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FOREWORD TO THE A .E.I. SERIES

by THE VISCOUNT CHANDOS, P.C., D.8.0.,
Chairman of Associated Electrical Industries Lid.

THE books in this series have been produced for those
concerned with advanced theory and practice of engineering and
kindred subjects. There is a growing need for such books, parti-
cularly overseas and in the countries of the Commonwealth.

Great Britain has both the special knowledge and the experi-
ence that gives birth to new technologies and supports them
while they are growing. It is not enough to have such know-
ledge if we hide it under a bushel, and it must be widely dis-
seminated. Much of it is found in the industrial organizations,
and it is their duty to spread it through the medium of articles
and books. The staffs of all such organizations should be
encouraged to publish their work for the benefit of all.

It is with this purpose that the A.E.I. Series of textbooks has
been founded. It is an extension of an earlier series sponsored
by the British Thomson-Houston Company—one of the A E.I.
Group—and its aim is, by including contributions from all the
member companies of A.E.I., to make knowledge of a wider
range of subjects available to engineers and technologists.

Gt




PREFACE TO THE SECOND EDITION

SiNcE the preparation of the first edition, stereophonic
recordings on disk to a single technical standard have become
available throughout the world. Both disks and pickups have
been substantially improved following their first too hasty
release, particularly in respect of crosstalk and the best
examples of tone arms have moved into the class of precision
engineering products. Four-track stereophonic tapes have been
released with the expectation that they will make greater
inroads into the domestic record market than two-track tapes
were able to achieve. Stereophonic broadcasting, using sub-
carrier transmission of the second channel, has been approved
for use in America by the Federal Communications Com-
mission. It will be seen that the emphasis in new developments
is on the stereophonic reproduction of sound, an undoubted
necessity in a system with any pretensions to high quality.

The subjective performance of two channel stereophonic
systems continues to be superior to what might be expected
from our knowledge of the performance of the hearing system
indicating that we are advancing very slowly in our under-
standing of stereophony.

To keep abreast of these developments, the chapters on disk
recording, magnetic recording and stereophonic reproduction
have been extensively rewritten, while all the remaining
chapters have been revised in detail. The references at the end
of each chapter have been brought up to date and where a
later article has been found to be more useful, the earlier
reference has been deleted in favour of the later contribution.
A number of small errors and misprints have been corrected
(including the last paragraph of the preface), the majority of
them detected by Mr. Alan Tompkins of Joseph Lucas and
Mr. V. K. Chew of the Science Library, to whom I am greatly
indebted for their meticulous reading.

May the second edition prove as interesting to readers as
did the first.

JAMES MOIR
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PREFACE TO FIRST EDITION

I HAVE written this book for the professional engineer and
for the much larger group of knowledgeable amateurs interested
in the problems of reproducing sound with a high degree of
fidelity. It attempts to cover the whole subject, but such
ambition makes it impossible to impart to the specialist
anything new in his own field, though it may malke the adjacent
pastures look more interesting.

Because of, or perhaps in spite of, my professional interest
in sound film equipment, I have for many years had an
amateur’s enthusiasm for the problems of reproducing high-
quality sound in domestic surroundings. My professional
interests have served to sharpen my amateur appetite and
provide the technical facilities that enabled me to pursue the
subject more deeply than an amateur usually finds possible.

Treatment of the subject varies in depth from chapter to
chapter, reflecting in some measure my own experience, though
apart from this limitation it was not thought appropriate to
treat in great detail the design of such components as micro-
phones, pick-ups and loudspeaker units. These are specialist
problems that the average engineer rarely needs to consider.
Instead of probing deeply into these design problems the
relevant chapters concentrate on those aspects of the design
and performance that are of interest to the engineer or amateur
attempting to choose or use such components. Considerable
space is devoted to the design of amplifiers and a discussion of
loudspeaker mountings and enclosures.

For those readers who are unusually interested and wish to
probe more deeply into some particular problem I have added to
the end of each chapter a list of references to published papers
that T have read and found useful in my technical work. There
must be many more from which I have garnered a good deal of
information, but if I have unwittingly quoted from any paper
without giving acknowledgement, I would apologize in advance
and would be pleased to have my attention drawn to the
omission.

All the journals quoted may be consulted at the Science
Library in South Kensington, from whom photostat copies can

1X A%



PREFACE TO FIRST EDITION

be obtained at a small charge. The majority of the journals
are available to members in the Library of the Institution of
Electrical Engineers, Victoria Embankment, London, but the
would-be reader who lives out of London need not feel that the
journals are unduly remote. Apart from the photostat facilities
provided by the Science Library, the municipal libraries in
almost every provincial town have interchange arrangements
that permit the librarian to obtain any journal requested.

My thanks are due to many people. Mr. G. S. Lucas, 0.B.E.,
Director and Chief Electrical Engineer of the British Thomson-
Houston Company, first tempted and guided me into writing
on the subject, and without his initial impetus the book would
probably never have been written.

Many other engineers have been associated with me in the
Sound Reproducer Development Section of the Electronics
Engineering Department of the British Thomson-Houston
Company, Rugby, and have made some often unrealized
contribution to the pool of knowledge. In particular, Mr. J. A.
Leslie has been my close associate for many years and our
discussions have provoked much useful thought. Mr. Leslie
has also struggled tenaciously through the script and proofs in
what can only be a tedious search for the many mistakes that
always seem to dog an author’s efforts.

My thanks for information freely provided are also due to
Mr. Bull, Chief Engineer of Westrex, Mr. W. F. Garling,
Chief Engineer of R.C.A. Photophone, Mr. P. J. Walker, of
Acoustical Manufacturing Company, Mr. H. J. Leak, Mr.
Erdelyi, of Polytechna, Mr. P. H. Parkin, of the Building
Research Station, Bell Telephone Laboratories, Philips Re-
search Laboratories, and to many others who have helped with
advice and criticism. Mr. Wells, of the Data Department
Diagram Section of the British Thomson-Houston Company,
converted all my very rough sketches into excellent diagrams
suitable for block making.

Experience suggests that few, if any, books manage to reach
their first edition without some errors. This volume is hardly
likely to be the exception, so I will be pleased to have my atten-
tion drawn to those mistakes that undoubtedly remain in spite
of repeated checking.

JAMES MOIR
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CHAPTER 1

The Objective Characteristics of Music,
Speech and Noise

IT wouLD APPEAR logical to begin a study of the problems
of high-quality sound reproduction with a survey of the
objective characteristics of the original sound, giving
especial prominence to those characteristics which it is
important to preserve if the system is to justify a claim
to high fidelity.

Space does not permit reproduction of the vast mass of
data available on the characteristics of music, speech and
noise. The information here given is therefore confined to
what is necessary for setting down the performance specifica-
tion of a sound reproducing system.

Sound is the subjective result of variation in the ambient air
pressure ; there is a special appeal to the senses when this
variation is sinusoidal or is composed of a number of sinusoids
which have frequencies related to each other in the ratios of
small whole numbers such as 1:2, 1:3, 1:4, 3:4, etc.
When the components have no such simple relation the resultant
sound is discordant ; and as the number of component tones
increases, it becomes merely noise. It is therefore convenient
to regard all sounds as being built up of sinusoidal components
having frequencies in the audible range between about 15 c¢/s
and 20,000 c/s, and to consider the performance of areproducing
system in terms of its response to sinusoidal signals in this
frequency range. There is no evidence to suggest that the
synthesis or analysis of a sound reproducing system based on
this assumption fails to take into account any factors of impor-
tance or leads to conclusions which are in the least fallacious.

It is not yet clearly established precisely which characteris-
tics of the original sound are important. There is a strong
temptation to consider as the most important factors those
that are most easily measured ; but there is no doubt that the
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HIGH QUALITY SOUND REPRODUCTION

power/frequency spectrum, i.e. the distribution of sound
power over the audio frequency range is one of the important
factors. It will therefore be given first consideration.

’ ! 111 1

40| R —

10 T

SOUNO PRESSURE
08 ABOVE 0002 DYMNE/8Q CM.

100 200 300 400 600 800 1000
CYCLES/SEC

Fre. 1.1. DBar chart representation of transformer noise.

TTTITTT T T Mo
TYPICAL NOISE SPECTRUM OF VACUUM CLEANER
— i 4

‘.!) 80 ] 11+
o | |

1 | |
£t A
£ 1 | N '\/\
wo
V40
W
g9 / N

8 ,
o
z - [/
Du \
og FAN NOISE GENERAL NOISE
v

@ —

q 40

o

o

Y I I
100 500 1000 s000 10000

FREQUENCY = CYCLES PER SECOND

F1e. 1.2. Noise spectrum of vacuum cleaner.

Presentation of Data

Information on the frequency spectrum of a particular
sound can be displayed in three ways : as a bar chart (Fig. 1.1),
as a continuous curve (Fig. 1.2), or as a sound spectrogram
(Fig. 1.3). The first is generally used when presenting data
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HIGH QUALITY SOUND REPRODUCTION

on musical instruments or sources of noise where all the
components are harmonically related, or occur at discrete
frequencies. The continuous curve is used when the spectrum
is complex with components closely spaced over the frequency
range. The curve is then the locus of the tops of a large number
of closely spaced bars. The continuous portrayal of the infor-
mation content of speech and music as a sound spectrogram
is a more recent development ® which is invaluable for those
applications where the maximum amount of information must
be given in the minimum of space, though it is not the clearest
method of presenting detailed information on particular
aspects. Typical spectrograms of the words ‘one two three
four’ are presented with explanation in Fig. 1.3. The spectro-
graphic method is valuable as a means of displaying the
continuous changes in the energy/frequency spectrum which
take place as words are spoken ; the charts previously discussed
do not give this information.

The Energy Spectrum of Noise

As there is an infinite variety of noises there is a similar
variety of frequency spectra; but only a few illustrative
examples of special interest are mentioned at this point.

Fig 1.1 is an example of the spectrum of a stationary
mains-energized device such as a power transformer or a
fluorescent lamp choke. It is characterized by isolated com-
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CHARACTERISTICS OF MUSIC, SPEECH AND NOISE

ponents at multiples of the supply frequency due to cyclic
changes in the core volume, the result of magneto-striction.

Noise due to the impact of metal upon metal has a spectrum
which generally extends to 20-30,000 ¢/s, as shown in Fig. 1.4,
and may extend to 50 or 100 ke/s.

Noise in a civilized community is mainly of mechanical
origin with low frequency components predominating. Fig.
1.2 is an example of the noise spectrum of a vacuum cleaner
having a continuous background of noise due to the bearings,
the brushgear, and the air in the ducts and nozzle, etc., but
having two very prominent compounds at 1,000 and 1,240 c¢/s
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F16. 1.5. Spectrum of room noise, as recorded by Hoth.

due to the motor cooling fan and the main fan respectively.
Gear-driven rotating equipment invariably displays prominent
components due to the gear teeth.

Sound reproducing systems are rarely specially designed to
transmit noise, and therefore, except in special circumstances,
the characteristics of noise are rarely of importance in fixing
the performance requirements of a sound reproducing system.
The spectrum of the ambient noise encountered in concert
halls and domestic listening rooms is important in fixing the
electrical power requirements and in determining the subjective
frequency response at low listening levels; because of its
importance in these respects it has been the subject of several
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HIGH QUALITY SOUND REPRODUCTION

investigations. Seacord! and Hoth ? of Bell Telephone
Laboratories checked the sound level and spectrum of the
noise in typical offices and domestic residences in America,
with the result shown in Fig. 1.5. It will be seen that low
frequency components predominate., The author has checked
a number of British houses and has found that the average
sound level agrees almost exactly with the American data
(43 phon) and it seems reasonable to suppose that the spectrum
also has the same form.

Energy Spectrum of Music
The performance specification of a sound reproducing system
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HIGH QUALITY SOUND REPRODUCTION

is given in Fig. 1.6(a), and a more detailed circuit of the peak
amplitude meter in Fig. 1.6(b). The capacitor microphone
and first amplifier, being of normal design, need little comment ;
the combined frequency characteristic is within + 2§ dB up
to 15 ke/s. The amplifier output is applied to a group of four-
teen band-pass filters which serve to isolate the energy in each
band. The peak meter can be connected across the common
input or the output of any of the filters, and is essentially a
group of ten thyratrons, each valve biased to require a trigger-
ing signal 6 dB greater than required by the valve below it in
the chain, all valves being supplied in parallel with the same
signal. A standard type of counter is included in the anode
circuit of each valve to record the number of times the valve
is triggered. It is a characteristic of thyratrons that, having
been triggered, the valve continues conducting until the anode
voltage is removed, and in this circuit the valve is reset by a
timer motor which removes the H.T. voltage for alternate
i-second periods. The amplitude of the incoming signal
voltage is thus sampled in alternate {-second intervals, the
amplitude, in discrete steps of 6 dB, being indicated by the
number of thyratrons triggered. A similar timer motor is
used to connect the ‘average meter’ to the input or output
of any of the circuits for alternate 15-second intervals, this
interval being sufficiently long to allow the meter to be read
by the operator in the normal way. A Grassot fluxmeter of
long time-constant is used to indicate average values.

The complete equipment produces readings of peak and
average amplitudes of the full frequency range signal and of
the peak and average amplitude of the signal in any of the
fourteen restricted frequency ranges transmitted by the
fourteen band-pass filters.

Sixteen orchestral instruments, two organs and four orches-
tras were investigated; the individual instruments were
selected from those thought to produce the greatest peak
amplitudes. All instruments were played by professional
musicians who were instructed to play fortissimo to a micro-
phone mounted about 3 ft. from the floor at a distance of
3 ft. from the instrument under test. In the case of the
orchestra the microphone was placed at a distance of 6--20 ft.

8
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with the violins nearest to the microphone. The data have
been corrected for the minor departures from uniformity of
the equipment frequency characteristic and for the acoustics
of the studios.

