrier elements are
included. If the above equation is put in diagram form, the
envelope indicated by the heavy dotted lines in Figure 2.5.1 (a)
is sin mp and, would correspond to the heavy dotted lines in Figure
2.5.1 (b) if variations in amplitude are not considered, Also,
the phase of the suppressed carrier wave amplitude modulated wave
form in Period II will be in reverse relation to the subcarrier
wave phase in Period I. This will be used to discriminate the left

and right signals explained later. The fine lines in Figure 2.5.2

will be the subcarrier wave form in Period 1T in Figure 2.5.,1 (b).

Wi

Figure 2.5.1 (a) Suppressed carrier wave amplitude
modulated wave [orm
(b) Carrier wave form
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Figure 2.5.2 Superposed wave form of the subcarrier wave and
the pilot signal
(a) Conditions in Period I (b) TIn Period II

Also, as the pllot signal is as per the dotted line in the
same diagram, the high and low portion will be formed on every other
wave of the superposed wave form as shown by the bold line. TIf AA'
is the external envelope of this wave and BB' the internal envelope,
the following may be noted by closely observing the relation
between the drop in the wave and these envelopes. That is, the
positive portion of the ineclination straddles external envelope
AA' or internal envelope BB'. 1In relation to this, the negative
portion of the inclination straddles both external and internal
envelopes,

Figure 2.5.2 (b) shows the superposed wave form in Period II
and, though the 19kHz phase is the same as in (a), but the 38kHz
phase is In reverse thus casuing the superposed wave form in this
diagram. In contrast to that in (a), the wave top inclination
portion all straddles the external and the internal envelope

while the negative inclination portion straddles the external



envelope AA' or the internal envelope BB'.

Next, 1if the 38kHz modulated with a sine wave, that is as in
Figure 2.5.1 (a), is rewritten as in Figure 2.5.3 (b) and the pilot
signal in Figure 2.5.1 (c) were superposed on this, we would obtain
Figure 2.5.3 (d). Although Period I and Period Il appear alike at
first glance, a closer study will reveal that the features of TFigure
2.5.2 remain intact. That is, the positive portion of the inclina-

tion straddles AA' or BB, 1in Period I and, AB' or BA' in Period II.

fa)
Input signal

Sine wave (})
modulated 38kHz

19k H

te)
FA

{d)

Superposed wave
form of (b) and (c)

)
[
I
I
|
I

——————— -

Figure 2.5.3 Superposed wave form (d) of the sine wave
modulated 38kHz signal (b) and 19kHz egignal (c)
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Although the foregoing dealt with modulation by difference
signals only, we will now study wave forms modulated by the left
signal alone. As this means that R = 0 so both the sum and differ-
ence signals follow the wave form of signal L. When signal L is
a sine wave, signal'M will appear as the sine wave in Figure 2.5.3
(a) and (S + P) will be as in Figure 2.5.3 (d). Although the wave
form of {(a} plus (d) is as shown in Figure 2.5.4 (a), since this

(M + S + P), it will be the composite wave form modulated by the
left signal alone,

Since L = 0 when modulated with the right signal only,
Sum Signal = R Difference Signal = -R

In this instance,

I'd
the subcarrier wave modu- 9/31 A
lated with (-R) will A
/
appear in reversed phase !l
/
form as in Figure 2.5.3 /y
- o oty il il W )
{b). Its composite sign- 511_____L_"1;‘ %
al wave form will there- (0} Composite signalwave \\ !
forms with left signals ‘N ll"
fore appear as in Figure b

2.5.4 (b), Although (a)
and (b) appear to be the

same at first glance,
but in {a), the positive

portion of the inclina-

tion of the area above
the time axis, straddles (b} Composite signal wave
the external envelope or forms with vight signals
the internal envelope
whereas, in (b}, the
positive portion of the

inclination of the area Figure 2.5.4 Composite signal wave form



above the time axis,
straddles all the inter-
nal and external enve-
lopes. Or, if we look
as this from another
angle, 1t may be noted
that, between points 1
to 4 on the wave form,
the wave traverses from
point 2 on the outer
envelope to point 3 on
the inner envelope with
left signals, whereas,
with right signals it
traverses from point 2
on the inner eavelope
to point 3 on the outer

envelope. This serves

(a) When level difference
exists between the main
and subchamels

~
/]
'.’( KA 1 - V\YF{‘]‘\
ALY 4 -

b
{b} When phase dilference .
exists between the main

and subchannels

Figure 2.5.6

Composite signal wave form when
level or phase differences exists
between the main and subchannels

as clue to distinguish the composite left and right signals. This

feature also remains unchanged even if the polarity 1ls reversed

when connected up to an oscilloscope, This may be explained by

reversing the top and bottom portion of the diagram in Figure 2.5.4,

about its time axis and observing that the same feature is main-

tained. Observation of the polarity by this method may be simpli-

fied by setting the modulating frequency between 1 to 3 kliz or one

integer part of 38kHz.

As to maintain the correct left and right polarity is extreme-

ly important in stereophonic broadcasting, it will be necessary to

normally confirm that the left and right audio input terminals and

the left and right modulation wave forms are matched,

The main carrier wave modulation polarity is defined as being

positive when the frequency deviates to the high silde, and this may



not be distinguished by measuring with a sine wave. The general
procedure in use is to modulate it with a non~symmetrical audio
frequency and observe the direction of frequency deviation on the
spectrum of a side band direct-viewer; and the direction of the
modulatlon wave form on an oscillascope.

The composite signal wave form, when differences in level and
phase exist between the main and subchannel, is shown in Figure

2,5.6 and the differences may be easily detected by observing the
wave form.
2.5.2 Modulation Level

Let us consider a normal case in which the L and R frequencies

and phases are the same but have different amplitudes,

= A sinmt} (2.6)
R = B sinwt
then
M=L+R=(A+ B) sinuwt
2.7)
§=L-R=(A-B) sinwt

and the modulation wave form will therefore be as shown in Figure
2.5.8. Since (L - R) sin w st is at the top and bottom of L + R as
a standard, the envelope will be 2L, 2R. As shown in the diagram,
when A > B, the maximum deviation will be 24, When A =B or B = 0,
it will be the same as that shown in Figure 2.5.7. This means that,
as long as A 2 B, maximum deviation will be 2A regardless of the

size of B.



Type of signals
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difference signnls
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5 o . . L.+ HR: Sum signal |M: Main channel M Main channet
=8 L: Left side signal, signal siygnal i .
by . L.—R: Dillerence . C: Compasite sima
E-;, R: Right side signal sikenal S: Stllhchun‘nel signal §': Supplementary
& ‘E K P: Pilot signal signal
3
3 _
= L I.+R M 15% M 45% CAo0a
E.é’o R L—-R s 5 =
P - 455 5
= L) .
R P 10% 55%
33 LEN
g T Refer Figure 2,5.4
o [EX]
@ 2
[]
3
E Ry
EE L L+R Mo 5% M 159% e
o | mn
E 3 — P EH
f: ;=':n P lu:ié Ly
: = R o=\
; = ki Refer Figure 26.4
£2 b}
B -
i
=
Al L L+R M M c
=1 T T
S 24 0% 90% \ L00¢
i5 2 [.‘Qv_ %_ L\ [> TAA o L00'%
= g L—-R s L. s
B3 _Qv_ —— e
—_— B——0
& _g 2 p o 10% T
:E: O] = L 10%
s 8 =T
S B3
RN
-l
" E
S L, & L A
5 _é o L+R ! M C
3 :""6 R S [ 5 0% g
ER LAY
IR ~ %, I 100%
[ 4
- P‘u
E = c——%‘% 100%
I
=% g

Figure 2.5.7 Si:ereo signal wave forms

— 60—



Figure 2,5.8 Modulation wave form with L and R with the
same frequency and phase

Next, if we consider the L and R signals are of the same
frequency but have a shift in phase, it would appear as in Figure
2.5.9, A sub~carrvier wave with an amplit:de of |L-R| will exist
with L + R as a standards.

This envelope is 2L, 2R and when |L| > [R| , its maximum
deviation will become 2 |L| . When |R| > |L] , 2 [R] becomes
the maximum deviation at that point. The line that connects the
outsides of the envelope is the line that connects |L| or |R|

whichever is the larger.



Figure 2,.5.9 Modulated wave form with L and R with same
frequency but with same frequency but with

different amplitude and phase,

The modulated wave form when L and R are modulated with differ-
ent frequenciles will be as shown in Figure 2.5.10., A 38kHz sub~
carrier wave is present between 2L and 2R with the center line of
this 38kHz naturally being L + R. When A> B, maximum modulation
will be determined by 2A regardless of B. TIf B > A, then maximum
modulation will be determined by 2B regardless of A,

2L

'S

~ 1

Figure 2.5.10 Modulated wave form when L and R are modulated
with different sine wave frequencies



An example of a modulated wave form in which L and R are

modulated with an optional wave form is shown in Figure 2.5.11.

Same as the previous case, the sub~carrier wave envelope is 2L, 2R,

L+R

Figure 2.5.11 Modulated wave form when L and R are modulated
with an optional wave form

The center line is L + R. It is determined by the larger
instantanecus value of L and R. As may be determined from the
foregoing explanation, the degree of FM stereo modulaticn is
governed by the larger of the L and R signals and is uninfluenced
by the smaller. As a pilot signal of 10% will actually be super-
posed on this, the remaining 90% is used to transmit the signal.
Since frequency deviation becomes 24, 2B and is twice that in the
case of monophonic transmission, stereophonic level 1is set as
follows, First, modulate with the left signal only and, with its
audio portion (with the pilot signal and sub-carrier wave removed),
modulate 75kHz 45%, that is, cause it to deviate 33.75kHz. If the

sub-carrier were added at this time (without the pilot signal), the



deviation would be 90% or 67.5kHz, Next, if we remove the left
signal and modulate the right signal only until its audio portion
is 45% modulated, the L and R levels would correspond to 100% modu-
lation, 7
Although the monophonie receiver will receive this stereo-
phonic broadcast as L + R, as may be noted from Figure 2,5.11, it
will only match stereo deviations at the instant L, = R but will
normally not be effectively modulated by maximum deviations,
Although differing with the program, compared to mono-transmission,
a 1 dB loss, that is, the 10% pllot signal, will result in stereo-
phonic transmission monophonic reception when L = R. In the worse
case, a / dB leoss may result when L and R sound is only emitted
alternately and modulation is only 45%. In normal programs it is
said that there will be a drop in modulation equivalent to 2 to 4
dB when the pilot signal is not considered and 3 to 5 dB when the

pilot signal is considered.