As sound reproducing systems are rarely designed to repro-
duce a single instrument it seems unnecessary to present
complete data on all the individual instruments ; but designers
need data on the full orchestra. In Fig. 1.7(a), peak pressure
is plotted as a function of frequency, the data being averaged
from tests on the four 75-piece orchestras. The middle curve
indicates the levels reached for 19, of the total playing time,
while the bottom curve indicates the levels reached for 209,
of the time. The chief difference occurs above 8,000 c¢/s and
below 100 c/s because of the relatively infrequent playing of
the cymbals and drums, instruments that have the major
part of their energy concentrated in the region above 8,000 c/s
and below 150 c/s respectively. It is worth noting that the
‘whole spectrum peak power’ is estimated to reach 66 watts
for 19 of the playing time. Data on the average power are
presented in Fig. 1.7(b)). This curve was taken at the same
time as the peak data, but the spectrum differs appreciably
in general shape. This difference is almost certainly due to
the fact that the cymbal clashes, though having high peak
values, are of infrequent occurrence and short duration, the
averaging time of 15 seconds giving a high ratio of peak-to-
average pressure.

The cinema organ is another instrument of wide frequency

range that merits discussion. Two instruments were therefore
tested, and the results are presented in Fig. 1.8. Fortissimo
playing gives the maximum high-frequency output, and in
both cases the organist was instructed to make the maximum
use of all stops. As only two selections were played, the data
shown in Fig. 1.8(a) must be considered less representative
than those obtained on the orchestras.
. Average pressure data on the same two organs are presented
in Fig. 1.8(b). It will be seen that the spectrum has the
same general shape as that of the orchestra, the average pressure
per cycle being almost inversely proportional to frequency
between -5 kefs and 10 ke/s.

9
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Data on all the instruments tested are given in Table 1.1.

TaBrE 1.1
Peak Power of Musical Instruments

Whole ‘ Corre-

OHARACTERISTICS OF MUSIC, SPEECH AND NOISE

TABLE 1.1-—continued

Band Band Corre-
Spectrum | sponding Containing Peak sponding
Emmme Pomer | Totorvats | T pemp Watts | Tntacvals
Watts ‘
"38 x 15 in. bass drum—A 216 | 6 250-500 c/s | 08 1
36 x 15 in. bass drum—B 12 13 20-62-5 024 1
i 250-500 0-19 4
30 x 12 in. bass drum—C 134 | 1 125-250 17 1
34 x 19 in. bass drum—D 4 | 3 20-62:5 12 9
Snare drum . 119 | 2% 260-500 37 1
15-in. cymbals - &5 | 74 | 8000-11,800 | 095 1
Trlangle 2:2?2 || 3i 5,600-8,000 0-017 8
62:5-125 0-078 3
Bass viol 0156 ‘ 2 T 0078 n
Bass saxophone 0288 | 25 | 250-500 0-228 4
BB tuba . 0206 | 17 250-500 0082 18
| 500-700 0-064 1
AT s ' . 2,000-2,800 0:051 4
250-500 0047 14
Trumpet 0314 } 18 00 T 7y
0053 1
French horn 0-053 ‘ 8 250-500 = -6-013 = -~
Clarinet 0050 | 53 260-500 0-0055 2}
0055 | 1 700-1,000 0-0045 4
Flate - goLe ! 4 1,400-2,000 0-0045 2
00035 | 38
Piccolo S t 2,000-2,800 | 0:021 3
0021 10
First method . 01686 | 18 250-500 0-166 7
Second method 0437 | 18 250-500 0-437 7
o o 0108 | 16 250-500 0198 7
Average 0267 | 18 250-500 0-267 7
Piano B—Average 0248 ]_—16—— 250500 0-248 14
15-piece Orchestra— 90 | 13 250-500 045 1}
Average of two methods - | - [ 2,0002800 i =
14

Peak Power of Musical Instruments
l Whole Corre- Band Band Corre-
Spectrum | sponding Containing Peak sponding
Instrument Peak % of Maximum Power % of
Power Intervals Peaks Watts Intervals
Watts
18-piece orchestra— || 250-500 0-80 3
Average of two methods 2-3 8 {
| | 2,000-2,800 | Not taken
75-plece orchestra—A 125-250 0-82 2
8.2 [ 250-500 1-03 12
2,000-2,800 1-03 1}
13-4 9 250-500 87 i
75-plece orchestra—B
66-5 1 8,000~ o0 53 1
|| 250-500 14 8
76-piece orchestra—C . . 139 13
2,000-2,800 14 1}
125-250 1-7 2
75-piece orchestra—D . . 13-8 6 250-500 1.7 11
2,000-2,800 1.7 1
| 1-75 1
Pipe organ—A g o 3 35 14 250-500
0-44 8
10-0 1
Pipe organ—B . 3 . 12-6 36 20-62:5
2:5 22

In all cases the instrument was played loudly within a few
feet of the microphone ; in consequence the high-frequency
end of the spectrum is relatively more prominent than it would
be if the instrument were played at normal level with the
measuring microphone 20 or 30 ft. away, that is to say at the
usual distance from the nearest members of an audience.

The Bell Telephone Laboratory information does not include
any information on the energy spectrum of music played by a
modern dance band. As the musical arrangers for these
ensembles clearly prefer a combination of instruments that
emphasize the ends of the frequency range, an analysis of the
energy spectrum might be expected to differ markedly from
that of a concert orchestra. To check this assumption, some
analyses of dance band music have been obtained, and examples
are reproduced in the following illustrations.

For the tests, LP records were played on a laboratory system

15
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equalized to give a flat overall response up to 16 kc/s. The
electrical output was analysed by a ‘panoramic analyser’ a
special type of harmonic analyser in which the selective circuits
are electrically tuned through the frequency range between 0
and 16 ke/s, each scan taking 5 seconds, the scans being
repetitive. The output signal is applied to the Y-plates of a
C.R.O. to give an amplitude indication. If the tube face is
photographed with a long time exposure, the relative output
in the different frequency regions can be estimated from the
amplitude and relative density of the traces. The method gives.
substantially a peak reading.

As an indication of the results obtained Fig. 1.9(a) presents
an analysis of a square wave having a repetition rate of 1 ke/s.
This particular setting was also used for the remainder of the
pictures so that it serves to calibrate the frequency scale.

Figs. 1.9(b) and (¢) show the results of 2-minute exposures
while Beethoven’s 6th Symphony (LXT 2872) was being played,
and it confirms the suggestion that typical orchestral music
has most of the energy concentrated in the lower regions of the
spectrum.

The results presented in Fig. 1.9(d) were obtained from LP
recordings of dance bands, though in each instance the 30-second
sections chosen for analysis were selected because they were
subjectively judged to have particularly prominent com-
ponents at the high frequency end of the spectrum. The results
show that even in dance music judged to be rich in high
frequency energy the majority of the energy is concentrated at
the low and middle regions of the frequency spectrum. In
practically all the examples that have been analysed the output
falls rapidly above 5 kefs.

Criticism of the technique may perhaps be forestalled if it is
mentioned that the replay equipment was calibrated on constant
frequency test records covering the whole range and that very
occasionally peaks of high amplitude were seen right up to
16 ke/s particularly when the percussion sections of the band
were active,

Energy Spectrum of Speech
Similar information for speech is available 4 and though
16
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{a)

Fie. 1.9(a—f).

Panoramic analysis of 1 kefs square wave. First small pip on
RH side is at zero frequency, first large marker at 1 kefs, other
markers at 2 ke/s intervals up to 16 kefs. This is the frequency
scale for the records that follow.

2-minute section from Beethoven’s 6th symphon layed on
LXT 2872, e
2-minute section from Beethoven’s 6th symphony on LXT 2872.

Parlophone GEP 8534. ‘I Love Paris’. Humphrey Lyttelton.
A 30-second section at the start, ‘Very toppy’.

Parlophone PMD 1006. ‘Cake Walking Blues’. A 30-second
section at the start, ‘very strident brass’.

Nixa High Fidelity Demonstration Record. 30-second section
including cymbals at start of record.

17
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the frequency range required is less than for music, the figures
are reproduced in Fig. 1.10 as a matter of interest. The peak
data shown in Fig. 1.10(a) are a composite of five (male) voices
and are the maximum pressures recorded. Data on the average
pressure during 15-second intervals are presented in Fig. 1. 10(b)
and will be seen to have the same general shape as for orchestral
music.

Volume Range

Information ® on the volume range, i.e. the ratio of maximum
to minimum amplitudes encountered, is of value in determining
the signal-noise ratio required of a reproducing system. A solo
violin played softly probably represents the minimum level
and a bass drum the maximum level likely to be encountered,
giving a ratio of 1250/-52 bars or 68 dB. This figure is con-
firmed by tests taken at a three-hour recording session by the
Philadelphia Symphony Orchestra during which ten gelections
were played ; the maximum ratio observed was about 74 dB
and if one particular cymbal crash lasting only 1/10 second
were to be excluded the volume range would be down to 65 dB.

If noises are to be included, the range might be considered
to extend from the din created by a jet engine (about 120 phon)
to the peace of a quiet bedroom in the middle of the night
out in the country (a level of about 25 phon), giving a volume
range of 95-100 dB. 1If this range is considered unreasonable,
an individual choice can be made from Table 1.2, which gives
a list of noise levels encountered in everyday life.

The volume range encountered in speech is considerably
lower ; any single individual rarely exceeds 40 dB, though if &
wide range of people is included, the extremes may rise to
about 56 dB.

Starting Transients

1t has been remarked that all the factors characterizing
speech and music are not yet understood, though the power
spectrum and harmeonic structure are probably the most
important. The suggestion has been made that the ear takes
special cognizance of the transient disturbance associated
with the commencement of each speech or music sound, and

18
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TABLE 1.2
Common Noise Levels

Phons. ' Noise Source

120 ' 4-engine aircraft at 100 ft. . (110) phon

100 | Large power station turbine (98) ,,

London tube train at 35 m. p h. (95) ,,

‘ Very busy street (93) .,

90 | Loud radio . (88) ,,

Busy main city street. (85) ,,

| Railway dining car (82)

80 ) Heavy motor truck at 15 ft. (76) ,,

70 | Quiet typewriter (64) ,,

Average conversation (63) ,,

60 Average restaurant (56) -

Small office (5¢)

50 | Average living-room (43) ,,

40 | Quiet living-room (33) ,,

Broadcasting studio (32) ,,

30 ‘ Quiet house in country early evening (30) ,,

20 \ Quiet house midnight, no aircraft 21,

10

|

0 ~ Threshold of people with acute hearing (5) ,,

for this and other reasons Kellog and others have investigated
the starting transients of speech and of some musical instru-

ments.

Kellog’s ¢ work on speech sound certainly indicates

that there are initial transients which are characteristic of
the individual and not of the word spoken. Nolle and Boner ?
have investigated the starting transients in organ pipes and
strings and while they have confirmed the presence of inhar-
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monically related tones during the build-up period, neither
investigation has revealed anything to suggest that a system
capable of dealing faithfully with the frequency range required
by the data of Figs. 1.7 to 1.9 would not deal faithfully with
the starting transients in speech or in music.

Sound Power

The actual values of sound power output of the various
instruments and instrumental combinations are listed in
Table 1.1, but these are really only of interest to the few
engineers that have the problem of reproducing an orchestra
in a concert hall. In domestic surroundings the requirement
is that the original sound spectrum should be reproduced at
the original level of loudness, but this requires much less power
than that radiated by an orchestra in a concert hall ; this
problem is dealt with in Chapter 17. Although the conclusion
might seem obvious that concert hall loudness levels are
desirable for perfect reproduction in small rooms, this is open
to doubt.

Energy Spectrum as a Function of Loudness

In both the human voice and the majority of musical
instruments the energy spectrum is not uniquely characteristic
of the note being played, but varies with its loudness. This
is true whether the nominal pitch of the note is determined by
striking a key as in the piano, or by pressing a plunger as in
the horns. In general the harmonic structure is simplified as
the loudness decreases, giving soft speech an intimate character
not possessed by loud speech reproduced at low level. This
characteristic is turned to their own advantage by crooners,

a-C-256 pp b C-256pp ¢,-C256pp

- l

o
<]
1

80 [

3

I " | - !

1 ,,_Vl_llllll L

12 3145678 910 12348%5¢ 7859610 1 234567 8910
ORDER OF HARMONIC

Fre. 1.11. Harmonic analysis of 256 cps note played on piano at three

different loudness levels.
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who are obliged to employ a microphone and reproducing
gystem in order to get their own particular appeal across to
a large audience.

Softly played musical instruments have a similar kind of
attractiveness, contrasting effectively with louder passages.
The objective effect is indicated by Fig. 1.11. This is a
harmonic analysis of a piano note played at three different
levels of loudness. It will be observed that when the note is
played loudly, the 4th, 5th, 6th, and 10th harmonics have
amplitudes which are greater than 50%, of the fundamental
frequency. A skilled pianist can produce twenty or more
different harmonic combinations, and therefore tone qualities,
by careful control of the force with which he strikes a particu-
lar key.