2.6 FM Stereo Wave Side Bands and Required Band Width

Let us study whether 99% of the side~band energy is within the
£100kHz band in stereophonic broadcasts as it is in monophonic

broadcasts.

(1) Frequency deviation and band-width of monophonic broadcasts

Procedure-wise, let us first obtain the band-width for mono-
phonic breoadcasts.

If carrier frequency fe¢ is frequency modulated with one audio
frequency f,, theoretically infinite side bands will be generated
as in Figure 2.6.3 (a) and their size ay may be expressed as
follows:

aj = Ji (m) (2.8)

o = Afl Af1 Frequency Deviation

. £y f, Modulating Frequency

— 84—



The side band energy is expressed by the square of equation (2.8)

and its total energy is the same as when umnmodulated and may be
expressed as follows:

2 2
J5 my) + 2 {37 () + 3% (m) + 000} =1 (2.9)
Since it will be necessary to determine “n” that will satisfy.
2 2
Jp m) +2 {37 () + 37 (m) + -k 32 (m) =0.99 (2.10)

to secure a band width with 9% energy, we need only determine '"n"
that will satisfy

2 m) + 3, (m) + -eee = 0.005 (2.11)

wWhen this "n" is determined, the modulation frequency multiplied by
this "n'" will be the 99% frequency band width,

An example of side band energy distribution when Af, = 75kHz
and £, = 15kHz 4is shown in Figure 2,.6.1. In as much as the upper
and lower side bands are symmetrical, only the upper band is shown.
Tee accumulated side band energy is the side band energy added suc-
cessively from the higher side band frequencies and it may be noted
from this diagram that the sum of the upper side band energy of
48.4%, the lower side band energy of 48.4% and the carrier wave
energy of 3.2% totals 100%. It may be seen from this diagram that
a cumulative side band energy of 0.5% indicates the 99% band and
that this is 180kHz {(+90kHz).

Figure 2.6.2 shows the relation between frequency deviation
and frequency band width with a modulation frequency of 15kHz,

This shows that the energy in the high side band frequencies can-
not be ignored when frequency deviation is increased and also shows
that the band width increases in 30kHz {(*t15kHz) steps.

It is generally said that a 99% width = (£, + Afl)x 2 and this

diagram substantiates this fact.

—5—
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(2) Side bands when FM is carried out with a number of modula-
tion frequencies.
Let us determine the side band spectrum when FM is carried out

simultanecusly with 2 modulation frequencies f, and f,. Set frequen-

cy deviation due to £, as Afl, modulation factor my = Af; s
£y
frequency deviation due to £, as as Afz’ modulation factox
Og,
m, = —— and [, > £,.

2



When modulated with £, only, as explained before, the side-
bands align with £, spacing as shown in Figure 2.6.3 and their
size is Ji(ml).

Ji{my) Jilmy)

Jz(my) ‘ Jalmi) Jalmy)

(u} I I
fr—"Z[l f;-'—h [r fc +f. rc+2f1

. /
(b)m‘—‘\“-t-‘—‘@
—1{z -"[1\ 0N 1y 2f2
—f1412 {2 202 f:-!"f:) KAl I
{1420z

Figure 2.6.,3 Side band distribution when modulated with (a)
single frequency and (b} 2 frequencies

We will next consider the case when simultaneocus medulation
is carried out with £, and f,. This, however, may be considered
as first modulate with f, only to generate the side bands as in
Figure 2.6.3 (a) and then modulate this further with £, When
carrier wave f¢ in Figure 2.6.3 (a) is frequency modulated with f,,
upper and lower side-bands are formed at f, space intervals. Al-
though their sizes are J,(m,), J,(m,) and J,(m,) for the carrier
wave, No. 1 side band and No. 2 side band respectively, since the
carrier wave itself decreases to J;(m,) due to modulation with f,,
with simultaneous modulation with £, and £,, these side bands
(including the carrier wave) become Jy(m,) J,(m,), Jy(m;) I, (m,)},
and J,{m;) J,{m,). Alchough the No. 1 side bands in Figure 2.6.3
(a) are generated by £, + £,, this is also frequency modulated by
f, and upper and lower side-bands are formed spaced at f, intervals.
Since their sizes are also the same as those near £, at Jy(my), I3,
(my) and J,(m,}, since the size of £, + £, itself is J,(m,;), the

generated side bands will become J,(m;} J,(m,), Jy(myy I, (my),



Jy(m,) and J;{m;} J,(m,). These naturally develop on both sides of
f. + £;.

Under the same counditions, side bands are also formed on both
sides of the No. 2 side bands f_, + 2f, or £, - 2f, generated by f,.
Their sizes are Jg(mz), J;{my) and J, (my) multiplied by J,(my) and
are shown in Figure 2.6.3 (b) excepting for the fact that their .
horizontal axis f. has been deleted., When modulated with f; and fz,"‘j
side bands are normally generated at frequencies separated n,; £, +
nzfz{ny and n, are integers and include positive, negative and zero)
from the carrier wave and their size may be said to be Jn;(m;)Jn,
(mz). The same conditions will arise when modulated with the 3
modulation freguencies f,, f, and E; 1f their respective frequency
deviations are Af;, Af, and Af; their modulation factors as m
(=8f1/£1), my (=Bf,/f,) and my(=Af4/f,), side bands will be generatedgl

at freguencies separated by
nlfl + nzfz + nBEa (2.12)

from the carrier wave and it may be easily comprehended that their

size is

Joy(my) JIn,(my) JIng(mg) {(2.13)

When calculating side band spectrum with stereo modulation, although
simultaneous modulation with a greater number of modulation frequen-
cies are involved and the number of figures in the calculation

larger, the form of calculation will be the same as explained.

(3) Stereophonic broadcast band width

When modulating with a single sine wave in mono broadcasting
if frequency deviation remains the same, the higher the modulation
frequency the wider the side band. Since the same may be applied
to stereophonic broadcasts, only the maximum modulation frequency

was calculated.
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(a) 15 kHz Modulation of the left signal

With the right signal unmodulated, apply a 15kHz sound
frequency to the left signal terminal. Let us see what occurs
when maximum [requency deviation is applied. The modulating
frequency of the main carrier wave will be the sum of the main
channel, pilot signal and the subchannel. 1IFf £, is the 15kHz
sound signal, fp the 19kHz pilot signal and fg the 38kHz subcarrier
wave, it will be as if simultaneous modulation of the main carrier
frequency is carried out by the 4 frequencies f, (=15kHz), fP
(19kHz), £.-F, (=38-15 = 23kHz) and g + £, (=38+15 = 53kHz). 1If
f1 to f. are these frequencies, Af, to Af, the frequency deviations

and m; to m, the modulation factors, it will be as follows.

f, = 15kHz Af, = 33.75kHz m, = 2.25

£, = 19kHz AE, = 7.5kHz m, = 0.395

£, = 23kHz AE, = 16,88kHz My = 0.734.0(2.24)
£, = 53kHz Af, = 16.88kHz m, = 0.318

If the main carrier wave modulation frequency and the modulat-
ing factor are known in this manner, the side band spectrum distri-
bution can be calculated as by the method explained previously.

Figure 2.6.4 shows the side-band energy and cumulative values
obtained by this method, As the 997 side band energy corresponds
to the 0.5% on the vertical axis, it may be determined from this
diagram that the 99% band is +83kHz and falls within the prescribed
£100kHz.

{b) L15kiz Modulation of the difference signal
In stereophonic broadcasts, the side bands widen most not
during sum signals, but when maximum deviation is carried out with
the 15kHz difference signal. In this instance it will mean that
simultaneous modulation will be carvied out by 3 frequencies. If
the modulation frequency, frequency deviation and modulation factor

were listed, they would be as follows.
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£, = 19kHz AE, = 7.5kHz m, = 0.395
£ = 23kHz Afy = 33.75kHz my = 1.467
£1 = 53kHz Af3 = 33.75kHz my = 0,637

Results of calculations carried out by the previocus method are
gshown in Figure 2.6.5. It may be noted that the 99% bandwidth just
barely falls wicthin the prescribed #99kHz.

Side-band encrgy accumulation

Side band energy (%)
3 ER- - . s :

AL

010 éU 30 1050 7607 70 80 90]-00“0120
Side band frequency (kHz)

Figure 2.6.4 Side band distribution of 15kHz left
side modulation
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Figure 2.6.5 Side band distribution of 15kHz

difference signal modulation

2.7 Signal to Noise Ratilo

In article 1.4 we explained that the S/N ratio in FM will be
improved by ¢F§-mfo over that in AM and in monophonlc broadcasts
with a maximum frequency deviation of 75kHz and a maximum modula-
tion frequency of 15kHz, it will be 18.8 dB.

Now we shall study about the S5/N ratio of stereophonic broad-
casts as compared to that in monophonic. Figure 2.7.1 shows the
triangular noise distribution of I'M detection shown in diagram 5
enlarged to the subchannel, The main channel noise voltage NM is
the same as the NF derived from equation (15) and, it can be ex-

pregssed in power, by the following equation.
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=
!
N

15 23 38 53 —DP, 75 KHzx2r

=

Pmax{ws—Pmex} ws  {ws+Pmax) wd

Noise voltage(relative values}

Figure 2,7.1 Noise spectrum of stereophonic

broadeasts
2 2 - 1 _]3_: _l_ H 3
N M= NF = 9 (A ) (wd) P max

Although the noise voltage of the subchannel is distributed
from the lower to the upper edge of the side band as shown in
Figure 2,7.1, 1if this is converted to audio frequencles by AM
detection, the distribution will be as shown in Figure 2.7.2.

i : B v ws’+Pmax?
Composite noise i =
A ws | el =T T B {ws+Pmax)
ﬁt\ wd Upp A wil

B us
A wd §°

3 B lws—Pmax)

2 [Lower side band noise AT wd

b4

B

z,

0 — [5KHzX 27
P8 Prax

Figure 2,7.2 Subchannel noise spectrum



The nolse veltage distribution of the upper side-band

B g + P
= QJ%BE—E) and noise voltage distribution of the lower side
B Wg — Py
band ='X-'(755———) . If we take the square root of the sum of the

square of the two noise dilstribution of composite noise voltage,

the subchannel noise voltage distribution will be

B, 1 2
TR ug \/(UJS'*‘Pn) + (g~ Pp)?

L Vo B .Y e 2
= V2o (PR ]
d
and will be practically constant within the audio frequency band.
The total noise power N; (Ng for voltage) of the subchannel

may be obtained by integrating the square of the above composite

voltage over the audio frequency band.

=
I

2 B Ws 4y Prax
L2 G /. dpy,

B.2 Ws.»
2 (T) (.L-UH;) Pmax

Wy

Pmax

6 (

4

2 2
) N

We will now calculate the noise power ratio between the subchannel
and the main channel.

N

g
(
Ny

)2 = 6(5—

)2
Prax
= 38,5 times = 15.8dB

The subchannel noise is this much larger. The main channel
detection output M' and the subchannel detection output S', also

including noise, are expressed by the following equation.



Ml
Sl

]

+ R) +
m(L + R) NM

m(L - R) +NS

It

The "m" is the degree of modulation of the main carrier wave,
and is 45% as shown in Figure 2.4.1. Then, after entering through
a matrix circuit and distributed to left signal terminal and the
right signal terminal, the following ocutput will be obtained.

M' + §!
Mt - 8

Ll
S‘

Although in the above additions and subtractions, the scund
signals may be algebraicly added but as the NM and Ng noises are
completely independent and are moreover irregular, it will be neces-
sary to take the sum of their squares: However, as Nﬁ may be dis-
regarded as compared to Ni;, if expressed by L', R' outputs they

would be as per the following equation,

(L2 = (amL)? + (5 + N%)
s (ZmL)? + 622 N,

max
(RNH? = (2aR)? + (W) + N)

Ar

Ws (o2 2
(2mR)? + 6 ()% N%
Pmax F

If L. = R here, the S8/N ratio of L' (or R') will be

L (2m)?

(NF
(Without de-emphasis) 6 (

Stereo $/N ratio = )2 {(Power ratio)

Wg
P

max

On one hand, the /N ratio of monophonic broadcasts when modulated
with L only will be:



Monophonic S/N ratio = (_ngz

Np (Power ratio)

(Without de-emphasis)

Therefore
Wg
6( )?
Monophonic S$/N racio  _ - @
Stereophonic S/N ratio (2m) 2 ower ratio)

(without de-emphasis)

_38.5
(0.9)7%

.

(15.8 + 0.9) dB
16.7dB

In other words, it is 16.7 dB poorer in stereophonie broad-
casts. Of this value, 0.9 dB is caused by using part of the main
carrier modulation-degree for transmission of pilot signal, and
the rest is caused by the high noise of the sub-channel.

Further, as the received output when stereophonic broadcasts
are received in monophonic, receivers output will be only the out-

put of the main channel.

M2 = {m (L+R)}* + NZM

(2mL) % + N%, [When L = R]

Therefore ti becomes

Monophonic §/N ratio _ 1
Monophonic reception S/N ratio (2m)*

(Power ratio)

and will only be the modulation loss based on transmission of the
pilot signal,

The de-emphasis circuit in stereophonic reception normally
converts the signal to left and right signals prior to feeding,

the results will be same if it was fed into the previous subchannel



detector output side. In any event, however, as the nolse power
contained in the left and right terminal outputs are completely
under the influence of the subchannel noise, the effect of de-
emphasis on stereophonic output may be considered to be the same as
the de-emphasis effect on the subchannel output.

As subechannel output is AM detection, its noise spectrum is
practically constant as shown in Figure 2.7.2. The de-emphasis

effect in relation to this may be obtained by the following equation.

1 Pmax 1
M de-emphasis effect = TF (e 4F
A e~emphasis effect Prox -[o T + (tPp)’
-1 TP
tan max 1
- = (Power ratio)
TPpax 3.36

=-5,3dB

Compared to the de-emphasis effect of 10.2 dB of FM detection
obtained in equation (20} this is (10.2 - 5.3) = 4,9 dB poorer.
The stereophonic S/N ratio will be as follows when de-emphasis 1s
applied.

Monophonic S/N Ratio
Stereophonic S/N Ratio

= (16.7 + 4.9) dB

(with de-emphasis)

1]

21.6 dB

2,8 Stereophonic Demodulation Circuit

2.8.1 Systems

As the FM detector output, a stereopheonic signal (composite
signal) identical to the FM modulation signal is obtained. To take
out the L and R signals from this signal, the 19kHz pilot signal is
extracted and, then, this signal is multiplied or added te a synchro-
nized oscillator, to make a 38kHz sub-carrier wave, This 38kHz sub-
carrier is then added to the suppressed AM carrier wave carrying the
'L~R' signal, to convert both side-bands into AM waves. For the

detection of this AM wave, there are two methods, one is to detect



it to obtain the "L-R" signal and the other is to use the time-
division system of demodulation and obtain the L and R signals,

2.8.2 Generation of Subecarrier Wave
The 38kHNz sub-carrier wave necessary for the demodulation of
L and R signals csn be obtained by extracting the 19kHz pilot signal,
out of the composite signal and, multiply it twice. For this pro-
cedure, the two-multiplication method and the synchronized oscilla-

tion methods are mostly used.

18kHz  19kHz

L‘ { Qj{ );u . 3:{1”. Composite signal - -}.
L ST Rl “ ! * 19kHz  19kHz 38k Hz
amposite signal- -1l- @ %ﬁ@kl{z g—ﬁ .@." .
il Gt

Figure 2,8.1 Subcarrier wave Figure 2.8.2 Subcarrier wave
generator using a two- generator using a
multiplier synchronized oscillator

2.8.3 Method of demodulation using a matrix circuit after
detectilon

An example of the circuit layout is shown in Fig. 2.8.3. Ex-
tract the suppressed carrier wave AM signal wich a 23 - 53 kHz band-
pass filter or a 23 kHz high-pass filter and, add the 38kHz frequen-
cy obtained from the subecarrier wave generator to it, to re-convert
it co the AM wave.

Next, detect the('L-R') signal and the — ("L - R")signal with a
detector multually connected in inverse polarity and, at the matrix
circuic, add the main channel{"L- R')signal, so it will be separated

into audio signals of L and R.

=77



In this method, as the "L-R" signal will have frequency

characteristics in regard to amplification and phase, caused in the

subcarrier detection circuit, it will be necessary to provide a

delay-compensation ¢ircult and a variable amplification circuit to

it, before it enters in the matrix circult, to eliminate the phase

and amplification difference of both

signals.

Composite Signal o l.ow Pass Filter

(Delay Circuit)

| l(LHt)

23—53kHz Band-

pass Filer

16kHz| Wave Generator

|| 38tz Subcarrie

[ (L-R)
o] ‘.=_ - ol.
- B: = i-'
<t b0 R}
—-{L-R}
r {I.L+R)+{L=R) =2l

(L+R)—{L-R)=2R

Figure 2.8.3 1Method of.demodulation using a matrix ecircuit

after detection

2.8.4 Method of Demodulation by Time-Division System (Switching

System)

The detection action of the time division demodulation system

{Switching System) may be considered

as follows. BSet the composite

signal obtained from the output of the frequency discriminator as

A(t) = (L +R) + (L ~ R) cos

and by using the pulse signal, which

wt (2.15)

was generated by saturating

the 38kHz subcarvier wave as a switching signal, the left side

switching signal will be

mi
L gsin =/ cos mwt
=l m

cos 3 wt + ,.... (2.16)

1 2 @
U =y i 2
1, 2 2
=7 +? cos wt —3“_



The right side switching signal will be

T 1 2% (-1Hy™ m
ule +___)=__.|.._ r —_
( 2 2 T By - sin 2 €oOs m wt
=-];_.2_ cos Wk - _2_..
, 3o cos Jwe +,,.. (2.17)

Multiply A(t) by left side signal, then L signal will be

H

e, {(@4R) + (L-R) cos wt} . (—;;+—$T~cos Wt -2 cos 3 wt +...)

3

L+R - 2
= (—2) + (L“R) + - (L+R) cos wt + ....., (2.18)

The low frequency output will be

_ @), QR L .2 R 2
e, =t = (D 50 -) (2.19)

and similarly,

. (A#+R) _ (L-R)

_R 2., L, 2
ep 7 = —T(l +T) +T(l ?r-) (2,20)

As the L and R signals are included in equations, (2.19) and (2.20),
the value of separation will be only 13 dB, at the present state.
Now, if the equation

L+ R 2

5 (1-,”-) (2.21)

is substracted by using a differential amplifier, it can be separat-

ed, to left and right as 2L/ and 2R/T respectively.
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Figure 2.8.4 Principle of demodulation of time=-
division system

Figure 2.8.4 shows the principle of the time-division system,

A diode is used as series-switch in relation to the composite signal
and, this switch is driven by the subcarrier wave. The signal is
applied to the switching diode D; and D,, together with the 38kHz
subcarrier wave. If both are of equal phase, D, will be conductive
when point @) of the subcarrier wave is positive and, as shown in
the diagram, an L envelope output will be obtained at the L terminal. E
Next, when point (@ dis negative, D, becomes conductive and an R :
envelope output will be obtained.

However, as complete separation is not available with the out-
puts as they are, complete separation is realized by providing a

differential amplifier in the detector output circuit to apply cross-
talk.

2.8.5 Demodulation Efficiency and Subcarrier Wave Phase-Shift of
the Switching System
As shown in equations (2.19) and (2.20), the signals appearing
in the L and R output, due to switching becomes 1/2, because the
demodulating signal of the (L + R) channel is the average value of

the square wave pulses, and becomes 1/7 as the demodulating signal



of the (L - R) channel 1s the average value of the sine waves.

This relation is shown in Figure 2,.8.5. The separation is poor in

this condition, if we substract QE%B)(l..EQ, that is, if we pro-
(i
vide separation adjustments, complete separation will be possible.