Factors Determining Tone Quality
It is a commonplace observation that a particular note, for

o8B DB
0 [ T E—
40| 40
20
20
TITHN NI
T R I
Ok @ 6 101214 16 18 20 22 24 26 28 30 2 84 6 10 12 14 16 18 20 22 24 26 28 30
GEIGEN DIAPASON VOILE D’ ORCHESTRE
] o8
60 60
40 40
20 20
g I
" T, ol HLudl,
2 4 68 IO 121416 18 202228 26 28 30 2 4 6 8 10 12 14 16 B 2022 24 26 28 30
TRUMPET CORNOPEAN
08 o8
60 60
40 40
20 20
H, 1 IETE INTI
. L R
2 4 6 8 10 1214 16 18 20 22 24 26 28 30 2 4 6 8 [01214 16 IS 2022 26 26 28 30
SALICIONAL VOILE 0 ORCHESTRE

Fic. 1.12. Typical harmonic structure of five ‘Instruments’ in a
modern theatre organ.
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instance middle C, as played on one instrument, has a tone
quality distinguishably different from a note of the same pitch
played on another instrument, though the reason for this
is not yet completely clear. The gross differences are obviously
due to difference in harmonic structure ; this difference is
well illustrated by the bar charts of Fig. 1.12 indicating typical
harmonic structures for various ‘instruments’ in the theatre
organ all playing a note of the same pitch, but other differences
may also exist. Another of the most obvious differences is
in the way in which a note ‘builds up’ and ‘dies away’ ; tests
have shown that when the starting transients are eliminated,
it becomes considerably more difficult to identify an instrument.

Professor Saunders ® and his co-workers have devoted
considerable time to the problem of identifying the factors
responsible for ‘good tone’ particularly in the violin, but
more than twenty years’ work on the problem has failed to
find a completely satisfactory solution.

Phase Relations

Anticipating the more adequate discussion in Chapter 3,
it may be stated here that there is no evidence to suggest that
the phase difference between harmonic and fundamental has
any effect upon the acoustic character or quality of a complex
wave. The information given in this chapter therefore does
not include any data on the relative phase of the harmonics in
the output of any instrument.

Summary

This chapter may be summarized as follows : The frequency
spectrum of noise extends from about 1 ¢/s to perhaps 100,000
¢/s, though the energy in the components at the extreme ends
of the band may be very small. No single type of noise normally
encountered is likely to include frequency components over the
whole range, as the vast majority of noises have their energy
concentrated in the relatively narrow band below 1,000 c/s.

A large orchestra may have frequency components between
15 ¢/s and 20,000 ¢fs. Peak amplitudes are fairly uniform over
the band between 50 c¢fs and 15,000 c¢/s, though the high
frequency peaks are almost entirely due to the cymbals and

24
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the low frequency peaks to the drums, both of these extremes
occurring rather infrequently. R.M.S. amplitudes are approxi-
mately inversely proportional to frequency above 500 c/s.

A large organ may have a similar spectrum. Mechanically
operated drums and cymbals are generally included in cinema
organs and tend to increase the concentration of energy at the
extreme ends of the spectrum.

Speech contains peak energy components between about
60 c/s and 8,000-10,000 c/s with very little energy at the extreme
ends of the spectrum.

There is no evidence to suggest the existence of starting
transients, formants, or any other type of information that
would require a system frequency range greater than is required
by the data presented in Figs. 1.7 to 1.10.

The volume range encountered in live orchestra performances
is about 70 dB

It should be noted that these are all objective results and
do not necessarily represent the opinion of the ear and brain.
The purist may feel that the perfect sound reproducing system
should reproduce all these frequency components leaving the
ear to do its own filtering, but at the present stage of the art
this is not possible. The limitations will become clearer in
later chapters.
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CHAPTER 2
Construction and Operation of the Ear

A stupy OF the human hearing mechanism is an interesting
and humbling experience to the communications engineer.
The engineer and Mother Nature have both had the same
problem, that of producing a device that will convert acoustic
energy into electrical energy, and so far Mother Nature has
produced the superior instrument. No existing microphone
has a diaphragm equal to that provided by the ear drum, no
impedance matching device is so finely constructed as the
ossicles, nor has any microphone cable been devised to equal
what Nature has provided in the nervous system. Neverthe-
less it is interesting to note that Nature’s approach to the
first two problems is similar to man’s later techniques.

Ear Construction

The hearing mechanism can conveniently be divided into
three main regions: the outer ear (pinna) and external
acoustic meatus acting as a collecting device and guide, the
middle ear (tympanic cavity) acting as an impedance trans-
forming section, and the inner ear (cochlea) containing the
mechanism for analysing the incoming signal and converting
the result into electrical information for transmission to the
brain. The component parts are so complex and so compactly
grouped within the skull that a drawing to scale is less informa-
tive than the somewhat distorted representation of Figs. 2.1(a)
and (b), where the middle and inner ears are presented in a
free and rather diagrammatic manner.

Outer Ear

The external portion of the outer ear serves to augment the
sound energy collected from the air, particularly at high
frequencies, by acting as a baffle. The obstruction presented
to the sound wave increases the air pressure locally in front
of the ear, and thus also increases the flow of sound energy
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into the ear, an effect that can be magnified by cupping the
hand behind the ear lobe to enlarge the baffle area. The pinna
and acoustic meatus augment the sound pressure at the ear
MIDOLE
EAR

EXTERNAL INTERNAL
EAR EAR

{ HAMMER
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VESTIBULAR APPARATUS
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(a) General construction.
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(6) Schematic equivalent of (a).

Fic. 2.1. The human ear.

drum, the air column being resonant at approximately 3,000 ¢/s
and giving a gain of roughly 10 dB in this region.

Some measure of front-to-rear discrimination is also produced
by the pinna acting as a baffle, serving to distort the sound
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field of a complex sound approaching from the rear in a rather
different manner from its reaction on the same pressure wave
approaching the front of the head. The baffle action becomes
increasingly effective at high frequencies, tending to emphasize
the high frequency components in a wave approaching from
the front but to suppress the same components in a wave
approaching from the rear, by virtue of the acoustic shadow
thrown over the entrance to the acoustic meatus by the pinna.

The acoustic meatus is a tube about 3 cm. long, cartilaginous
in character where it joins the pinna, but changing to a more
bony structure towards the inner end where it is closed by the
ear drum (tympanic membrane) which is an elliptical diaphragm
approximately -0075 mm. thick with major and minor axes of
approximately 10 mm. and 9 mm. The approach of insects, etc.,
to the ear drum is hindered by a barrier of outward pointing
hairs and by the presence of a waxy substance (cerumen)
exuded from the sebaceous glands lining the tube. This
substance requires periodic removal from the ears of individuals
who have over-active glands.

Middle Lar. The ear drum separates the outer ear from the
middle ear, the actual drum being a shallow conical fleshy
diaphragm reinforced by a series of radial fibres. Air at
atmospheric pressure fills the chamber of the middle ear, and
communication with the atmosphere is obtained through a
small tube (eustachian tube) about 36 mm. long which ter-
minates in the back of the throat and is open only during the
act of swallowing. Rapid changes in air pressure, such as are
encountered during a dive in an aeroplane or as a rapidly
moving train enters a single track tunnel, produce pains in
the ear which may be eased by ‘swallowing’ several times
in order to equalize the air pressure in the outer and middle
ears, through the eustachian tube.

Changes of air pressure (i.e. sounds) vibrate the ear drum
and transform the changes of pressure into mechanical move-
ments which are transmitted across the middle ear by a chain
of three bones (the ossicles, individually known as the malleus,
wncus and stapes) to a small diaphragm closing the oval window
(fenestra ovalis). The malleus and incus form a compound
lever, one end of the malleus being connected to the centre
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of the ear drum and thercfore moving with it about a pivot
point near the periphery of the drum. A recess in the head
of the malleus bone receives a corresponding projection on the
wncus bone, an inward motion of the ear drum thus producing
an inward motion of the free end of the incus bone. This free
end in turn drives the third component in the lever chain, the
stapes, a stirrup-shaped bone, the base of which forms the
diaphragm closing the entrance to the inner section of the ear
at the oval window.

In addition to their action as a mechanical transformer
connecting the ear drum of area approximately 85 sq. mm.
moving in air, to the base of the stapes of area 3-2 sq. mm.
moving against the liquid in the inner ear, these bones form
a very efficient means of automatic volume control, since loud
sound tends to move the point about which the mallews and
wncus rotate in such a manner as to reduce the lever ralio.
When the ear is presented with extremely loud sounds the
malleus and incus actually part contact, transmission across
the middle ear being due only to the air in this chamber.
This protects the diaphragm in the oval window against
excessive motion and consequent damage. It is worth noting
that the mechanical mounting of the ear drum is such as to
give a non-linear force/displacement curve, outward motion
of the ear drum being much easier than an inward movement.

Inner Ear. The inner ear (cochlea) contains the mechanism
which detects the minute changes of air pressure which con-
stitute ordinary sound, and analyses a complex sound into its
component tones with a precision unmatched by any engineer-
ing device. The construction of the cochlear mechanism will
be described and then an explanation of its action will be given.,

For protective purposes the active portions are enclosed in
a bony shell (Fig. 2.2) having some external resemblance to a
snail shell with approximately three complete turns round a
hollow central chamber (modiolus) which contains the bundle
of nerves communicating with the brain. Internally the spiral
tube has a bony shelf which projects from the central pillar
into the tube along its whole length and almost divides the
tube into two separate passages. Complete division into two
separate chambers is effected by a thin but very complex
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membrane (basilar membrane) which springs from the edge
of the bony shelf to the opposite wall and extends for the full
length (31 mm.) of the spiral passage. The construction is
illustrated by a section through the complete cochlear spiral in
Fig. 2.3, and an enlarged section of a single turn in Fig. 2.4,
The only communication between the upper and lower chambers
is provided by a small opening (-25 sq. mm.) known as the
heliocotrema at the apical end of the spiral passage.

Fic. 2.2. Bony shell casing of the cochlea.

The basilar membrane (Fig. 2.5) contains the analysing
mechanism of the ear consisting of approximately 24,000
separate fibres which extend transversely from the bony shelf
to the opposite wall of the spiral tube along the whole length
of the tube and are apparently held under tension by the
external spiral ligament. The separate fibres are felted together
to make an impervious membrane separating the upper and
lower chambers over their full length ; the only communica-
tion between the two chambers is through the heliocotremal
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opening at the apex. These transverse fibres vary in length
from approximately -15 mm. at the basal end of the passage
to -5 mm. at the apical end, but in addition, the construction
of the tensioning mechanism (the external spiral ligament)
suggests that the tension in the fibres varies from a maximum
at the basal end to a minimum at the apical end. The whole
construction resembles that of a harp or the string frame of a
piano and, as will be seen later, the mode of operation is
generally similar. The upper surface of the basilar membrane

l*.. Stapes
{ Sc. media
Fenestra . Vasc. body

ovalis

Tectorius

Sp. crest
Sc. vestib. &

Ext. spir.
body

Round memb.
Fic. 2.4. Section through one turn of the cochlear spiral.

carries a complex structure known as the Organ of Corti
(Fig. 2.5), consisting of a double row of stiff fibres (Corti’s
rods) supporting a number of hair cells and projecting hairlets.
One row of fibres springs from the edge of the bony shelf, the
second row from a point about one-third of the distance across
the basilar membrane, but both rows bend together to meet
at their upper ends, combining with Dieters’ and Hensel's cells
to form a supporting structure for the projecting hairlets.
Structurally the assembly forms a lever pivoted on the inner
rods at the edge of the bony shelf and driven by the basilar
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membrane through the outer row of Corti’s rods. Thus when
the basilar membrane moves vertically by reason of a pressure
change in the liquid (endolymph), the pivoted rod structure
causes the projecting hairlets to move horizontally. However,
the outer ends of the hairlets are embedded in a tenuous
membrane (membrana tectoria) so that a horizontal movement
of the top of the Corti’s rod structure bends the hairlets. It
is presumed that the bottom of the hairlets are the actual
voltage generating elements which produce signals for trans-
mission to the brain.

The basilar end of the upper half (scale wvestibula) of the
spiral passage is closed by the piston-like base of the stapes
moving in the oval window (fenestra ovalis) while the basal
end of the lower half (scala tympani) of the spiral passage is
closed by the diaphragm over the round window ( fenestra
rotunda) opening into the middle ear.

Mode of Action. 'The action of the whole mechanism is
presumed to be as follows. Variations of air pressure drive
the ear drum at the frequency of the impinging sound, the
resulting mechanical movement being transmitted by the
lever structure (malleus, incus and stapes) across the middle
ear to the oval window opening into the inner ear. Movement
of the base of the stapes in the oval window produces pressure
variation in the liquid in the scala vestibula providing a hydraulic
coupling between the base of the stapes and the basilar mem-
brane. There is considerable evidence to show that the hydraulic
pressure wave develops a maximum at a point along the
basilar membrane which is a function of the sound frequency,
but in addition only those transverse fibres which are mechani-
cally resonant at the frequency of the sound are set into oscilla-
tion (at least in the simple theory) by the vertical motion of
the basilar membrane.

Vertical oscillation of the basilar membrane produces a
horizontal oscillation of the top of the Corti’s rod structure,
thus bending the hairlets as their outer ends are held in the
tectorial membrane. Bending the hairlets excites the nerves
in the spiral ganglion and transmits an appropriate message
to the brain.

Pitch discrimination appears to be due to two factors : the

34

|
§
i
|
|
)

Cells of Hensen

Outer hair-cells

_

Cells of Deiters

Outer rod

Basilar membrane

Section through basilar membrane and organ of Corti.

Inner rod Vas spirale

Nerve-fibres

DerSio

Fic.




HIGH QUALITY SOUND REPRODUCTION

development of a pressure maximum in the liquid at a point
along the basilar membrane that is characteristic of the sound
frequency, and, in addition, to the fact that in the harp-like
structure of the basilar membrane only those fibres which are
mechanically tuned to the frequency of the incoming wave
are set into oscillation. Thus if a single note is sounded, only
those fibres at and near the note frequency are set into vibra-
tion ; but on a complex note several regions of the basilar
membrane are set into oscillation corresponding to the harmonic
structure of the incoming wave. The present evidence is 10t
sufficient for us to estimate the respective contributions of the
two modes of operation to the overall selectivity of the ear.
In 1922 Wilkinson and Gray! outlined the theory that a
pressure maximum developed in the perilymph was responsible
for the pitch discrimination of the ears and described some
simple experiments with large-scale models to support their
views ; but the underlying theory is so obscure that their
suggestions made little headway. By contrast, the resemblance
between the fibred structure of the basilar membrane and the
barp or string frame of a piano is so striking that the analogy
has found ready acceptance. Beatty? and others were able
to show that the mechanical properties of the fibres easily met
the requirements of the theory, and this served to strengthen
the position considerably, though without providing con-
clusive proof.