If we consider this in relation to the flow-angle and separa-

tion of the switching frequency (subcarrier wave), and if it is

=L Lo

ep = L (L) ~ (L) (2.22)
from equations (2.19) and (2.20), then, with ey, =-%% and ep =-%§ ,
crosstalk would originate be-
cause of the difference in de~
modulation efficlency in rela- TN
tion to (L+R) and (L-R) sinw. :',"-'-"""'r\---———-i’.'j’_‘
As demodulation efficiency of "Eq;fgajg*
the switching system will be [T »
"""""" 127
Ny = —2— (6:rad) (2.23) _!-‘%-_U
in the main channel, when the
switehing flow angle is 0, and Figure 2.8.5 Flow angle and
1 5 demodularion efficiency of
ng = sin 5 (2.24) the switching frequency

(38kHz)
in the subchannpel, crosstalk

may be reduced if the two were brought as close together as pos-
sible. In other words, this difference may be reduced by reducing
the flow angle.

Normally, the separation of this system is calculated by cthe

following equation.
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Figure 2.8.6 Relations between the switching flow angle,
demodulation efficiency and separation

Although this 1s in case the phase of the subcarrier wave

matches when phase shift occecurs, the demodulation efficiency of the

subchannel will drop by

s =-T~F~sin%-cosq, (2.26)

® : Subcarrier wave phase shift
Separation will therefore also drop by
cosdp + m

20 log ml (dB) (2.27)
60

\ N
20[-—- \\\\\\

10 e

Separaton (dB)

4] \-‘-“"--
0 10 20 30 40 50 60 70 BO 9p
Phase differences 4 (degree)

Figure 2.8.7 Relation between phase difference and separation



3. FM TRANSMISSION EQUIPMENT

3.1 Standard Systems of Transmigsion

(1)
1)

2)

3)
4)

(2)

Monophonic Broadeasting Transmission Systems
Modulation system of main carrier wave ... Frequency

Modulation
Maximum frequency deviation of main

carrier wave ...... . +75kHz

Maximum frequency of sound signal ......, 15kHz

L I R I R N R R S

Pre—emphasis characteristics ,....ovveen. 50us

Stereophonic Broadcasting Transmission Systems

Refer 2.4.1.

3,2 Technical Standards of Transmission Equipment

(1

1)

2)

3)

4}

5}

Common Standards for Monophonic and Stereo Broadcasts

Tolerance of main carrier frequency....., 20/1,000,000

teieas 200 kHz

Allowable strength of spurious radiation

Tolerance of band-width occupancy

The average spurious radiation power for each frequency
supplied to the feeder, shall be less than 1 mW and shall
be 60 dB below the average power of the fundamental frequen-~
cy. '
Tolerable antenna power deviation

Upper limit e reset bttt 10%

Lower limit L 20%
Overall frequency characteristics
It is specified that the modulation frequency between 50Hz
and 15,000Hz shall lie between the ideal pre-emphasis
characteristics curve and, the allowable limit curve of the
pre-emphasis characteristics (or on the curve line) of the

50us time-constant curve in TFigure 3.2.1, Further, in case
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6)

7)

8)

9)

10)

of inserting a program transmission control signal, this

will be separately defined by the Ministry of Posts and

Communications,

Linearity it iirtnsrinssarsviasrartann The modulation
characteristic
to be linear up
to 100%

Overall distortion factor

When a £75kHz frequency deviation is applied to the main
carrier wave and a de-emphasis of impedance frequency
characteristics of the 50us time-constant is applied, the
distortion shall be under'2% for modulation frequencies
above 50Hz but below 10,000Hz and, under 3% for modulation
freguencies above 10,000Hz but below 15,000Hz.

Signal to Noise ratio

When a *75kHz frequency deviation is applied to the main
carrier by means of a medulation frequency of 1,000Hz, the
S/N ratio shall be better than 55dB. However, de-emphasis
is to be provided.

Residual amplitude modulation noise

The noise shall be under (-) 50 dB, in comparison with that
of the main carrier transmitter output at 100% amplitude
modulation, with de-emphasis provided.

Polarization of wave

It is ruled that the polarization of the waves radiated
from the transmitting antenna must be horizontal, However,
vertical polarization or other polarization may be used
when approved by the Minister of Posts and Communications,
In case an FM station and a VHF TV station are co-located,
a vertical polarization may be approved for the FM station

if the TV station is of vertical polarizatien, considering

the common usage of the transmitting and receilving antennas.
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Figure 3.2.1 Pre-emphasis Characteristics

{2) Standards for Stereophonic Broadcasts only.
Refer 2.4.2.

3.3 Composition and Layout of Broadcasting Stations

As for TM transmitter stations employing the modulation system,
we have stations with equipment capable of transmitting its own
monophonic and stereophonic programmes and stations which are most-
ly receiving their master station programmes for rebroadcast and,
stations which could only transmit its own monophonic programmes
for local service. The composition and layout cf these stations
are shown in Figure 3,3.2.

For the way of connecting the studio site to the transmitter
site, land cables and STLs are used. But in case the distance
between the studio and transmitter site is short, cables can be
used, but when the distance is long, STLs are used because of de-
terioration in land cable characteristic will occur.

In case monophonic programmes are only to be broadcast, stereo-
modulators will be unnecessary but in case stereophonic programmes
are to be broadcast, a stereo-modulator will be necessary at the

transmission terminal. 1In case the STLs are to be used, stereo-



modulators will be equipped at the studio site in the stage of the
STL. When cables are to be used, the stereo-modulators will be
inserted in the FM transmitter first stage.

In case a FM station is not required to transmit its own pro-—
grammes, and is always receiving its master station's programmes
off - air for rebroadecast, a transmitter with a modulator will be
unnecessary. In this case, the programme signal received from
master station or other fixed station will be directly converted to
another frequency and re-transmitted, For this purpose, a specially
designed translator system is mostly used. A block diagram cf these
are shown in Fig. 3.3.3.

As for the programme signal for the FM rebroadcasting stations
to receive, the VHF broadcast wave and the fixed station wave men-
tioned above could be used. In general, the VHF waves are used,
but in case the field intensity of the VHF wave is weak or it is
interfered by other radic services or has distortion due to multi-
path propagation, insufficlent for broadcast guality, a relay unit
is located at an appropriate place between the master station and

the FM broadcasting station. We call this a relay unit.

Audio sighal {monophonic}

- o .
0 1% Mn;em)pimnic ) T m\;l\.l‘I!l;;r:l" =0 Monophonic 1M wave
Frequeney (kiiz)
tat Monophonic FM
Left sound sigoals (1) Pilot sigoal (P
Main chiannel &0 / Subehannel 1S
I.- L/wSubmu'riul- wave:
0 15 ! H
; 0 59T 38 5%
¥ ey (L1 | N ~
Frequency (kifz) o . "’O'I-%'—L‘ ref lﬂi’lﬂff_kl_l_’_d_)_ Fregieney 0 Stervophonic M whve
Right saund signal (] "} Compusite signal |mdditr ) :
R--OJ
15
I requency {(kHz) .
) Stercophonic 1°M

Figure 3.3.1 Monephonic and Stereophonic FM
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Figure 3.3.3 Off-air relay system



3.4 FM Transmitter

3.4.1 Methods of Modulation

The following are representative methods of modulation.

(1) Direct frequency modulation
(i) System of adding a variable reactance element to oscil-
lator

(ii) Reactance tube system

(2) Indirect frequency modulation
(i) Serrasoid system

(ii) Vector Synthesis system

The advantages of the modulation system (1) are simplicity in
circuitry, availability of wider modulation bandwidth and ability
of modulating directly with composite signals. As the sensitdvity
of modulation is good, the number of multiplication could be less,
compared to other systems, which results in reducing spurious radia-
tion. Also, in the case of stereophonic broadcasting, where the
studio and transmitter site is geparated, only one line will be
necessary for transmission of the composite signals.

However, the disadvantages are that as it employs a self-
excited oscillator of poor stability, a frequency control circuit
to suppress the fluctuation will be needed, .

The advantage of the modulation system (2) is superior stabili-
ty of frequency due to the use of crystal oscillators. However,
there are disadvantages such as limitation on medulation sensitivity
from distortion and other characteristics, and requires a large
number of multiplication stages to obtain the desired frequency de-
viation. , Spurious radiations are therefore easily generated and
difficulty will be experienced in securing a wide modulation fre-
quency bandwidth, Further, in stereophonic FM broadcasting statlons
where the studio and transmitting station is separated, two lines

for the left and vright signals will be required,
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A stereo FM broadcasting transmitter composed of a combination

of stereo modulators necessary for the transmission of stereo-

phonic programs from own station is shown in Figure 3.4.L.

At preseat, the system in (i) of (1) is used exclusively for
FM broadcasting transmitters.

3.4.2 Stereo Modulator

{1) Composition of a Stereo Modulator

In the block diagram in Figure 3.4.2, the L. and R signals each
enter the input regulations amplifier where a pre-emphasis of a
time-constant of 50ps is applied, and the left and right signal
levels are equalized. This output is then divided into (L+R) and
(L-R) signals at the matrix clrcuit. As observed in Figure 3.4.3,
the matrix circult halves the left and right signals by a trans-
former and derives an (L+R) signal by adding R of equal phase to
L and an (L ~-R) signal by adding R of inverse phase to L.

The (L+R) signal becomes the output of the M channel, after
passing through the delay compensation circuit and, the amplitude
regulator for adjustment of separation. The reascon for this signal
to pass through the delay civeuit is that because the (L -R) signal
will be delayed when passing through the sub-modulator circuilt, the
(L+R) signal must also be delayed to an equivalent amount.

The (L -R) signal enters the ring modulator, where it modu-
lates the 38kHz subcarrier wave conducted from the crystal oscil-
lator, and becomes an "§'" subchannel signal of only both side-bands
with carrier suppressed. The operation of the ring modulator, as
shown in Fig. 3.4.4 (a), is such as that when the subcarrier wave
becomes sufficient large, the rectifier will become open-circuit or
short-circuit against the L - R signal and therefore, as shown in
the equivalent circuit of (b), it will activate as a switch to
switchover the polarization. Fig. (c) to (E) are the voltage wave
forms for each portion, If the rectifier is balanced, the carrier

will be completely eliminated.



To form the 19kHz pilot signal, which 1s half of the 38kHz
subcarrier wave frequency, a portion of the subcarrier wave oscil-
lator output 1s fed into the flip-flop circuit. The output of this
circuit is fed to the phase and amplitude regulators and then ampli-
fied and becomes the pillot signal., PFurther, an auxiliary 19kH=z
signal which is used for making phase adjustment of the pilot signal
and subcarrier wave, by means of a synchroscope is connected to the
check terminal,

In monophonic program transmissions, the program 1ls transmitted
through the L side channel and the matrix circuit is bypassed by
means of a changeover switch. The subchannel and pilot signal cir-

culits are disconnected.
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(2) Type 8T-71 Stereo Modulator

This unit is completely transistorized and the principal per-

formances are shown in Table 3,1. The modulated stereophonic

signal can be taken out from the final output and, provide alarm
for the following,

1) 'Stereo Abnormal'! when pilot sipnal is off during stereo-
phonic operatiocn,
2) 'Non-modulation' when output signal is off during opera-

tion.
3.4.3 FM Transmiltcer

(1) Composition

An example of the composition of a 10kW FM broadcasting trans-
mitter is shown in Figure 3.4.6,

(2) Reactance modulation exciter

The composition and system of a reactance modulation excite,
uging a variable reactance element is shown in Figure 3.4.6, The
monophonic or composite signals entering the input is stepped up
from an impedance of 758 to 3002 and.the level is adjusted by means
of a variable resistance atténuator, and then fed to the oscllla-
tion modulator unit.

The oscillation modulator unit is self-excited at a frequency
1/6 of the transmission frequency and, as shown in Fig, 3,4.7, the
capacitance of the variable capacitor diode 1s varied by the input
signal and, provides frequency modulation with a frequency devia-
tion of *12.5 kHz.

The relation between the inverse voltage and capacilty of the

variable capacitance diode is shown in Figure 3.4.8,
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Varlable Capacitance Diode Characteristics
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181617 - 1619C-V, Qg -V
Characteristics

The output frequency of the oscillation modulator unit is
multiplied 6 times, to meebt the transmission frequency, with an
output power of about 20 mW,

This output is fed into the power amplifier unit and amplified
up to 1l0W to excite the next stage. The frequency control output
from the oscillation modulator unit is stepped down 1/32 by Counter
Unit NWo. 1 and further stepped down 1/32 by Counter Unit No. 2, and
totally become 1/1024 of the oscillation frequency or approximately
14kHz.

An approximate 110kHz oscillation iz derived from the standard
erystal oscillator and this is stepped down 1/8 in Counter Unit No.
3 to approximately 1l4kHz,

As shown in Figure 3.4.9, the outputs of Counters 2 and ] are
compared in the control unit and a DC component proportional to the
phase difference is extracted. After thorough smoothing of the

wave form, it is fed back to the variable capaciltance diode of the
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oscillation modulator unit, to compensate the frequency drift,

When the voltage vectors of the standard and comparison signal
outputs V and V have a phase difference of 90°, as shown in Figure
1.4.9, the detected DC component will be zero as vectors (v, + V,)
and (V, - V;) are equal as shown in Figure 3.4.10.

~Next, when no phase difference exists between vectors V, and
V,, the .sizes of vectors (V, + V,) and (V, -~ V,) will differ as in
(c¢) and a DC output in proportion to this difference will appear.

Although (d) will be the same as in (c), since the direction
of vector is inversed to (¢), a DC output with an opposite palarity
to {¢) will be obtained.

Generally, a DC outﬁut as (b), corresponding to the phase dif-
ference between V, and V, will be generated. From the foregeing
relations, the phase detector has a phase and a "s'" voltage curve

as shown in Figure 3.4.11.

Relerence
signal

Comparison signal

1+ =
Output voltage

=

U T
Phase difference &

—

Figure 3.4.9 Figure 3.4.10 Figure 3.4.11
Principle of a Vectors of the Charvacteristics
Phase Detector Various Voltage of a Phase

Detector

{3) Power Amplifier

The output power of FM broadcasting transmitters are in general,
over 250 Watts. The power of transmitters are classified into 10
dB steps, such as 1 kW, 10 kW, etc. Stations assigned with output
power of 250 or 500 W can use a 1 kW rransmitter, by reducing the
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output power., The 10 kW transmitters normally use a 1 kW trans-
mitter with an additional 10 kW power stage. In case a power of 3
kW or 5 kW is required, the 10 kW .transmitter can be operated by
reducing the output power, as mentioned above,

There are many advantages such as in means of manufacture,
maintenance and increase of power by employing the foregoing method,
Figure 3.4.12 shows an example of a high-pass filter to insert in
the output of a power amplifier.

Working attenuation standards

2nd Harmonics over 50 dB
3rd Harmonics over 40 dB
4th Harmonics over 30 dB
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Figure 3.4.,12 High Frequency Filter
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3.4.5 Auxiliary Facilities

(1) Radio Relay Receiver

Receives the broadcast wave of the master station and extracts
the composite stereophonic signals, to modulate its own stafion

transmitter for rebroadcasting.

J—l Receiver | J
——| loput Filter I““I DiSU'iilllUi]. Q‘O‘rl".\l Brodeast 'l‘t‘nnsmiltergl
-L‘l Receiver I—r:'

Figure 3.4.13

It should be considered so that a sufficient DU ratio could be
obtained against its own transmitting wave. If the DU ratio is
gmall, abnormal oscillation may occur between the transmission and
reception waves. Therefore, it will be necessary to take consider-
ation of the DU ratio, in case the difference 1n frequencies 1s
small, especially when theve is fading. Measures for these are to
separate the transmitting and receiving point, or to adopt diversity
reception, to avold the interference from its own transmitting wave.
Tt is alsa necessary to make studies against distortion caused from
multi-propagation paths. TFigure 3.4.14 chows a block dlagram of a

typical radio relay receiver,
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Figure 3.4.14 Block Diagram of a Radio Relay Receiver
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A monitoring receilver is provided at the studio to supervise

diagram of this receiver.
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Figure 3.4.15

Tnput | High frequeney
amplification lixer Band pass filier IF amplification Limiter Disriminator __o\lo Emitter Nower
|
S |
|
I
|
{
Crysial l
seillatiog Multiplication Detection o Squelch —— Emitter Tollawer
Carrier wave
siropgih meter
Amplification -
Devection E— Law pass filter De-emphasis output 0 Main ehannel output
¥ U
Maono

I

. . o . Amplification
=0 [—O”?—____ Amplidication Emitter follower Low pass Hlet Ire-emphasis © 1. M Oupue

! s O] . | | oulput
t Steren Switching, ]
{
' ]

|
: tdemadulatop |
| |

[T Amplificati

| : Ampliification Emitter follower Low pass filuer De-emphasis plifieatien -0 R outp
| R | oulput
| |
| !
| !
St AN ——— ———— -

—_—————

19Kz 38KHz Limiter-

Band pass filter Amplilication Multiplication Ampliticatinn o Rectification
amplifiention

Steree indication

No-madulation alarm

Hectification

Pilot modulatiog metet

—109—






o T X 2

TP,

1,5 FM Rebroadcast Transmitter and FM Relay Unit

3.5%.1 Ratlngs and Performance

Table 3.2 Ratings and Performance of FM Re-Broadcasting Transmitters and FM Relay Units

e

Classification

ftems

oo

Type ¥V

Type VU and UU

Type UV

Recelving frequency

Designated frequency
within 76 " 90Milz

Designated frequency
within 76" 90MHz or
920 v 960MHz

Designated frequency
within 920 960MHz

Transmitting frequency

Designated frequency
within 76 " 90Miz

Designated frequency
within 920 960Miz

Designated frequency
within 76~ 90MHz

Maximum frequency
deviation (100% modu-
lation)

Input 75kHz, Output
75kHz

Input VHF 75kuz,
UHF 150kNz, Output
150kiiz

[nput 150kHz, Output
75kHz

standard input level

55n80dB/ VYu(open-
circuit voltage)

UHF 5578048/
UHF 60 80dB/pV

60780dB/ v

Gutput

Type 30VvW-71 1W,
Type 40VV-71 1OM,
Type 50vV-43 100W

Type 30VU-71 1W,
Type 30UU-71 1W,
Type 43VU=41 204

Type 40UV-71 10W,
Type 50U0V-41 p00W

Sysiem

Heterodyne [requency
conwersion system
(Shift local)

Heterodyne frequency
cenversion system

Heterodyne [requency
conversion AFC system

Power supply

100/200V single phase

AC  50/60Hz

Ambient conditions,

Temperature

Humidity, power
supply voltage

Stable operation
within the following
rangaes, -20 to 4+60°C
(However, must be
mechanically sound
and stable for tem-
peratures between
-20 to -10°C and 40
to +60°C)

45 - 90%, rated
poewer supply voltage
5%

30VU: -20 to +60°C
{Same conditions as
in parenthesis at
lefr), 3000, 43VU:
=20 to +40°C (How-
ever, must be mecha-
nically sound and
stable between the
temperatures of -20
to -10°C)

(Same as Type VV)

Table 3,3 Performance

of FM Relay Re-~Breadcasting Transmitters and FM Relay Unlts

Classification

A s e

Type VV Types VU, UU Type UV
Leems
(General Performance)
Permissible variation +150Hz (When receiv-
in tronsmitting ing inpur frequency 2kt t1KHz

froquency

variation is zera)

Input impedance

VSWR Under 1.3

VHF VSWR Under 1.3
UHF VSWR Under 1.2

VSWR Under 1.2

Output impedance

S

VSWR: to match load
under 1.3

VSWR: to match load
under 1.2

{Same as Type VV)

R

s
>
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Items

Type VV

Types vU, UU

Type UV

Spurious radiation
acrength

Under —63dB

Under -63dB at center
frequency *500kHz and
under «43dD at other
frequencies

(Same as Type VV)

Effcctive Selectivity
(1) D/U against its
own radiated waves
b/u

{2) n/U mgainst other
station radiated
waves

£500kHz Under -404B
*700kHz Under =-504B
*800kHz Under -604B
with declining
characteristics

+500kHz Under -50dB
with deelindng
characteristics

VHF input over +500kHz
Under =40dD with de-
clining characteris-
tics

UHF input over Z2MHz
Under =40d8 with
declining character=-
istices

Qver #2Miz Under -5048
with declining characrer-
iscice

Squelch operation

Adjustable to operate
below a desired in-
put-signal level of
30dB/UV (Open-circuit
voltage).

Under conditions
however, where an
Interference wave
(Receiving frequency
over *1,000kHz of
awm statlon frequen—
ey} of 1061 is andded
to cthe input.