The mathematical investigations of Kucharski, Zwislocki,
Fletcher ® and others placed more emphasis on the hydro-
mechanical performance of the perilymph, ascribing the
appearance of a frequency-sensitive pressure maximum in the
liguid to the interaction between the dimensions of the canal
and the mechanical properties of the fluid. Though far from
complete, these theories are in fair agreement with the observa-
tions of Bekesy on the operation of the organ of Corti in a
living guinea-pig, thus greatly strengthening the position
of the pressure maximum theory.

Analysis by means of a ‘resonant’ structure such as the
basilar membrane necessarily leads to a loss of phase discri-
mination, though this is restored over the low-frequency
region below 1 ke/s by the presence of two ears spaced apart
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by the head. This loss of phase-sensitivity may be a blessing
in disguise, as a phase-sensitive ear would recognize the large
changes of waveform which exist in closely adjacent seating
positions in any auditorium.

The Nervous System

Electrical potentials generated by the hair cells as a result
of the movement of the associated areas of the basilar mem-
brane are transmitted to the brain through the bundle of nerves
in the central spiral ganglion. Pulse rate modulation is used

.—-—-_-——_
m

Eighth® ‘Ncrve

05 sec

16, 2.6. Electrical activity in a single nerve when the words ‘eighth nerve’ are spoken.

the number of pulses per second, i.e. the pulse rate being
directly related to the intensity of the incident sound, while the
amplitude of the pulse remains substantially constant. The
neurophysiologists have developed some fascinating techniques
for the measurement and recording of the activity in the
nervous system ¢ 5 ; Fig. 2.6 is an indication of the electrical
activity in a single nerve fibre when the words ‘eighth nerve’
are spoken. As the performance of the hearing system is in
large measure controlled by the performance of the nerve-
signalling system, some consideration of its characteristics and
limitations is well worth while.
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Any single nerve-fibre deals only with a restricted portion
of the intensity-range of the acoustic stimulus, there being a
range of 30/40 dB between the commencement of activity
and the attainment of the maximum rate of discharge for any
one particular fibre. The full volume-range of the ear is
taken care of by groups of fibres connecting each elemental
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string or fibre in the basilar membrane to the appropriate
portion of the cerebral cortex. As one nerve-fibre approaches
its normal maximum firing rate of about 400 pulses per second,
another fibre commences to transmit ; the pulse rate in the
first fibre remains meanwhile at its maximum until the sound
intensity falls below the appropriate level again.

In a typical nerve fibre the pulse rate is almost directly

38

CONSTRUCTION AND OPERATION OF THE EAR

proportional to the incident sound-intensity ; Fig. 2.7 gives
a typical result. But on sustained notes the pulse rate tends
to fall away with time; the maximum number of pulses
observed never exceeds 400 in a second but rises to about
1,000 per second for the first 1/10th of a second.

Information as to the frequency of the incoming sound wave
is carried by the particular nerve fibre or group of fibres that
are active, each group connecting a particular area of the basilar
membrane to the cerebral cortex. At low sound intensities
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Fie. 2.8. Frequency response of a single nerve fibre.

and on single-frequency tones only a small area of the basilar
membrane, possibly only one elemental fibre, is in active
movement, with a correspondingly small number of nerve-
fibres transmitting signals to the brain ; but as the sound-
intensity rises, the area of activity extends along the basilar
membrane chiefly to lower frequencies. This is well illustrated
by Fig. 2.8, indicating the frequency band to which a particular
fibre responds as a function of frequency and sound intensity.
At low intensities the particular fibre and its associated region
of the basilar membrane respond only to a frequency of 2,000
¢/s, but as the intensity is raised, activity spreads along the
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basilar membrane and towards lower frequency regions. This
is probably the result of the mechanical coupling between the
adjacent basilar fibres provided by the felting membrane
described in the section on the Inner Ear, but it is not a little
curious that the coupling should extend only towards the lower-
frequency regions. In spite of the relatively large area of the
basilar membranes, and the large number of fibres that are
active at high sound-intensities, the brain has a pitch-dis-
crimination of extraordinary precision, far greater than can be
accounted for by the simple theory or by applying engineering
sense to the results quoted in this section.

Over the majority of the frequency range the nerve pulse
will occur only at the positive maximum of the sound pressure
wave ; but as the pulse rate is primarily a function of sound-
intensity it may only ‘trigger off’ a nerve pulse every few
cycles, though always at the same point of the cycle. This may
fail at high sound-intensities and low sound-frequencies in so
far as the sound intensity may demand more than one nerve
pulse per audio cycle. Alternatively, the maximum intensity
that the ear can appreciate must be restricted at low frequency
in so far as the maximum possible pulse rate is fixed by the
incident sound-frequency:

This synchronous triggering of the nerve pulse may also
fail at frequencies above 4-5 ke/s as the residual ‘randomness’
of firing approaches the time of one cycle.

An interesting reaction that is of importance because of its
connection with ‘masking’ discussed in Chapter 3 and with
the very considerable directional discrimination of the ear, is
that known as ‘inhibition’. Electrical activity in a nerve,
resulting from acoustic stimulation by a first tone, can under
some circumstances be partially or even completely inhibited
by the arrival of a second tone of a different frequency.
Fig. 2.9 illustrates this reaction on pure tones, but the same
phenomena is present on complex tones or noise. In Fig. 2.10
the activity induced by a single pure tone is inhibited by the
noise from a wooden rattle. The duration of the inhibitory
period may be important but adequate information on this
point is not available. Where the first tone is only partially
inhibited by the second tone, electrical activity may recom-
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mence within a fraction of a second ; but when the inhibition is
complete, activity may not recommence for as long a period
as 20 seconds,

While this short survey outlines the mode of action of the
hearing mechanism, space precludes any adcquate elaboration
of such a fascinating subject. All the observed characteristics
are not explained by the simple theory described, and for those
interested a further study can be highly recommended. Some
of the references given below are to medical works; but in
general these are quite readable and need not deter any
engineer from looking further into a most interesting subject.

REFERENCES AND FURTHER READING

These are general in character. For more detail and the latest in-
formation, reference must be made to such journals as that of the
American Acoustical Society and the American Journal of Neuro-
physiology.

1. The Mechanism of Cochlea, Wilkinson and Gray.

2. Hearing in Man and Animals, Beatty. Bell.

3. Speech and Hearing, Harvey Fletcher. Van Nostrand, New York.

4. ‘The Response of Single Auditory Nerve Fibres to Acoustic Stimu-

lation’, Galambos and Davis, Amer. J. Neurophystology, Vol. 6,
pp. 39-58. 1945,

5. ‘Inhibition of Activity in Single Auditory Nerve Fibres by
Acoustic Stimulation’, Galambos and Davis, Amer. J. Neuro-
physiology, pp. 287-303.

. Anatomy, Gray. Longmans, Green, London.

. Hearing, Stevens and Davies. John Wiley, New York.

. An excellent review of current (1957) ideas is given in Phystology of
Hearing by I. C. Whitfield published in Progess in Biophysics,
Vol. 8 (1957), Pergamon Press, but Refs. 2 and 7 should have
been previously studied.
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CHAPTER 3
Performance of the Hearing System

. THE PERFORMANCE required of a sound reproducing system
is largely determined by the performance of the ear and it is
therefore essential to know something of the characteristics
of the ear. In the absence of definite information on any
particular aspect of the performance of the ear, experience
suggests that it is generally unwise to apply logic based on an
engineering background; ‘try it and see’ appears to be the
only safe procedure if the discrimination and tolerance of the
ear is not to be underestimated.

Information on the performance of the ear is in two forms,
.the first resulting from point-by-point tests, generally employ-
ing single-frequency tones, while the second is the result of
dynamic tests in which a group opinion is recorded on the
discernibility of changes introduced into the system while
programme material is being reproduced. Point-by-point
tests provide fundamental data on the performance of the
hearing system, but in many instances suggest a standard of
performance which is unnecessarily high judged by the results
obtained from dynamic tests.

Loudness Contours

In Chapter 1 it was stated that the most important factor
characterizing a sound-source is the shape of the power fre-
quency spectrum, and it follows that careful attention must be
given to the performance of the ear in analysing the spectrum.

The ear, and by this it is intended to include the nervous
system and brain, is not uniformly sensitive over the whole of
the frequency spectruin ; the maximum sensitivity is reached
between 3,000 and 5,000 ¢/s, but unlike an audio amplifier the
sensitivity/frequency characteristic of the ear changes with
_the'level of the applied stimulus. The performance is generally
indicated by the Fletcher Munson curves of Fig. 3.1(a), a family
of equal loudness contours which are the average results of
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tests on a very large number of individuals.! In this connection
it should be emphasized that the variation from individual
to individual is very large by ordinary engineering standards ;
for example, the threshold of any particular individual with
normal hearing may vary from the average by as much as
10dB. The equal loudness contours of Fig. 3.1(a) are probably
best understood from an explanation of the method by which
the information was obtained, taking the bottom contour
marked O as an example. This contour indicates the ‘just
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Fic. 3.1(a). Fletcher Munson curves.

audible’ free field sound-intensity at all frequencies in the
audio band.

The test subject was seated facing a loudspeaker in a sound-
proofed room, and the intensity of a 1,000-cycle tone was
gradually raised until it was just detectable. The intensity
was noted and the test was repeated at a sufficient number
of frequencies to enable the bottom contour to be plotted. This
defines the threshold of hearing, and it will be seen that at this
sound-level the ear is relatively insensitive to both high- and
low-frequency sounds.

44

PERFORMANCE OF THE HEARING SYSTEM

The 10 dB contour was obtained by presenting the subject
first with a 1,000-cycle reference tone 10 dB higher than his
1,000 ¢/s threshold obtained from the previous test, and alter-
nately with a second tone ; then requiring him to adjust the
loudness of the second tone so as to be equal to that of the
1,000-cycle reference tone. As an example of the sort of result
obtained, it will be seen that the 500-cycle tone must have an
intensity 6 dB higher than the equally loud 1,000-cycle tone.
The test procedure was repeated for a range of frequencies and
for 1,000-cycle intensity increments of 10 dB, up to a level
of about 120 dB above the 1,000-cycle threshold, although at
this level the stimulus is felt as pain rather than heard as
sound. This upper contour is therefore known as the threshold
of feeling, and appears to correspond to the point at which the
interstapedial muscle has achieved maximum separation of
the malleus and incus in an attempt to protect the hearing
mechanism from damage. The thresholds of hearing and
feeling thus define the lower and upper limits of the working
intensity/frequency area of the ear. From the curves it will
be seen that the ear will respond to all frequencies between
roughly 15 ¢/s and 20,000 c¢/s and to an intensity range of
about 120-130 dB in the region of 3,000 c/s.

It will be noted that the sensitivity of the ear is a function
of the intensity level of the sound presented to it, being almost
constant at all frequencies between 70 ¢/s and 6,000 c/s above a
level of 80 dB but being bass-deficient at lower intensity levels.

The threshold of hearing contour (O dB) represents an ex-
tremely low sound-level, one that is only reached by a group
of young people. At this level the ear mechanism is detecting
a movement of the ear drum of less than 19, of the diameter
of a hydrogen molecule.

Robinson and Dadson of the National Physical Laboratory
have recently made a re-determination of the equal loudness
contours using the more advanced techniques that have
become available since the original work by Fletcher and
Munson. The new information in Fig. 3.1(b) raises all the
contours by 3-4 dB and shows some changes in shape in
comparison to the earlier Fletcher Munson work. The new
results have yet to find international acceptance.
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Age and Frequency Response

Hearing acuity is a function of the age of the individual, his
120 120 physical condition and the average ambient noise level of his
\ g / present and past environment. In order to obtain information
\ - 168 /‘J on a large sample of the population, Bell Telephone Laboratory
AN T T f tested more than half a million people at the New York World
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< duced by age in hearing acuity is presented in Fig. 3.2. The
curves are average results for men and women, though it is
well established that there is an appreciable difference in the
high-frequency performance of the male and female ears. At
3,500 c/s and at the age of 55 the female ear is roughly 5 bB
better and the male ear 4 dB worse than the curve. Under
the age of about 25 there is no significant loss at any frequency
below 7,000 c/s.

Fig. 3.3 indicates the position of the threshold of hearing
contour for fractions of the total population. Thus 59, of the
total population cannot hear pure tones at a level below the
contour marked 59,. These contours take account of all
causes, including age and hearing defects.
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F1c. 3.3. Threshold of hearing contour for fraction of population.
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In 1956 Robinson and Dadson repeated the tests to deter-
mine the effect of age and sex upon hearing acuity. The
results of the aging tests are shown in Fig. 3.4, but the tests
failed to show any significant difference in the hearing acuity of
males and females at the same age. In this respect they con-
firmed earlier results by Dadson and King.
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Loudness

The subjective loudness of a sound is related to but is not
directly proportional to the sound pressure. Many attempts
have been made to establish the relation, and an agreed curve
has been standardized; but as in many other relations, the
margin between the curve and the judgment of any particular
individual may be large.

A relation of this type is secured by presenting the test
subject with a ‘just audible’ reference tone and an attenuator
controlling the intensity of a second tone of the same frequency,
and requiring him to adjust the second tone to an intensity
‘twice as loud” as the reference tone. The procedure is repeated
using the ‘twice as loud’ intensity as the next reference, thus
covering the whole audible range in loudness steps of 2 to 1.
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The experiment has been repeated by many workers using
steps as high as 10 : 1 and many other variations in technique,
and it will no doubt appear surprising that good agreement
can be secured by all the different methods. In fact, ‘twice as
loud’ seems to have a more concrete subjective significance
than ‘twice as heavy’.