Ajustable to oparate
below the desired In-
put signal level of
306 dB/nv

(Same as Type VU)

Oucput fluctuation

+0,5 and -1.0dB of
rated value at input
levels of 50 - 854B/
1V (open-circuit
voltage)

Within + 1dB of rated
value at Iinput levels
of 50~ 85dB/uv

{Same a8 Type VV)

AFC operation

Capable of controlling
the overall receiving
input and transmitter
output frequency varia-
tiens to under 1/10.

(Monophonic characteristics)

Amplitude frequency
characteristics

Within £ 1dB through 50 - 15,0000z with 1,000Hz as standard

Pistortion factor

Modulation
frequency
Degree of 50 - 14,0000= | l0,000- 15,0000z
modulation
Lo0% Under 1% Under 1.5%
1337
(100% level +2548) Under 2% Under 3%

S/N ratio

Over 60dB at 1,000Hz 100X madulation

Residual amplitude
modulation noisc

Under =53dB when unmodulated
Under ~4048 at 1,000Hz and 100% modulailon

Occupied frequency
bandwidth

Within 200kHz at
15,0000z 100%
modulation

(Same as Type VYD)
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Classiflcation

ltems

Type VY

(5tereophonic performance}

Types VU, UU

Type UV

Amplitude [requency
characteristics

Within +1dB between 50v15,0000: wich 1,000Hz as the atandard

-
platoridon Eactor

Modulation
frequency

Degree of
modulation

50 - 10,0001z

10,900 - 15,0002

Maximum modulation

bBegres of pilot
signal modulation

5/8 ratio

(45-45-10) Under 1% Under 1.5%
Haxfmum modulation
42,548 2% Under 3%

to be a constant
value of 102

Over 60dE  at 1,000z maximun modulation

L and R scparation

to L. and R signals

Over 334B between 100 and 10,0000z at maximum medulation with respective

Occupled frequency
band=width

Wichin 200klz at
maximum modulation
of 15,0001z

(Same as Type VW)
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(b) Shift-local system

As the tolerance of the transmitting frequency cannot be main—
tained within the prescribed range by merely adding another crystal
oscillators to the local osecillator of receiver and transmitter

3

the followlng shift-local system is normally used.

'{;‘ _._..#--J Roeeive aml mix Intermediate frequenes ] Miving aml transmis o /.
First local oscillnier — == Osrillatiom, mixer j—e—————— |
. I foos
Servamnd Local naeil -
lator
Receiving frequency ER
Transmltting frequency £
First local oscillator frequency fL
Local oscillator mixer output
frequency EL g
if fg = fR + Af
- = + ¥
fLg= f 2 0F
AF = Af
then

and therefore fluctuations of the first local oscillator will not
appear as transmitting frequency fluctuations but only the second
local oscillator will appear as frequency fluctuations, Since the
second local escillator frequency is selected as the receiving and
transmitting frequency, and the frequency is rather low, it is

quite easy to maintain the frequency within the prescribed limit,

(e} Control of basic unic
The units composed of solid-state unics of the FM rebroadcast-

ing transmitter are called the basic unit.
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Inpur (ilter | Switehing contreller feem Fy LooW power amplifier or anteana

.__,———V Kasir wnit No, 1§ —L
- I

Basic unit No. 2

The power supplies for Basic Unit No. 1 and No. 2 and always
turned on. The basic unit in standby condition is switched to the
dummy load by the switching controller and will be switched into

the cirecult in case trouble develops in the other basic unit.

Control of the basic unit
The basic unit will be switched over to the following 3 condi-

tions by the switching controller,

{1) Basic unit No, 1 in operation (there will be no switch over
to No. 2 unit in case of breakdown)

(2) Automatic (changeover will be provided automatically to
either unit, in case of breakdown)

{3} Basiec unit No. 2 in operation. {(There will be no switch-

over to No. 1 unit in case of breakdown).

In any of the above three conditions, when there is no input
signal entering, the squelch will be operating and the basic units
will be all connected to the dummy load and the 100 W power amplifi-
cation stages will not be excited. This means that there will be
no noise broadcast.

When input signal enters, the pre-selected basic unit will be
connected to the antenna or the 100 W power amplifier. The other
unit will be connected to the dummy load.

In case of automatic operation, if the baslc unilt in operation
breaks down, the squelch or cutput detector will activate and
switchover to other unit will be provided in about 5 seconds.

In case of automatic operation, if the basic unit 1s switched
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over to the standby unit, and the trouble of the unit restores by
itself for some reason, the restore button should be pushed in
order to maintain the normal standby operation conditiecn,

In case there is no input entering the basic unit, the squelch
will operate, and in case of the conversion amplification unit and

14 or 10W power amplification unit, the output detecror will

operate and, switchover will be executed.
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3.6 Circuit-Transmitter and FM Rebroadcast Transmitter

In rhe transmisslon of programmes from studic site to the
transmitter site, a method of modulating the FM transmitter by the
output of the STL receiver was widely used, but, recently, a method
of combining the function of STL transmitter and FM rebroadcasting
transmitter was adopted. By this method, the $N ratio, degree of

signal separation has been greatly improved.

A block diagram of this combination is shown in Figure 3.6.1.
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3.7

Measuring Instruments for FM Stereophonic Broadcasts

The necessary measuring instruments will be a stereophonic

signal generator, FM wide band detector and a stereophonic signal

demodulator,

3.7.1 Stereo signal generator {(Type HSG-501B)

1, Prinecipal performance data
Table 3.4
Item Performance
Input Signals L and R input signals and
oscillator input signal
Frequency range 50 - 15,000Hz
Impedance 600 balanced
Level Approximately +4dBm
Pre-emphasis Time constant 50 us
Main Signals Main channel (L and R sum
channel signal)
output Frequency character- | Within #0.5dB between 50 -
istics 15,0004z (Standard 400Hz)
Impedance 60082 unbalanced
Level Over +10dBm (From Table 3.5B
degree of modulatilon)
Distortion factor Under 0.3% between 50 - 15,000Hz
at an output of +10dBm
Signal to noise ratio{ Over 70dB at an output of
+10dBm
Composite Signals Composite signal (Main chaanel,
signal subchannel and pilot signals
output independently or in combina-
tions)
Frequency character~ | Within #0.5dB from 5C - 15,000Hz,
istics within #0.3dB from 100 - 10,000
Hz
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Item PerEormance h
Composite | Impedance 752 unbalanced
signal
output Level Over 1V,_, (759 termination)
L}
(cont’d) Distortion factor From table 3.5(B), (C) degree
of modulation
Under 0.5% from 50~ 100H=z,
Under 0.3% from 100 - 10,000Hz,
Under 0.4% from 10,000 to
18,000Hz=
Signal to noise ratio| Over 70dB for le_p output
Suppression of sub- Under ~40dB for an output of
carrier wave iV
BP-p
L and R separaticn Over 42dB from 50 - 10,000Hz
Over 36dB from 10,000 -~ 15,000Hz
Pilot signal Within 19kHz *0.01%
frequency
Pilot signal output Variable over approximately
level O.OB-—O.lVP_p
Phase difference Within *3°
between pilot signal
and the subcarrier
wave
19kHz Impedance High impedance unbalanced
output
1
Leve Over 1Vp_p
Frequency Same as pilot signal within 19kHz
19kHz *0.01%

Power supply voltage

Power consumption

100V, 50/60Hz, single phase

Approximately 10VA
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A list of degree of modulation are shown in Table 3.5,

Table 3.5
) Degree of | Degree of Degree of

Name Modulation modulation | modulation, | modulation,

signal main sub— pilot

channel channel signal

Maxlmum Left(or righr)
degree of | stereophonic 45% 45% 10%
modulation | signals only
Maximum Equal phase and
degree of equal amplitude
modulation | of L. and R 90% 0% 10%
of main stereophonic
channel signals
Maximum Reverse phase
degree of and equal
modulation | amplitude of L 07 90% 10%
of sub- and R stereo~
channel phonic signals
Maximum *Monophonic
degree of signals
modulation 100% 0% 0%
of mono-~
phenic
signals
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3.7.2 TM Wide Band Linear Detector (Type RDA-501A)

1. Performance

1.1 Principal Performance

Table 3.6
Ttem Ratings and electrical
performances
Carrier Frequency | Range 6~100Mz (Note: Receiving
waves frequencies that interfere
with the intermediate
frequencies cannot be used)
Error 2%
Input Impedance 500 (unbalanced), VSWR:
Under 1.1 (76 - 90 MHz),
under 1,3 (6-100MHz)
Level FM input: Over approximate-
1y 95dB, AM input: Over
approximately 114dB (500
termination) -
1wV = 0dB
™ Indication Qn +10/50/100/200kHz
range
Indication +57(of maximum indication
error value) from 50Hz te 100kHz
AM Indication ~70dB~ ~50/ -40/ -304B
range ~40dB = 1%
Indication +5% (of maximum indicated
error value) from 90Hz v 53kHz
Inter- Center frequency 46MHz
mediate Band width Approximately 1.2MHz/-3dB
frequency| proquency discriminator Differential character-
linearity istics of #0.2dB within
the range of -+400kHz of
the center frequency
Detector sensitivity gver 3ImV/kHz
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Ttem

Rating and electrical

performances

Low OQutput Frequency range |50Hz ™ 100kHz
frequency Impedance 758 (unbalanced)

Level Over le~p (wich 758 load)

De-emphasis 50ps and 75us and OFF
Overall ™ Overall Within £0.2dB (from S50Hz
character— characteristics | v 100kHz)
. Distortion Under 0.25% {(with *100kHz
istics .

factor charac- |deviation)

teristics

S/ Over 70dB (with +100kHz

deviation)
L and R Over 40dB (100Hz ™ 10kHz),
separation Over 36dB (50Hz v 15kHz)
AM 5/N when Over 50dB (at -30dB

measuring resi- |modulation)

dual amplitude

modulation

noise

Frequency deviation calibration

With bullt in oscillactor,
+75kHz, deviation within
+2% of indication error.