The relation, Fig. 3.5, has been published as an American
Standard Z24.2-1942 and relates loudness level in phons to
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F1c. 3.5. Relation between loudness and loudness level.

loudness in sones, an increase in loudness of 2 : 1 being indicated
by a 2 :1 ratio in sones. It is convenient to remember that
above a loudness level of about 40 phon a 2 : 1 increase in loud-
Dess requires a 10 phon increase in loudness level. For pure
tones in the region of 500 to 5,000 c/s this implies a 10 dB
Increase In measured intensity. Outside these frequency and
Intensity limits the simple relation does not hold. Thus at
100 ¢/s an intensity level change of 10 dB (70-60) produces a
change in loudness level of 21 dB (57-36) and a loudness change
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from 700 to 3,600 millisones, a loudness increase of 3,600/700
= 5.13 times. The same change in intensity at 1,000 cycles
would have produced a loudness increase of only about 2 : 1.

Minimum Perceptible Intensity Increment

The minimum increment in intensity that is just perceptible
is a function of the mean intensity, tone frequency, the method
of presentation and many other factors, but the data do not
appear to be of sufficient importance to justify extended dis-
cussion. Over the most useful intensity range (40-80 dB) and
between 200 and 6,000 ¢/s a change in intensity of about .1 dB
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Fie. 3.6. Frequency characteristic of the ear as a function of loud-
ness level.

is detectable in laboratory tests with pure tones, but dynamic
tests employing programme material indicate that a change of
about 1 dB is just discernible to a keen ear.

Frequency Characteristic of the Ear

The concept of frequency characteristic is so common in
dealing with the performance of amplifiers, gramophone pick-
ups, loudspeakers, etc., that it is probably useful to apply the
same concept to the ear. For this curve the ordinates are
loudness and the curve is constructed from the Fletcher Munson
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curves of Fig. 3.1 and the loudness relation of Fig. 3.5. The
frequency characteristics have been computed for levels of 40,
60 and 80 dB and are shown in Fig. 3.6, the ordinates being
loudness ratio, with loudness at 1,000 cycles as an arbitrary
zero. Thus a value of .5 indicates that the sound is one half
as loud as a 1,000-cycle tone of the same intensity.

The most remarkable point is the way in which the frequency
response of the ear falls off at low frequency as the intensity is
reduced ; thus, if the intensity does not rise above about 40
dB, a tone of 200 cycles is less than one-tenth as loud as a 1,000-
cycle tone of the same intensity.

Pitch Discrimination

An ear insensitive to change in pitch (the subjective equiva-
lent of frequency) would lose more than half the appeal of musie
and would have to be content with the dramatic appeal of loud-
ness change only. The performance of the ear in recognizing a
change of frequency matchesits performancein other directions.?

Sensitivity to change in frequency is greatly affected by the
manner in which the frequency change is presented to the sub-
ject being tested, a sinusoidal change being least detectable.
The rate at which the frequency is changing, the mean

TasLE 3.1
The values of AF|F at various frequencies and sensations-
levels.
These values are the averages of results from the ears of five men
between the ages of 20 and 30 years. The data were obtained at
the Bell Telephone Laboratories. (Printed by permission.)

Semsation-| ¢ | 1o | g5 | g9 | 39 I 40 | 50 ‘ 60 | 70 | 8 | w0

level

Frequency| | ‘ | |
31°[-1290|-0873 |-0702 [-0563 |-0438 |-0406 |

62 [-0975/-0678(-0546 10491 |-0461 |-0426 |-0351 |-0346 |

125 -0608]-0421 -0331 |-0300 |-0266 |-0247 |-0270 |-0269 |

250 |-0355 [-0212 -0158 [-0130 |-0109 [-0103 |-0099 |-0098 -0100‘-0107|

500 (-0163|-0110 |-0081 |-0067 (-0055 |-0052 |-0042 |-0035 |-0042 |
1,000 |-0094 |-0061 |-0044 [-0039 [-0036 |-0036 |-0036 |-0034 |-0031 10030 -0026
2,000 |-0079 |-0036 0029 |-0021 [-0019 | 0019 -0019 [-0018 [-0017 -0018
4,000 {-0060 [-0044 |-0038 (-0031 |-0027 [-0023 [-0023 -0020
8,000 |-0063|-0051 (-0045 (-0038 |-0036 |-0029 |-0025
11,700 l-oosg -0058 |-0042 1-0038 |-0036 [-0035 |-0030 |
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frequency about which the change takes place, and the
loudness of the test tone all have a marked effect and in con-
sequence the information is presented most simply in the form
of Table 3.1.

The data in the top curve of Fig. 3.7(a) refer to binaural
listening, the condition of maximum sensitivity, and to test
tones presented to the subject by telephones. In the more
practical case where free field listening takes place, the apparent

*0
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=
F

TELEPHONE

-

ESTS AT 1k¢ ¥4

—IX

FREE FIELD TESTS

I
N
N/

% FLUTTER RMS.

O R R R i 2 3 45 10 73 45 100
FREQUENCY ~ CYCLES PER SECOND

F16. 3.7(a). Comparison of telephone and free field test results.

sensitivity to change of pitch may be greatly increased, the
actual increase depending on the acoustic liveness of the room.
In a live room, changes of frequency produce movement of the
standing wave pattern, and thus the frequency change is
accompanied by an amplitude change at the observer’s ear.
From Fig. 3.7(a), comparing telephone tests with ‘free field’
tests, it will be seen that the apparent sensitivity to change of
pitch may be raised by a factor as high as thirty times if the
listening tests are made in even a moderately live room. The
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sensitivity of the ear to change of pitch is a function of the rate
at which the change takes place, the ear having maximum
sensitivity in the region of 1-3 ¢/s as indicated by Fig. 3.7(a),
but the subjective annoyance produced by cyclic changes in
pitch may not be reflected by this curve.

Data on the sensitivity of the hearing system to cyclic
changes in pitch (wow and flutter) are contained in Fig. 3.7(a)
but the information refers to tests employing pure tones.
Distortion of this type is not so obvious when speech or music
are being reproduced for wow is of exactly the same character
as the vibrato introduced by every singer, or the tremulant

[Be] T

% Wow or Flytter,

N

.2 —_— - 4+

| LU

ol 1 [ [ ]]

- -0 e 100
Wow or Flutter frequency %4

Fra. 3.7(b). Subjective thresholds for sinusoidal modulation of piano
music.

effects that are possible with many musical instruments. There
have been many attempts to produce data on the amount of
wow and flutter that is just discernible on speech and musie,
but this is a problem that is both troublesome and difficult.
Troublesome because a large number of people must take part
in the tests and difficult because of the technical problems
involved in eliminating the residual wow and flutter that
remain when no intentional distortion is being introduced.
The most comprehensive tests and the most refined experi-
mental techniques are due to Stott and Axon,* to whose paper
reference should be made for details. Their preliminary tests
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using pure tones are in good agreement with the earlier results
of other workers and need not be repeated, but their data on
the discernibility of wow and flutter when piano music is being
reproduced is unique. The piano is one of the most difficult
instruments to reproduce satisfactorily for it has a very smooth
decay characteristic free from vibrato effects. In consequence
the vibrato introduced by mechanical irregularities is easily
detected.

Fig. 3.7(b) reproduces the Stott and Axon data on the
discernibility of wow and flutter when the listening group were
all females. These figures are quoted here rather than the
results obtained from a larger mixed group because the results
show these test subjects to be significantly more sensitive to
this form of distortion than the larger mixed group. The data
shows that wow and flutter frequencies in the region of 5-10 ¢/s
are most easily detected and other data in the paper confirms
that irregularities in the wow and flutter rates render the dis-
tortion rather more noticeable.

In discussing the complete results the authors conclude that
the r.m.s. value of wow and flutter should not exceed .19, if it
is to be undetectable by more than 59, of the audience but our
own less comprehensive work would place the ‘undetectable’
value nearer .059, if a critical group of listeners are employed.

Sensitivity to Amplitude Distortion

All forms of electro-acoustic equipment introduce amplitude
distortion to varying degrees and the sensitivity of the ear to
this form of distortion sets one limit to the power output of
any equipment. Ideally a single-frequency input signal should
result in a single-frequency output signal of greater amplitude,
but when amplitude distortion is present the output signal
contains additional frequencies which are simple multiples of
the input frequency. In the usual case where the input signal
has two or more frequency components the output signal can
be of great complexity ; this point will be covered in greater
detail in a later chapter. Present comment is confined to the
sensitivity of the ear in recognizing amplitude distortion with-
out dwelling too deeply on just what is the clue to recognition.

On single tones above about 200 c/s the ear can distinguish
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the appearance of a second harmonic which is only 49, of the
fundamental, but at the lower frequencies the point at which
the harmonic appears tends to be confused by the slight change
in pitch produced by changes in the intensity of the funda-
mental if it is above a level of 40-50 phon.

Single-frequency distortion is not itself of much importance ;
it is of greater importance to settle the point at which audible
distortion is recognizable on speech or music. This is not a
simple problem, as acoustic waveforms generally tend to be
very ‘spiky’ with a peak-to-mean ratio higher than 3 : 1, and
consequently distortion sets in first on the spikes while the
mean values are still relatively undistorted. Distortion is
difficult to recognize when it is of short duration, and thus its
onset is bound up with the type of music played or words
spoken. Furthermore, the ear is not equally sensitive to
distortion throughout the audio frequency band and accord-
ingly the subjective effect becomes dependent upon the
frequency spectrum of the signal. The distortion introduced
by a non-linear operating regime may be mainly due to even
harmonic components, odd harmonic components or any com-
bination, and in the face of all these complications it is simply
impossible to specify the point of onset of audible distortion
with any great precision.

The most exhaustive experiments have been made by
Braunmuhl and Weber,®> who set up equipment to produce
both even and odd harmonic distortion (and the consequent
intermodulation products) but could, when they wished, con-
fine the distortion to limited regions of the frequency band.

On both speech and music odd harmonic distortion is the
most annoying, and the authors mentioned conclude that, if
distortion is not to be detectable, the total should not exceed
2%, except for frequencies below 100 cycles where it might rise
to 15% before being detectable. This insensitivity to low-
frequency distortion is fortunate, as in later chapters it will
become clear that it is in just this region that it is most difficult
to avoid distortion,

With co-operation from the B.B.C. the British Post Office®
have made more limited tests to determine the distortion that is
just detectable by direct comparison with the original, and have
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found that a telephone line and its associated equipment had the
just detectable distortions indicated in the following table :—

2nd harmonic—up to 25%, for frequencies below 100 c/s
up to 3% for frequencies below 200 ¢/s
up to 1Y%, for frequencies below 400 c/s
below 1%, for frequencies above 400 c/s
3rd harmonic—up to 59, for frequencies below 100 c/s
up to 29, for frequencies below 200 c/s
up to 19, for frequencies above 400 c/s

Using the CCLF method they also measured the intermodulation
distortions and suggest that distortion on speech and music is
not detectable when the quadratic or cubic difference tones are
below the following :—

At any frequency between 100 and 200 ¢/s 209,
At any frequency between 200 and 400 c/s 5%
At any frequency between 400 and 800 c/s 29,
At any frequency between 800 and 6,400 ¢/s 19,

All the subjective tests were made with loudspeakers and other
equipment of the highest quality.

Olson has also checked the distortion threshold for speech and
music using a 40 c¢/s to 14 c/s reproducing system that could be
restricted in range. Distortion is always most distressing in a
wide-range system, and his findings indicate that on the 40 c¢/s—
14 ke/s range 7%, was just detectable, whether even or odd
harmonic distortion. Restriction of the frequency range to a
band 4 kc wide doubled the just detectable distortion figure.
Braunmuhl’s results are believed to be a little on the high side
but, bearing in mind the difficulty of expressing distortion
thresholds in simple figures, they are in good agreement with
Olson’s findings and extend his information in showing that
distortion is not so serious when it is confined to the low-
frequency end of the range.

Some tests of the author’s appear to indicate that the mini-
mum detectable distortion is related to the residual distortion
in the test equipment, and is in fact roughly equal to it. Thus,
tests with a high-quality system indicated that the introduc-
tion of -59, distortion was detectable, but the introduction of
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7% distortion was necessary in a lower-quality equipment
before the distortion became obvious.

This finding, if confirmed, tends to throw some light on the
difference between Braunmuhl’s early results and those
obtained by Olson, as the latter’s tests were made some years
later than those made by Braunmuhl and consequently em-
ployed loudspeakers and amplifiers with lower inherent dis-
tortion levels.

It is worth noting that this insensitivity to low-frequency
distortion is not exactly what is to be expected from simple
consideration of the sensitivity curve of the ear. Reference to
Fig. 3.1 will confirm that the sensitivity of the ear increases
rapidly above 100 cycles, and as the higher harmonics of the
low-frequency signals fallin a region of greater ear-sensitivity,
it would be expected that the threshold of distortion would be
lower rather than higher in the case of these low-frequency
tones.

No doubt with this latter point in mind, Callendar and
Shorter have suggested that the subjective annoyance due to
the higher harmonics is more reasonably indicated if the
measured amplitude of each harmonic is multiplied by the
harmonic number, i.e., a 19, tenth harmonic is equivalent to a
109, second harmonic.

Further light on the problem is required, but a reproducing
system having a total r.m.s. distortion below 19, can be con-
sidered to be very good in this respect, and anything below
569, can be considered exceptional.

Phase Distortion

The waveform change due to a change in the relative phases
of the various components of a complex waveform can be of a
most drastic character, and at first sight it is most surprising
that such large changes in waveform should not be detectable
by ear. Asan example, the waveform change from Fig. 3.8(a)
to 3.8(b) produced by a change in phase of the harmonics could
not be detected by any member of a test group of 100 subjects,
even when the waveform change was simultaneously presented
on a cathode ray tube and a reproducing system of the highest
standard was employed. There have been many other attempts
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(b)

Frc. 3.8. Phase shift insensitivity. The large change in waveform
between (@) and (b) cannot be detected on u reprodu_cer system of
highest fidelity. The change is produced by reversing the phase
of all components above 400 cps leaving their amplitudes

unaltered.
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to discover some effect, but when loudspeaker reproduction is
employed no correlation has been found. It can be stated with
confidence that the minor phase changes produced by sound
reproducing equipment of normal design will produce no audible
effects.

In the case of long telephone lines or the tandem assembly of
many sections of wave filters, some audible effects are produced
as a result of differences in the time of transmission of the
various regions of the audio spectrum. These effects are more
noticeable on speech than on music. A non-linear phase
characteristic can have the effect of delaying or advancing (in
time) the transmission of sections of the frequency band
relative to some mid-frequency reference band.

The subjective annoyance produced by this variation in the
time of transmission is a function of the bandwidth of the
reproducing system, being more noticeable on a wide band sys-
tem. By inserting many filter sections in tandem in a 50 c¢/s
to 8 ke/s system, Lane? has shown that the 5-8 ke/s band may
be delayed by as much as 8 milliseconds with reference to the
1-3 ke/s band before audible effects appear. At low-frequency
the difference in transmission time between the 50-100 c/s
band and the 1-3 ke/s band may differ by as much as 70 milli-
seconds before effect becomes apparent. If the system band-
width is reduced, the permissible transmission time differences
may be greatly increased before these time-delay effects become
annoying.

The audible result of these gross time-delays is the appear-
ance of a hollow ringing echo following and in some instances
preceding each syllable, a defect often noticed on long-distance
telephone lines and radio circuits.

Though the tests by Lane are fairly old they have been
completely confirmed in 1955, using modern high quality
equipment. ™

Masking

In general the subjective loudness of one tone is reduced by
the introduction of a second tone, the amount of reduction
being a function of the level and frequency of the second tone.
This phenomena is known as masking.®
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All tones are not equally effective in masking another tone.
A typical result is shown in Fig. 3.9. Here the masking tone
is a frequency of 1,200 cfs, the frequency of the masked tone
being shown as the abscissa. The vertical scale is the threshold
shift in dB, the threshold shift or masking being the number of
dB that the masked tone has to be raised above its original
threshold to become audible again, following the introduction
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Fic. 3.9. Effect of 1,200 c/s tone on masking tones of other frequencies.
Masking frequency of 1,200 c/s at level shown against each curve.

of the masking tone. It is imimediately obvious that tones
lower in frequency than the masking tone are hardly affected,
whereas tones higher in frequency are appreciably masked.
Thus a tone of 500 ¢/s has its threshold raised by only 7 dB by
the introduction of a 100 dB masking tone whereas a tone of
2,000 cycles must be raised 71 dB or brought up to a level of
29 dB below the 100 dB 1,200 c/s tone before it is audible.
Tones in the vicinity of the 1,200 ¢/s masking tone (1,250 c/s)
must be raised to within 14 dB (100-86) of the 1,200 ¢/s tone
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before being audible, and it will be noted that the masking
action is particularly effective when the masked tone is close to
either the masking tone or its harmonics. When the masking
tone is at a low level, 20 or 40 dB, it is not effective in masking
except for tones close to it in frequency.

The investigations of the neurophysiologists have shown that
masking is the result of an inhibitory action in the nervous
system, as the introduction of the second tone reduces or even
eliminates the nerve potentials produced by the first tone.

The masking effect of room noise and the fact that the aver-
age person has a threshold somewhat higher than the bottom
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Fre. 3.10. Frequency spectrum of room noise and level to which

pure tones must be raised to be audible.

contour of Fig. 3.1 may lead to a significant reduction in the
effective (subjective) frequency range of an orchestra, some
instruments and speech. Fig. 3.10 indicates the spectrum of
room noise with an average level of 43 phon, and Fletcher has
shown that from this kind of data it is possible to calculate the
masking level, i.e., the level that pure tones must reach to be
audible in the presence of that noise. This is also shown in
Fig. 3.10.

Hearing acuity varies widely between individuals and if we
take the 509, contour from Fig. 3.3 and raise it by the amount
due to the masking effect of room noise in a typical room, the
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vides basic data on the performance of the ear. However,
there is very little pleasure to be derived from listening to pure
tones, unless one is very full of the spirit of enquiry ; and as
the general public listen for pleasure rather than from any
scientific motive, it becomes necessary to study the reaction of
the ear to a change in system performance introduced when
reproducing speech and music.

In general, dynamic tests of this kind indicate that the
sensitivity of the ear to the introduction of distortions, using
the term in its widest sense, is greatly reduced. This result
seems eminently reasonable if one considers that there must be
at least a hundred aspects of system performance and pro-
gramme composition that contribute to the subjective pleasure
of the performance. A change in any single factor may there-
fore be largely concealed by the overwhelming number of factors
that are unchanged.

The data in Chapter 1 indicated that music, speech and
noise may contain frequency components over the whole of
the audio frequency range and that they may extend even
outside this range in the case of some musical instruments and
the impact types of noise. The same data indicated that the
distribution of acoustic power was not uniform throughout the
range but that, generally speaking, the power tends to be con-
centrated between 150 c¢/s and perhaps 2 ke/s. The section in
the present chapter devoted to loudness contours confirms that
the ear is not uniformly sensitive throughout the whole range,
and the section on auditory masking suggests that components
of one frequency may mask components of another frequency,
and so reduce their apparent importance. Practical sound
reproducing systems always produce small amounts of ‘ noise’,
thermal agitation noise in microphones and valves, mains
hum, needle scratch, tape noise, film grain, ete., and these
unwanted sounds may also serve to mask the desired music
components. As will be shown later, the subjective annoyance
produced by noise in the high-frequency range may more than
offset the pleasure derived from the presence of the music
components in the same frequency range.

These are only a few of the complications that render dynamic
tests necessary ; thus, the simplest way to obtain data on ‘just
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discernible’ changes in a parameter is to put up a wide-range
sound-reproducing system and listen. This rather empirical
procedure is not without possible pitfalls when our knowledge
of all the important factors is scanty, but it is probably the best
approach in the circumstances. Tests of this type have been
carried out by Bell Telephone Laboratories 1° and others in an
attempt to determine the subjectively appreciated frequency
range of the ordinary orchestral instruments, and in view of
the completeness of the Bell data it is the main source of
information.

Chapter 1 contained objective data on the frequency spec-
trum of speech and music, and comparison with the results of
subjective listening tests reported in the following sections will
serve to show the limitations introduced by the hearing system.
For the subjective tests the procedure consisted of playing the
instrument under investigation at a distance of about 3 ft.
from a microphone, the sound being reproduced by a high-
quality speaker system in a room similar to that occupied by
the instrument under test. Frequency range restriction filters
could be switched into circuit, and a trained listening crew, all
below the age of thirty years, voted on the question of ‘filter
in’ or ‘filter out’. When they were correct on 809, of the tests
it was assumed that a difference was detectable. The unfiltered
range of the system, including microphones and loudspeakers,
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Fre. 3.12. Frequency characteristics of sound reproducer system
used for subjective evaluation of the frequency spectrum of
orchestral instruments.

is shown by the curve of Fig. 3.12 and it is seen to be within
+ 24 dB from 20 ¢/s to 15 ke/s. Twenty-six filters, twelve high-
pass and fourteen low-pass, were available for range restriction.
Except in the case of the piano and complete orchestra, the
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AUDIBLE FREQUENCY RANGE

Fow UG SREECn o Nome player merely repeated scales for fifteen-second periods, the
Acayal (iowe] [eavcE scales being chosen to emphasize the ends of the frequency
poeaidig o e band. It is important to note that in this test musical selec-
AN - N o —— tions were not played, as it was thought that any melody would
Zﬁi’,,;"ZZ'JJ:ZZZZZZT"‘"i - T{, ] conceal the differences being investigated. Players were in-
R S o structed to play ‘loud’, as this favours the extreme ends of the
PP TS ; ""','.,,...u... range.
S| | | IS oL The results are conveniently displayed as a bar chart (Fig.
Ve ° 3.13), the length of bar indicating the tone-range of the instru-
i |T) [T LE o ment while the broken-line section indicates the frequency
o il T T range containing the accompanying noises. Blowing, bowing
sass saxopmonE ---= | | 4 Loe l and scraping noises are very prominent in some instruments.
BASSOON - o cen o ‘-1( \ 1t may be significant that for the majority of instruments
B es e e—re o Y ' the upper 109, of the frequency range is required to reproduce
s et ! " s, the characteristic blowing and scraping noises and is apparently
ot ~ o J‘ unnecessary for reproduction of the musical tone of the instru-
PICCOLD - cme o e o L ) ment.
e o] *I i The presence of a melody reduces the chance of detecting
iiine ) the change in quality produced by restricting the range, and in
T b == Sk order to obtain further data the full orchestra played two pieces
e n while range-restriction filters were inserted. The team were
o 105 %6 1900 5506 16655 75,000 | asked to indicate the percentage change in quality on inserting
il el “ the filter. This information, which is probably the most
HE 8713 Mok e e D M R e | significant of all, is contained in Fig. 3.14 from which it will be
53 I — - ' seen that there is a 19, reduction in quality when the range is
w[ ‘_\ /, t restricted to 50 ¢/s—15 ke/s, and that for a loss of 5%, in quality

, the range could be reduced to 80 ¢/s-10 ke/s.
[ The results were obtained under conditions favouring wide
& \ | frequency range reproduction, inasmuch as the noise and dis-

- T N\ i | tortion levels were very low, the team were all young people,

L sof— A : and the music was selected to give prominence to the ends of
A ; \ - the band.

’ ol | \ i 7Z 1 | Gannet and Kearney '° subsequently carried out further

N\ Yy, , ] \ laboratory investigations into the subjective effect of band-

i | NJ L~ | width reduction, primarily with the object of ascertaining the

o i NN 4 bandwidth change that was necessary to produce a ‘just per-

T 5o o 00 1900 5000 18506 35000 I ceptible’ quality difference to 509, of the technical observers.

S Qu&ﬁ:;";;’ :::;::t'm"l C;;:Ssi;"a;“:!’function e ' While their results indicate slightly wider bandwidths than are

prys= frequency. suggested by the worlk of Snow ! and Fletcher,® the chief point
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of interest is the result of the bandwidth tests. In Fig. 3.15
data on the bandwidth increment required to produce a ‘just
audible’ change are plotted as a function of the upper frequency
limit of the band.

It will be seen that the same improvement in quality is
obtained by increasing the bandwidth of a reproducer by 400
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FREQUENCY BANDWITH INCREASE REQUIRED
TO PRODUCE A “JUST PERCEPTIBLE” m
IMPROVEMENT IN QUALITY OF MUSIC.

“JUST PERCEPTIBLE INCREMENT IN BANDWITH IN CYCLES,

100L—— 1 . -
too0 10000 20ke

cfs
Upper cut-off frequency of system.

F1o. 3.15. Increase in bandwidth required to produce a ‘just perceptible’
improvement in quality.

cycles from 3-6 ke/s to 4 ke/s as is obtained by an increase of
4 ke/s from 11 to 15 kefs.

Angular Discrimination

The increasing interest in the problems of stereophonic
sound reproduction make data on the angular discrimination
of the hearing system of considerable value. Angular dis-
crimination depends upon the difference in intensity, time of
arrival and energy spectrum of the signal at the two ears,
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making experimental results critically dependent upon the type
of signal used for the tests. Noises rich in high-frequency
energy are likely to give results indicating far higher dis-
crimination than are low-frequency tones with relatively few
harmonics.

Using speech as being ‘a noise with a practical interest’, a
mean error of 1-2° with a standard deviation of 2-7° has been
found. This is the average value of the angular difference
between the line along which the test subject was looking and
that along which he was listening. The test technique has been
described in some detail,!* the results quoted above being the
average of ten tests on each of seven subjects taken in the open
air.

Using male speech having the frequency bandwidth restricted
by filters, the results obtained by the same technique are
shown in Table 3.3, and indicate that the majority of the clues

TaBLE 3.3
Accuracy of Location using Bands of Filtered Male Speech.
Frequency Range Average St. Dev, | A\t:grﬁecal;gme
50-500 ¢/s . | 38° | 355° 13-2 secs.
500-3,000 ¢/s . -9° 3-8° 10-5 ,,
3,000-7,000 ¢/s | -5° 3.4° 128
50-7,000 ¢fs . | = -1° 47° | 107 .

to the source position are contained in the band above 500 c/s.

It is of interest that the test results from the best individuals
indicated that the accuracy of localization by the use of the
ears 1s not appreciably inferior to that obtained by the use of
the eyes, though everybody without exception had much
greater confidence in their visual accuracy.

Using electrical delay lines and earphone presentation,
Klumpp 13 has determined the minimum detectable difference
in ‘time of arrival’ of a signal at the two ears, and finds that
with the best individuals this is about 6 microseconds with an
average value for twenty-three individuals of 12 microseconds.
If time of arrival was the only clue to position, these figures

69




- T —

o A D . -

HIGH QUALITY SOUND REPRODUCTION

would suggest that the minimum discernible angular difference
should be approximately 1:27°. The good agreement between
the two methods of measurement may be significant, but fur-
ther work is required to confirm the results.
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CHAPTER 4
Realistic Performance Specifications

IN CONSIDERING THE PERFORMANCE specification for a sound
reproducing system it is rarely possible or even advisable to
adopt the apparently ideal solution and design the complete
system to have a frequency range greatly exceeding the audio-
frequency band and a distortion figure well below anything ever
suggested as just audible. It is only on very rare occasions
that one designer has the opportunity of dealing with a com-
plete system ; and in almost every instance, economic or
engineering limitations in one part of the system will probably
make it advisable to adopt a ‘somewhat less than perfect’
standard for the remainder of the system.