Power supply

100V AC *10%, 50/60Hz,
approximately 10VA

Weight and measurement

o9kg (without rubber feet
and cord)
W430 ¥ H150 * D280mm
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3.7.3 Stereophonic $ignal Demodulator (Type HSD-501B)

1. Principal specifications

Table 3.7

Ttem

Performance

Input Signal

Frequency range

Monophonic and composite
signals

Monophonic signal 50Hz v 15kHz

Composite signal 50Hz ‘v 53kHz
Pilot signal 19kHz

Impedance 758 unbalanced
Level
v lvp_p
Qutput Signals Monophonic and composite

Frequency range

Impedance

Level

Frequency character-
istics

Distortion factor

Signal-to-noise ratio

L. and R separation

signal detector output
Monophonic signal 50Hz v 15kHz
Composite signal 50Hz v 15kHz
6002 balanced

+10dBm from Table 3.5 at
various degrees of modulation

Wichin £0,5dB from 50Hz to
15kHz

Within #0.3dB from 100Hz to
10kHz

To correspond with Table 3.5
at various degrees of modula-
tion up te an output of +10dBm

Under 0.4% from 50Hz to 100H=z

Under 0.3% from 100Hz to 10kH=z
Under 0,5% from 10kHz to 15kHz

Over 65dB at +10dBm output

Qver 36dB from 50Hz to 15kHz
Over 42dB from 100Hz to 10kHz

Power supply voltage

100V AC, 50/60Hz, single phase

Power consumption

Approximately 10VA
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3.7.4 Measurement of Left and Right Signal Separation

(1) Method using cscilloscope wave form

Create a composite signal wave form output of a linear detector

on an oscilloscope. Then the degree of separation can be obtained

by the following equaticns.

— i

Figure 3.7.4

Separation = 20 log-% (dB)

(1) When only level difference exists

L _ M5

R N-S

A
B
) _ A

.. Separation = 20 log-E-(dB)

(1i1) When only phase difference exists

M+ B

)

P sin (Pt4-d)1-PsinE+

) d 4
= 2Psin (Pt4-2 ) cos >

M -5

]

Psin (Ptﬁ-d) ~ PsinP+
. dy o &
= 2Pcos(P +3 )esin 5

A
Separation = 20 log-ﬁ-
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Figure 3.7.5

(2) Method Using Instruments

Insert a left (or right) signal only and determine the degree
of separation from the difference in the left (or right) and right
{(or left) output levels of the stereo demodulator. (output levels

expressed in dB).

3.7.5 Measurements of Phase of Pilot Signal and AM Subcarrier
Wave Phase

The stereophonic modulation signal can be expressed by

(L+R) + (L -R) cos(wgt +¢) + Pcos -ng
I.+R = Main Channel Signal
L =R = Subchannel Signal
wg = Subcarrier Wave Angular Frequency
wg/2 = Pilot Angular Frequency
¢ = Phase difference between the subcarrier wave
reproduced by pilot signal and the subcarrier
wave transmitting through the subchannel
P = Amplictude of the pilot signal

To measure 8, create a Lissajous' figure of the subcarrier

wave and pllot signal on the socilloscope,
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First, project only the pilot signal, not the modulation signal
onto the vertical axis of the oscilloscope, and then applying the
pilot oscillator output to the horizontal axis, put the phase of

the 19kHz component of the vertical and horizontal axis in phase

with ¢1. This iIs to eliminate any phase differences of the 19kHz

frequency dtself in the oscilloscope and other circuits.
Next, add the modulation signal, and add the AM subchannel or

main and subchannel composite signal to the vertical axis, to form
a Lissajous' figure of 2:1,

AN Subchanned
Stercophonic T e e
Signal Geneentorgd———o E
1 Pilm L -0
|
R S § S S
Phase Shilter
Figure 3.7.6
L. - Q- -t

Figure 3.7.7
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w
IE vy = Sin(wst4-¢) denotes the subchannel, and x = sin‘?? o

denotes the pilot signal and the vertical axis is also set as 1,
then A = sin ¢, WNext, r will be obtained from the time y = 0 up to

{
this time will be x = sin —j‘ and the point at which the Lissajous'’

2
figure intersects the horizontal axis will be, B = sin—g— if the
horizontal axis is also set 1.
It will therefore be possible to determine ¢ from the equation
¢ -1 B_

"5'= sin C .

As the polarity of the subcarrier wave reverses between a-Dh
and b-c¢ as shown in Figure 3.7.8 when a subchannel signal is
applied to the vertical axis, the upper and lower part of the Lis-
sajous' figure in Figure 3.7.7 will be interchanged and will be-

come as shown in Figure 3.7.9.

Figure 3.,7.8 Figure 3.7.9
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Supplement 1.
CCIR PROBLEMS IN RELATION TO

STEREOPHONIC BROADCASTS
QUESTION No. 199 (X)
STEREOPHONIC BROADCASTING

{(Los Angeles. 1959)
The C.C.I.R,

CONSIDERING

{(a) that stereophonic recording of sound on both disec and
magnetic tape is already becoming well established in the
industry and such discs and tapes are already on sale to the
public in some countries;

(b) that experimental transmissions of stereophenic sound
programmes have already been made by broadcasting stations
in a number of countries;

fc) that, if such transmissions become general without inter-
national coordination, serious problems of Interference to
exlsting broadcasting services could arise;

(d) that by the adoption of suitable techniques on an inter-
national scale such interference problems could be avoided
and spectrum occupancy reduced;

(e) that it is desirable to achieve international standardi-
zation of transmission parameters so as to make possible
rhe standardization of some parts of receivers for

stereophonic broadcasting;

sUNANIMOUSLY DECIDES that the following
question should be studied:

1. by what methods can satisfactory stereophonic sound be
broadcast to ensure maximum economy in frequency usage;

2. what systems can ensure compatibility together with no
sigunificant loss of coverage or increase in mutual inter-
ference with existing services;

3. what parameters should be standardized?
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STUDY PROGRAMME No. 163 (X)
STEREOPHONIC BROADCASTING STANDARDS FOR
COMPATIBLE SYSTEMS

IN SOUND AND TELEVISION BROADCASTING

(Los Angeles, 1959)
The C.C.I.R.,

UNANIMOUSLY DECIDES that the following studles
should be carried out;
1. dinvestigate the systems for compatible stereophonic
broadecasting indicating;
1.1 the general principles of each system;
1.2 the detailed specification of each system;
1.3 the overall theoretical evaluation of the performance
of each system;
2, study the systems with particular regard to their feasibility
and applicability to existing broadcast transmitters;
3. study the systems with regard to:
3.1 performance of existing non-stereophonic receivers when
tuned to the stereophonic transmission;
3.2 performance of stereophonic receivers when tuned to the
stereophonic signal;
3.3 performance of stereophonic receivers when tuned to non-
stereophonic signals;
3.4 possibility of adapting existing non-stereophonic receivers
for stereophonic reception;
4. investigate the systems with particular regard to;
4.1 coverage;
4.2 interference effects;
4.3 bandwidth involved and other matters concerned with channel
utiliization;
5. carry out field tests of those systems that appear most
satisfactory;
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study and report on the required technical characteristics
of studio-transmitter links and related stereophonic
transmission facilities;

atudy the subjective aspects of stereophonic sound;
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Supplement 2, PROGRESS IN DETERMINING THE STANDARD
STEREOPHONIC SYSTEM IN AMERICA

1. Progress in Survey

The 14 systems suggested were studied by the National Stereo-—
phonic Radio Committee (NSRC) and reduced to a total of 7 systems
by consolidating similar systems. Studles were further advanced by
classifying these inte 5 similar types as shown in Table 1, and a
report on the survey was submitted to the FCC in May of 1960,

The FCC instructed studies be made in relation to these 7
systems plus a system directly advanced by the Philce Corp. for a
total of 8 systems.

Subsequently the 5th system (GEC) and the Philco system were
withdrawn by the proponents and, field tests were conducted by the
NSRC on the remaining 6 systems plus the 4 - 4A system, which is a
combination of the No. 4 and 4-A systems,

A 50kW transmitter of FM station KDKA in PYttsburgh, Pennsyl-
vania was used in these tests. Reception tests were conducted at
the 3 field strengths of 1lmV/m, 300uV/m and 150uV/m for frequency
response, stereophonic separation, distortion, S/N ratic and cross-
talk together with broadcast reception evaluation tests from test
tapes of standard stereophonic programs.

The results of these tests were submitted to the FCC in
October of 1960 and were used as basic data for determining the
system.

The FCC published Memorandum 13506 on April 20, 1961 in re-
lation to revisions of the current regulations necessary for FM
Broadcasting Stations, to broadcast stereophonic programs. Past
developments and reasons for deeiding the system were reported and

also that these revisions would become effective on June 1 of the

same year,
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2, Outline of the Various Systems

The technical standards of the various systems surveyed and

the transmitter and receiver systems used are shown in Table 1 and
Tigure 1 to 6.

3. Comparison Studies of the Various Systems
(a) TFirst System (Crosby)

Since this is an FM-FM system and 1s moreover of a wide-band
characteristics (the required stereophonic bandwidth alone is de-
signated as 112.5kHz), this Is not compatible with SCA operation.
Also, since the drop in $/N ratio during monophonic reception is
5dB higher than in the 4-4A system, this system was rejected for

the reason that it will have undesirable effects on the monophonic

listeners.

(b) System No. 24 (Calbest)
System No. 2B (Halstead)

As the upper limits of the stereophonic subcarrier wave are
7,000Hz and 8,000Hz, stereophonic separation will be lacking over
these cut—off Frequencies., These systems were rejected for the
reason that they would be deficient in good stereophonic sound

quality.

(c) System No. 3 {(Percival)

This system is theoretically superior to other systems, how-
ever, in practical usage, it lacks the ability to fully display its
stereophonic effects. TFor example, with regard co multiple simul-
taneous stationary sound, the sound image councentrates in a spot,
and Furthermore, Lt has a drawback of rapid variation in gains
between the L and R output signals. For the foregoing reasons,

this system was also rejected.
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(d) System No. 4 (Zenis) and No. 4a (GEC)

These are both AM-FM systems and are recognized as being the

game theoretically. Comparisons and studies were made in relation

to the 4-4A system which is a combination of these two systems.
The results of these studies were that

(1) Erequency response and stereophonic separation were equiva-

lent to the Crosby system (No. 1) theoretically and in
practice.

(2) Stereophonilc broadcasts are practically possible with no

effect on monophonic audience.

{(Calculation example of reduction

in S/N ratio) System No. 1 System No.4-4A

Monophonic receiver output 6B Under 1 dB
Subcarrier wave output 15 23
Left (Right) signal output 13 20

(3) Can be used jointly with SCA multiplication.
(4) The cost of the veceiver (broadeasting transmitter) will not

be expensive compared with other systems.

With the foregoing reasoms, and from the viewpoint of the
"principle of carrying out the task of offering high gquality
artistic~like quality", System No. 4-4A was selected as the standard
system. The system was considered most gainful to the public and
compatible with economic and related elements without severely
obstructing present operations being conducted under current regula-

tions.
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Supplement 3. SCA (SUBSIDIARY COMMUNICATIONS
AUTHORIZATION)

1. SCA Service is a special supplementary communication service of
a non-broadeasting nature under special approval of the FCC
{(Federal Communications Commission) in relation to applications

submitted by broadcasting stations.,

SCA service is designated as being a nature, that must be
carried out separately from the FM broadcasting hours and, consider-
ed to be merely a supplementary servicz, and restricted from in-
dependent operations,

FcC's approval will be required for SCA transmission, but no
approval is required for reception facilities, Program contents
are background music, news commentaries, time-signals and detailed
weather forecasts with no commercials, and are broadcast to special
contract listeners only. The listeners' receivers must be those
speclally designated by the SCA, authority.

The contractors are mainly hotels, restaurants, stores, depart-
ment stores, hospitals, business offices and factories and the

monthly rate is approximately $25.00 per contract.

2. Technical Standards of SCA

(1) SCA subcarrier waves must be FM

(2) The instantaneous frequency of SCA's subcarrier wave must be
within the range of 20 - 75kHz and, for stereophonic broad-
casting within the range of 53 - 75kHz,

{3) The arithmetic total of SCA's subcarrier wave group modula-
tion of the main carrier wave must not exceed 30% and, for
stereophonic broadcasts, must not exceed 107%.

(4) The frequency modulation of the main carrier wave by SCA's
subcarrier wave must be 60dB below 1007 modulation, within

the range of 50 - 15,000Hz,
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occuring by the re-broadcasting transmitter are indicated by

arithmetic totals for each frequency component

Distortion arising from multi-propagation increases in the

form of average squares.
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Supplement 5. DISTORTION IN RECEPTION OF MULTI-PATH
PROPAGATION FM WAVES

1. Introductory Note

In reception of FM waves, if there is reflection waves from
mountains or large structures, besides the direct waves for recep-
tion, distortion may occur.

The actual phenomena are extremely complicated, but to grasp
the outline of these phenomena, we will explain the clarification
results as follows of the most simple case when two FM waves arrive

with certain time difference,.

2. Indication of Composite Waves

In case that two FM waves propagated along two different paths,
and the second FM wave delayed a time of ty than the first wave,
the instantaneous voltage of the two waves will be expressed by

the following equation.
_ . D .
e, = E; sin(uw, + - sin 2Wue) &)

E

13
)}

5 sinlw{t - £4) +%sin 2mu(e - ty) (2)

In the above equations,

= Angular frequency of the carrier wave when unmodulated
D = Maximum frequency deviation

H = Audic signal frequency

ty = Delay time of wave No., 2 in relation to wave No. 1

E, = Amplitude of wave No., 1

E, = Amplitude of wave No. 2
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Figwe 1. Veclor Composition

Figure 1. Vector Composition
-

Now if we compose these two waves according to Figure 1, the

amplitude of composite wave R will be as follows.

_ 2 22 <R
R_\/E1+E2+2E1 E, cos 0 (3)
Here
8 =—[lsin 2mUt - D sin 2mu(t - t ) + wt
u M 0 0
= 2% sin LAY cos(ZTmto - 1mtu) + wt,
= Z-cos(2mpt — mur ) +owr (4)
However,
Z = 2£sin TUt (5
M 0
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Angle o formed by the composite wave R and E will be

Ez sin & R sine (6)
tan & = E, + E, cosb 1+ rcos§g
Here,
T = EZ/EI (7

Therefore, the composite signal will be

e1+e2=fE21+E§+2EE cos® X

-1 r sin®

l+xcose) (8)

sin(mt-+%}sin 2FUL -~ tan

If we substitute equations (4) and (7) in the above equation, we

will have

— 2 _
e, te = EI\/ 1+x*+2x cos{2cos(2mut TUE ) +w ol %

-1 zsin{z cos(2ﬁut-—ﬂpt0)-kw 0}
1+rcos{Zeos (2wt - mpty) +wty}

sin [ Wt +% sin 2mJUt - tan

Here, D
Z = Z-Irsin UL, (D

In equation (1), variations in composite wave amplitude, de-
clinations in the sine functions indicates phase variations of the
signal. The FM wave is therefore subjected to amplitude modula-

tion together with distortion of its FM components.

3. Effects of Interference on Envelopes of FM Waves

The amplitude envelope will become the functicn of the signal
voltage ratio x, maximum frequency deviation D, delay time t  and
audio frequency | of the 2 FM waves. Examples of this are shown

in Figures 2 - 6,



[ evt e d

ser
i - 1 - L 1 ' L N 4 L 5 ,
u i) o Gt ST ENE L T e _—
TTul .
Figure 2
a0
1.8
1.6
— 1.4
S
Tl i
- .4 FE=R0~
0.6 X =05
0.1 K=
n 1 —1. —
= Mo
1 ] 1 3 t ¥ f |
. i o ) 1 L
T T R
i TT
Figure 3
D=10kHe  p=onkis D= 15kHe
.0 ’
1.8 =16
1.6 / kilz
— 1.4
5.
s bAuF S BRI
— 0.4p Xy
0,64 Eo= 1
' Lo e
b RO
0.2
0 ! PR L y f 1 " n It
T T E T T T U
rapl- e
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Figure 5, Variations in relation to delay time
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Figure 6. 0Oscilloscope Wave Form
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4. Effects of Interference on Detector Output

Since the detector output is in direct ratio with the instanta-

neous frequency, it may be expressed as follows.

1 d D
f= —é—” q[ﬂ]t +Tj‘51n 2“}.”:

-k

an~L ¥sin {Zcos (2mpt ~ mue ) +wt, )
1+ zxcos {Zcos(2ﬂut-ﬂutu)-+mt0}

= W
= on + Dcos21t

2Dsinmutgsin(2mpt - wutky)
1/x + cos{Zcos(2mut - mut ) +wey}
x4-cos{Zcos(2ﬂut-ﬂut0)-+wtu}

(10)
+1

The second term of the above equation expresses the fundamental
wave and the third term, the amount of distortion. If we expand

the third term to Fourier figures, it will be as follows.

o
Third Term = -2u & (2n+1) (-1)"g(2n + 1,2,7,wt )sin(2y + 1)y
nz

-2u Zl (2n)(—l)“S(Zn,Z,I,mtu)sinZnY (11)
n:

In this equation y = 27t - e,

[ A S
G{m,n, xr, 8) = L (-x) Jm(sn) cos sf
s=1 s
@ (_r)S .
S{m, n, x, 8) = X Jm{sn) sin sB
s=1 %

and the third term contains both the fundamental wave and the higher
harmeonic components.
The fundamental wave of the detector output is therefore a

composite of the original fundamental wave in the second term and,



the fundamental wave of the third term and, at times, may be far
greater than the original value,

Examples of distorted detector output wave forms are shown in
Figures 7 - 9. Although the spikes indicate that higher-order
harmonics are present, as the bandwidth of actual receivers are

limited, these peaks are actually flattened.
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The detector output of a two-wave composite wave applied a
delay time of 16.2Us is shown in the oscilloscope photos in Figure
10.

0= 100,000~ j= 10000~  Ds75000~ 4= 10,000
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D=2 100,000~ U = 1000~ D=75000~ W= o000~
Fipure 10. Oscilloscope Wave Forms
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5.

Conclusion

(L

(2)

(3)

(4)

As explained in the foregoing, 1t has been proved theoretic-
ally and experimentally that reception-dlstortion exists in
TM waves due to the multi-path propagation. The cause of
this distortion is due to the fact that the FM waves are
subjected to amplitude modulatien, the audio signal of the
two FM waves will be in same phase and opposite phase, with-
in a cycle and, as a result, it will be amplification modu-
ated and peaks and valleys will occur. They will be a sharp
instantaneous irregular fluctuation in frequencies, and

also become the distortion component of FM.

The variation of amplitude are generally eliminated by a
limicer in the FM receiver, but noise will be added if the
limiting action is_insufficient or when the valley of the

amplitude is deep.

Distortion caused by mﬂlti—pafh propagation of FM waves
contains a large amount of high-order harmonics. This is a
peculiarity of FM and differs from AM distortion. Distor-
tion generally tend te increase when the frequency of the
modulating signal becomes high or ﬁhen‘thehfreqﬁéncy devia-

tion increases.

When two FM waves are arriving from different'direc;ions,
distortion may be reduced by employlng a sharp direétional
receilving antenna. Howeﬁer, when the FM waves arrive from
the same direction, there will be a limitation. 1In selecting
receiving points for rebroadcasting Stations, speclal care
should be taken into consideration with regard to mu1ti-path
propagation. '
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Supplement 6. ABNORMAL PROPAGATION OF VHF WAVES

In the VHF band, partilcularly in the FM breadcast frequencies,
long distance propagatlon caused by ionoshere will become evident,
from spring to the end of summer, centered around the summer
solstice. This kind of interference caused by abnormal propagation
affects not only rebroadcasting of broadcast waves, but also to the
ordinary FM audiences. Therefore, in rebroadcasting broadcast
waves, it will be necessary not only to consider the selection of
frequencies to avoid interference at receiving site of its own
transmitter but also to avold interference from abnormal propaga-
tion,

The level of the interference wave arising from abnormal
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propagation becomes considerably high during particular periods or

A general outline of their characteristics is given below.
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Figure 1. Examples of daily variation characteristics of

(1)

(i1)

(i11)

percentage of reception time

The first maximum in the daily variation characteristics of
field strength reception is between 10 and 12 a.m. and the
second maximum is between 5 and 7 p.m. An example of these

characteristics 1s shown in Figure 1.

Continuation time

The average reception time (field strength exceeding 20 dB)
for the propagation path between Sapporo and Kagoshima or
Fukuoka, is about 50 minutes per day during July. But in
case abnormal propagation occurs, it will continue for about

two hours.

Distance characteristics of abnormal propagation

Abnormal propagation tends to develop over distance of about
1,600 km. The geographic location of Hokkaldo and Kyushu is
therefore most conductive to development of abnormal propa-

gation.
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