This chapter will be devoted to a consideration of the factors
that should be taken into account in fixing a realistic speci-
fication ; that is to say, a specification in which the resultant
equipment will give the ‘most pleasing’ but not necessarily the
most accurate reproduction from the input signal available.

Frequency Response

The data in Chapter 3 indicated that a good pair of ears have
a frequency range extending from somewhere in the region of
16 ¢/s to 16 ke/s, and the objective data presented in Chapter 1
established the fact that some musical instruments and some
of the common noises have power/frequency spectra that
extend well beyond the audio range at both ends of the scale.
At first sight these data would appear to define the minimum
frequency range for which equipment should be designed, but
the inexperienced designer soon finds that the only pleasure to
be derived from a system having an unlimited frequency range
is that of studying the response curves and meditating upon
the skill exhibited in designing such a wide-range system.

Without any doubt the public at the present time prefer a
system having a restricted frequency range, a most disturbing
fact to all engineers conscious of the amount of information

71




|

|
i
|

HIGH QUALITY SOUND REPRODUCTION REALISTIC PERFORMANCE SPECIFICATIONS

\
\
1
|

thrown away when the frequency range is restricted to a few

E .o a0 |
. . y 229 |3
thousand c/s. This preference has support in the experience of & ’:-"cé IZ 2|28 |8 |3]5|8|8
. . 3 =
every sound engineer, and careful quantitative tests, such as 2 [ Nl
those carried out by Chinn and Eisenberg,! have only served to ' gl 2lse| | |
confirm qualitative experience. 5 §§ =2 (gslele (=2]B )=
. . iom I O
In these tests separate comparisons were made on a wide I !»—} i | ||
variety of programme material, with a series of frequency Zla, |2 [ '
P - e T E2 = =% [ =
range restriction filters giving the frequency characteristics s g2 2|3 |8]R|B|2])=(8 =
. . . . = —
shown in Fig. 4.1. These were chosen as being representative =N ‘ ’
of a system of the highest calibre (3 dB down at 30 and 9,000 = = | 50 |
. . y -3 29 | ¢
cycles), an average quality radio receiver (3 dB down at 160 |, 128 8 % | 8T § 218 =18
SIERI \
S . > |3 = 1 .z
K| O \O ﬂ\
S | 23 N lololelo|als | » ) OIS
+10 —~ 44 e 4 S 3;;1 o |~ ~ | N [-S I - B Y iog 7
L. h | 2 (l® SB35 4
-0 e S = R S S G AR ] = —— 8 o 7 :;
< Wide Bond LT / N [ L =g 32 m.—g =R
= -10 f x — NEANE 2t e zxialesiglaltlzla | &S
= A / Norvow Band N\ 8 2 |~ o |l |k |d]eo oo 0%y >
B 2 $ ) = o EST Y
:—20 A /Z- T S — ﬂ;o @
‘5 Medium 2% < [ cetl )
i Band / | o 25 X Sw L 8
& -30 7 Y SR 28 o lw | wlle|lo | oo | o —~ S8 B
p a0S g2 IZIR-SIE T BB BRI S s 1)
-l L 25| & E R
e 8 2 282 2 2 8 8882 ¢ 2 888 — ‘ S o o
= 8 & 8 8888 § E 8 EEEE ¢ B S =1 | ] .E""Uo
Frequency %% > = & N ’ = o ‘ < | o ™ | © | = 2 % a4
=9 .?g SRR IS RO Ry @
Fia. 4.1. Frequency characteristic of filters used in Chinn and ) = | | e 1R g
Eisenberg tests. g’ e — 1 I ® =28
s 1 l 289 &
. % o e é 2% % | 0 &g
and 3,500 cycles), and a receiver midway between these limits - PR EEEE Y ERENERN EEEEE: | 24
= <
(3 dB down at 70 and 6,500 cycles). e ) N - | P £
Particular care was taken to eliminate the possible effects of 3 = |30 E'g E
o o5 ,_4
such secondary factors as order of presentation, appearance of § 22 a8 | S |9 | 8])3(8]8 =A
. . . . . N
the loudspeaker, effect of signal lights, etc. High-quality disk B N [
d . y. |
recordings have the advantage of consistency and repeatability, Fo |30
and as a separate test indicated that the results were not 42 } SRR BEE-E R R -
appreciably modified by their use, disks were employed for the < e R 14
majority of the tests. ¢ ; X
. . [}
The audience chosen (about 500 people) was representative B o g g g
of a wide variety of possible tastes, the majority being normal | §&E E E E . E
. s s qe a3'S
members of the public. It might be expected that a specialized | é’é& ol 21581 e E £ § E £ |
group of listeners, such as those owning frequency modulation : 123 2 g Sl ;3 z‘i 2
3 i . . = 2 =
receivers, would display a more exacting taste than the ordinary iES | o B p L .
72 73




HIGH QUALITY SOUND REPRODUCTION

man in the street, who might reasonably be expected to be
accustomed to something worse than a narrow range repro-
ducer. In America high-quality reproduction is one of the
main advantages claimed for frequency modulation technique,
and steps are taken to make certain that the receivers meet
this claim. The even more specialized group of listeners, com-
posed of professional musicians accustomed to hearing music,
ete., ‘in the natural’, might be expected to exhibit an even
more refined taste. Separate tests were therefore taken on a
group of people owning frequency modulation receivers and on
a group of musicians.

A wide variety of programme material was made available,
separate tests being taken on each type ; the array of results is
summarized in Table 4.1.

They are, to say the least, surprising. When wide range is
compared directly with medium range, the latter scores in
eight out of the eleven comparisons, wide range failing to make
a decisive score at any point. On the tests where wide range
might be expected to score (musicians and frequency modula-
tion listeners), it is in fact most decisively rejected, the musi-
cians being particularly single-minded in their rejection.

On comparing wide range with narrow range, the result is
found to be almost as emphatic, narrow range scoring in nine
out of the eleven comparisons.

The results of the comparison between medium range and
narrow range does a little to restore the engineer’s self-con-
fidence, inasmuch as medium range scores in seven out of
the eleven tests with one match drawn and a large percentage
of the audience having no preference.

The results cannot fail to surprise the quality enthusiast,
particularly as it should be noted that the usual accompani-
ments to ‘high fidelity,” viz. surface noise, monkey chatter,
whistles, etc., were absent.

Quantitative evidence indicating a preference for wide range
consists almost entirely of the results of a comprehensive experi-
ment by Olson, in which acoustic filters were inserted in
the partition wall between two rooms, one used as a studio for
a small orchestral combination while the second contained the
audience. The filters which had the transmission characteristic
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shown in Fig. 4.2 were in the form of a venetian-blind structure
and could be rapidly introduced into the sound path by turning
a handle. This test showed an overwhelming preference for
‘full range’, and in view of the marked conflict of evidence it is
worth considering whether there is some factor which prevents
the results of the Chinn and Olson tests being compared.

The most obvious difference is that the Chinn and Eisenberg
tests were carried out with a monaural reproducing system,
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whereas Olson’s acoustic filter tests were made under listening
conditions similar to those obtaining in a concert hall. Con-
siderable experience suggests that this is a major factor, and
that the wider use of stereophonic reproducing systems would
result in a wider preference for full-range reproduction. It
would, however, be premature to conclude that this is the whole
explanation. The concert orchestra of to-day does not have
the same instrumental composition as the orchestra of 100
years ago and bears even less resemblance to the orchestra of
two centuries ago. Simultaneously there has been a slow but
steady change in the tone quality of the instruments them-
selves, generally in the direction of reducing the relative ampli-
tude of the upper harmonics in order to give a smoother tone.
It might therefore be unwise to conclude that the tone quality
of the orchestra will not undergo further development, for the
musical world is slow to change its standards ; whereas the
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public, lacking any technical knowledge, will unhesitatingly
set any tone-controls provided into the positions in which they
give the ‘most pleasing’ reproduction.

The major part of the preceding discussion has been devoted
to asking why the public prefers a restricted frequency range,
even when reproducing systems of the highest standard are
used. The explanation suggested is not particularly satisfying
and it is obvious that further investigation is needed.

Effect of Amplitude Distortion on Preferred Bandwidth

The presence of distortion or noise of any kind undoubtedly
leads to a preference for a restricted frequency range, and it
becomes a matter of importance to decide just how low the
distortions have to be before they cease to influence the
listener in his choice. _

For the reasons given on p. 50, the point at which amplitude
distortion becomes ‘just recognizable’ cannot be specified with
any degree of precision, though the present indications are
that it is somewhere between -39%, and 19,. The figure given
by Chinn and Eisenberg for the peak distortion in their system
is -6%,, and it would therefore seem unlikely that the presence
of distortion had a great influence on their findings. Moir 2
has shown that expert music critics have a marked preference
for violins having a frequency range approximating to the
‘medium’ range used by Chinn and Eisenberg, even when
reproducing systems are not employed ; this may be evidence
that amplitude distortion is not a factor affecting the listener’s
opinion at the distortion levels achieved by Chinn and Ifisen-
berg.

Effect of Noise on Preferred Bandwidth

Noise in a reproducing system is a problem that becomes
more serious as the system bandwidth increases, for it makes
itself subjectively obvious at the high-frequency end of the
audio spectrum, in spite of the fact that the common types of
noise have a power frequency spectrum that is fairly uniform
throughout the band. Noise may result from any of the
following causes :
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Thermal agitation voltages in the first resistance in the
circuit, generally the microphone circuit resistance.

Shot notse in the electron stream of the first valve.

These are fundamental noises about which nothing sub-
stantial can be done ; they can be assumed therefore to set
the ultimate limit to the signal/noise ratio.

Needle scratch. The common name for the noise due to the
granular surface of the gramophone record.

Film grain noise. Noise due to the finite size of the grain
structure of the film.

Magnetic tape noise. Noise due to the presence of some
residual order in the arrangement of the magnetic domains.

All these sources of noise have power frequency spectra
which are constant over and beyond the audio-frequency band,
but as reference to Figs. 1.7 to 1.9 will show, music and speech
have a power frequency spectrum that falls away fairly rapidly
above 500 cycles. For example, reference to Fig. 1.7(b) shows
that the average pressure spectrum for a large orchestra is
nearly 40 dB down at 10 ke/s, even though the peak pressure
spectrum is substantially constant up to 14 ke/s. This is con-
firmed by the three plots of Fig. 1.7(a), which shows that the
peak levels reached for even 209, of the playing time are
nearly 30 dB down on the maximum levels reached. Above
500 c/s the noise components will become increasingly pro-
minent, giving the subjective impression that the noise energy
is concentrated at the high-frequency end of the spectrum.
Restriction of the high end of the frequency range will mini-
mize the noise, but the exact point at which restriction should
commence will depend entirely upon the type of music being
played and the relative level of music and noise. Instrumental
combinations having high output at the top end of the fre-
quency range will mask the surface noise well out beyond 2 ke/s
and may make it unnecessary to introduce range restriction
under perhaps 7-10 ke/s, whereas a recording of a violin solo
on a 78 r.p.m. record may be so deficient in output at the high
end of the range that non-engineering listeners may prefer
range restriction to commence at 3 ke/s.

The serious nature of the problem is shown by tests carried
out by Aiken and Porter ® using a listening group without any
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engineering training. White noise, i.e., noise having a uniform
power/frequency spectrum up to and beyond the audio range,
was mised into a high-quality system reproducing speech and
music, and the listeners’ reaction to range restriction was
checked. When the noise component was adjusted to give a
good signal/noise ratio with the range restricted to 3,500 ofs,
an increase in bandwidth to 7 ke/s made it necessary to reduce
the noise by as much as 18 dB before the listening group con-
sidered that it was down to the same level as in the 3,500 c/s
cut-off tests. On an energy basis the required reduction should
only have been 3 dB, the extra reduction of 15 dB being
ascribed to the rapid falling away above 3-5 ke/s of the power/
frequency spectrum of the music. This example is believed to
be somewhat extreme, but it illustrates the problem.

Considerable effort has been made to develop recording media
having a low inherent noise level ; 33 r.p.m. recordings and
magnetic recording represent an improvement of 20-30 dB
over earlier disc and sound film recordings. A further
improvement of 10-20 dB would reduce the problem to
insignificance.

Effect of Loudness on Preferred Bandwidth

Later in this chapter attention will be drawn to a preference
for lower-than-original volume levels during reproduction in
small rooms, a preference that is found among engineers as well
as among ordinary members of the public. It is also well
established that there is a preference for an increase in the
relative level of the lower frequencies, and that a decrease in
the average loudness level requires further increase in the rela-
tive level of the lower frequencies. The reasons for this pre-
ference are not completely understood, though some light is
thrown upon the subject by reference to Fig. 3.1 and the
accompanying discussion.

From Fig. 3.6 it will be seen that as the average loudness
level falls, there is a marked falling away in the sensitivity of
the ear at the low-frequency end of the spectrum. A decrease
in loudness level obtained by reducing system gain produces a
greater subjective loss at the lower end of the range than in the
middle range, and the reproduced music appears to be bass-
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deficient, a defect that the public will endeavour to correct by
re-adjustment of the tone-controls if they are provided.

It may be significant that the eye appears to show a similar
preference for an increase in the low-frequency end of the
visible spectrum when working at lower-than-daylight levels,
for experience has shown that at light levels of 5-50 ft. candles
the energy in the red end of the spectrum must be raised by a
factor of some three times if the lamp colour is to find public
acceptance.

Power Qutput

The power output required of a reproducing system is a
function of several factors which will be considered separately

1. The maximum loudness level considered desirable.
2. The efficiency of the loudspeaker system.
3. The characteristics of the auditorium.

Maxemum Loudness Level

At first thought the maximum loudness levels required might
be considered to be those quoted in Chapter 1, which gives data
on the maximum loudness levels reached in normal speech and
music (approximately 85 phon for speech and 105 phon for
music). In fact, for reasons not absolutely clear, the public
prefer reproduced speech and music at a lower level than the
original ; this preference is well brought out by the work of
Somerville and Brownlees ¢ in England, and Chinn and Eisen-
berg ! in America.

In both series of tests the technique employed consisted in
providing the test subject with a high-quality loudspeaker and
amplifier and a control of system power output. Seated in
typically domestic surroundings, the test subject was asked to
adjust the loudness to the value he preferred. The programme
material available covered speech and all the broad divisions of
orchestral groupings commonly employed.

In the British tests, groups representative of the ordinary
public, musicians, engineers and programme engineers, were
sepgrately assessed, as preliminary tests had suggested that
their tastes differed slightly. Within the British Broadecasting
Corporation, programme engineers are the technicians employed
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in monitoring and adjusting the loudness of the programme
being radiated, and it is therefore of particular importance that
their tastes should be representative of the ordinary public.

TABLE 4.2

Preferred Maximum Sound Level (dB above 10-16 watts/cms.?)
(From Somerville and Brownlees *)

. | Programme
Public e
| e | Muslclans | _I)Eg?ne‘efs _| Engineers

| | Men l Women Men | Women

Symphonic music . ‘ 78 78 88 90 87 88
| Light music 75 74 79 89 84 84

Dance music . " 75 73 79 89 83 84 |
l Speech . . : ; 71 ‘ 71 74 84 71 80 l

The results are summarized in Table 4.2, and if they are
compared with the data given in Chapter 1 for the volume
range of originals, it will be seen that there is a strong prefer-
ence for volume range restriction in the reproducing system.
The results are ‘not reasonable’ (if straightforward engineering
logic is applied to the problem) in the same sense in which the
results of the frequency range preference tests are ‘not reason-
able’. The loudness levels reached in the concert hall are rarely
anything but satisfying and even exhilarating, and it is again
necessary to consider whether our electro-acoustic systems are
at fault or whether there is some more fundamental explanation.

Having in mind the suggested explanations for the frequency
characteristic preferences, it is worth considering whether the
same factors may also be responsible for the preference for a
restricted volume range. Though there is no quantitative data
on the subject, it is a matter of common experience that the
presence of amplitude distortion does result in a preference for
reduced loudness levels, and though the loudness preference
tests were taken with high-quality audio systems having dis-
tortions below 19, even this low level may still be biasing the
group opinion towards ‘lower than natural’ levels.

There are two other possible reasons for the discrepancy.
All the tests were made with a monaural reproducing system,
whereas concert-hall listening is done binaurally. The ears
and brain have the ability to steer the directivity pattern of
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the ears in any desired direction and by this and other means
partially to exclude unwanted sounds, the discrimination
amounting t0 12-16 dB. When listening to an orchestra in a
concert hall, attention is generally confined to one instru-
mentalist or to one small section of the orchestra, while the
contribution of the remaining sections form a pleasant and
necessary background to the immediate focus of attention.
When listening to a monaural reproduction, the directional
diserimination of the ears is of no value, as all the sound is
emitted from one small source. Subjectively, a sound level of
90 dB produced by a monaural system is much harder and more
irritating than the same sound level from a live orchestra or a
stereophonic reproducer. *

Another contributory factor may be that of room size and
its effect upon the time-pattern of the reflection arriving at the
listener’s ears. It may be shown that the mean free path of a
sound ray undergoing multiple reflection within an enclosure of
volume V and total interior surface area S,

mean free path — 14
and as the velocity of sound in air is 1,125 ft./sec., the average
in‘tﬁrgal between the arrival of individual reflections at the ear
will be

4V d
11258 seconds.
Thus the number of reflections/second arriving at the ears is
proportional to ¥room volume. A typical concert hall will
have a volume of about 400,000 cu. ft. and a small living-room
one of about 1,500~2,000 cu. ft. The number of reflections/
§econd arriving at the ear will thus be about six times greater
in the small room and this may well result in an increased sense
of ‘irritation per phon’.
Loudspeaker Efficiency

ASSu‘ming that the sound level required can be settled, in-
formation is necessary on the electro-acoustic conversion

* Experience since writin
) g the above only serves to confirm that the uge
of monaural systems is the chief reason for & preference for reduced loudness

and is & very i ; i 3
e ¥ mmportant factor leading to a preference for restricted frequency

H.Q.8.R.
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efficiency of the loudspeakers that wil} be employed ; thls
information, perhaps rather regrettably, 1s not usual.ly supplied
by the loudspeaker manufacturer. It is not sppphed bgcause
of the difficulty of specifying the efficiency in unambiguous
terms and in such a form as would make it of any use to the
purchaser.® No loudspeaker has an a.bsolutel}" level response
over the whole of the audio band ; output differences of as
much as ten to one may occur at points only & fe?v tens of cycles
apart. Information on the conversion efficiency at some
average single frequency is therefore ‘val.uelejss, the only ﬁgure
of real value being one that gives an indication of the lo‘udness
level produced per watt on an average programme, with the
speaker mounted in some particular type of enclosure. . Even
this must be used with caution and only for the comparison of
units of the same type and covering the same frequency range,
for it will be obvious that a unit having a thin paper cone may
be designed to concentrate its output in the l?a.nd between, say,
400 and 3,000 ofs where the ear is most sensitive. When com-
pared with a unit having a level response over a much wider
band, the inferior narrow band loudspeaker will appear as the
one having the higher efficiency. ‘

Within these limitations the efficiency of typical loudspeakers
is as shown in the following table.

TABLE 4.3
Efficiency of Typical Loudspeakers*
|

0

l %
Large two-way cinema borns . . g . ‘ %3_3(5)
Domestic horns . . . . : 4:6
17 in. cone 17,000 gauss field . . A 3
12 in. domestic high-quality unit 14,000 gauss . l “7-1-0

8 in. radio receiver type 8,000 gauss field - U=

Auditorium Characteristics o

The sound intensity produced in an enclosure 13 inversely
proportional to the amount of acousticl absorption present ;
and as similar auditoria may differ in this respect by as much

* Almost identical figures for a 12-in. gpeaker are quoted by Hardy, Trans.
I.R.E., P.G.A., Nov.-Dec. 1952.
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as 3 to 1, the sound power requirements may differ by the same
amount. The problem is further complicated by the different
absorption/frequency characteristics that the absorption
present may possess, even though the two halls may have the
same reverberation time at 500 c¢/s. In one hall the majority of
the absorbent material may have an absorption coefficient
that increases with increase of frequency, whereas the second
hall may have the opposite characteristics. Apart from the
major differences in quality produced by such differences in
absorption characteristics, the mean loudness level resulting
from a given amount of sound power radiated by the loud-
speakers would also differ by a fairly large factor.

An approximate indication of the sound power requirements
for a particular auditorium of volume ¥V and reverberation*
time 7" seconds can be obtained from the simple relation

P =116 x 10-¢ ;Watts

on the assumption that the reverberation time/frequency
characteristic is in substantial agreement with the optimum
time curves of Fig. 17.1. To obtain the electrical power re-
quirements this figure must be multiplied by 100/speaker
efficiency. If the figure of 19, is used for domestic speakers,
the electrical power required is given by

P =116 x 10-4 gwatts.

Fig. 18.21 indicates the electrical power output suggested
as the minimum requirements for cinema theatres.

An actual measurement of the electrical power into the voice
coil of a high-quality 12-in. speaker working in a room of 1,550
cu. ft. indicated that the peak power defined as

(Peak volts)?/voice coil resistance
was approximately 55 milliwatts when the sound level was
80 dB, a CRO being used for the voltage measurement and a
standard sound level meter for the level check.

Distortion Levels

The power output of an audio-amplifier is not a precise figure,
but depends upon the distortion level considered reasonable
* See Chapter 17.
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for the particular application. The permissible distortion is
largely a matter of convention ; a review of the literature
indicates that almost any distortion figure between -19, and
17%, may be considered reasonable ; 5%, is the usual figure,
but the figure of 29, is often adopted for high-quality ampli-
fiers. In amplifiers not employing negative feedback, or only
small amounts of feedback, the power output for 59, distortion
may be three times that for a distortion level of 19,. In later
designs using feedback the power output for 59, distortion
may only be 109, higher than for 19/ distortion.

Wow and Flutter

All sound-reproducing systems employing a storage link,
such as a gramophone record, magnetic tape or sound film,
suffer to a greater or less degree from an annoying form of dis-
tortion known as wow or flutter, the result of uneven speed of
the storage medium past the recording or reproducing point.
As the subject will be discussed more fully in a later chapter,
only a simple illustration will be given at this stage. The
simplest is probably that of a gramophone record having the
spindle-hole off centre. Taking an outrageous figure as an
example, a centre spindle-hole 0-1 in. off centre would result in
the stylus moving between effective radii of 4-9 and 5-1 in.
when tracing at a mean radius of 5 in. The velocity of the
record surface past the stylus would rise and fall by 29, as the
record rotated and the frequency of all recorded tones would
vary cyclically by the same percentage.

In this particular example the speed goes through one com-
plete cycle per revolution, but there are many other types of
defect that lead to the appearance of wow and flutter at almost
any cyclic rate. Sound film reproducers may exhibit this
trouble at frequencies as high as 96 c/s, corresponding to the
number of sprocket holes passing the scanning point per
second.

No mechanical link is entirely free from this trouble, and
indeed the attainment of a minimum degree of wow represents
the ambition of the designer of any mechanical drive.

Equipment of the highest quality may exhibit speed varia-
tions in the region of -059,, but domestic tape reproducers and
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gramophone record players may rise to between -29, and -59, ;
though it should be understood that a statement of percentage
flutter without some indication of the cyclic flutter frequency
is not a completely satisfactory indication of the degradation in
quality that results from the defect.

Hum and Noise

From the data in Chapter 1 it will be seen that ordinary
domestic living-rooms have an average noise level of about 42
phon with the quietest 5%, as low as 20 phon. The maximum
preferred sound levels are in the region of 90 phons (at least for
engineers), suggesting that a volume range of 70 phon would
hold the system noise below the room noise, but at the same
time allow the maximum levels to reach the values preferred by
engineers. Taking average values of room noise and considering
the wishes of non-engineering listeners, a volume range as low
as 40 phon should suffice ; but there is an exception to this
when the noise occurs in the form of hum from the reproducing
system or some other a.c. mains devices. Steady tones of this
kind are likely to produce standing waves in a room, resulting
in the accentuation of the hum levels over small areas of the
room. Standing waves may result in a local increase in sound
level of as much as 15 phon at the hum frequencies; the
critical designer may therefore wish to make certain that the
mains frequency components of system noise are 10-15 dB
below the other sources of noise having a wider frequency
spectrum,

TABLE 4.4

S/N Applicability

30 dB Tolerable to the non-critical. o

40 dB Acceptable if the programme volume range is low or the
| room noise level is high,

50 dB Very good, acceptable to most listeners.

60 dB Excellent, completely acceptable except where the noise is
| concentrated in a narrow frequency band.

70 dB | Acceptable to a very critical listener in a very quiet room.

|

Table 4.4 suggests the signal/noise ratios that are desirable
for various grades of duty but it should be emphasized that the
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values are matters of opinion, based on extensive experience.
Tolerances of -+ 5 dB are probably necessary.

Suggested Frequency Range

Experience suggests that the art of sound reproduction has
reached the point where system defects of all the types dis-
cussed result in a preference for system bandwidths of the
following order:

Disc Recordings

Very few 78 r.p.m. recordings can be reproduced with a range
extending above 6 kc/s, but this range may be extended with
vinyl recordings on 33 r.p.m. records. Using 78 r.p.m. records,
the response should be down by at least 20 dB at 7 ke/s and
should continue to fall at higher frequencies, but a cut-off rate
of this severity is not necessary with 33 r.p.m. recordings,
where a response perhaps 20 dB down at 12 ke/s is acceptable.
These remarks only apply to the best 19, of all recordings ;
for the remaining 999, it is advisable to have an adjustable
tone-control that will restrict the upper cut-off frequency to a
point as low as 3 ke/s, with a cut-off rate of perhaps 20 dB/
octave. If loudspeakers of the highest quality are not used,
the frequency range of the amplifier system need not be
restricted quite so severely.

Sound Film Reproducers

Sound film reproducing systems employing photographic
recording are generally allowed to fall away above 5 ke/s but
at a somewhat slower rate than suggested for disc recordings.
The use of a sharp cut-off filter with a designed cut-off at 8 ke/s
is common. The characteristic of Fig. 18.22 is recommended
for the amplifier system by the Academy of Motion Picture
Arts and Science, but this can only be taken as a guide unless
the speaker system performance is also specified. The charac-
teristic of Fig. 4.3 is an overall frequency characteristic as
measgured in the auditorium of  leading London cinema theatre
having an excellent reputation for sound quality. Sound film
reproducers employing magnetic recording are held flat to
perhaps 9 ke/s before being allowed to fall away.
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Fio. 4.3. Overall frequency response measured in a leading London
cinema.

Magnetic T'ape Recordings

The lower inherent distortion levels in a magnetic tape
recording system allow the reproducer to be operated with a
response that is only 2-3 dB down at 12 ke/s.

Frequency Range Balance

When considering the bandwidth of a proposed system, it is
also necessary to give some consideration to the location of the
band inside the audio range. A bandwidth of 8 ke/s would
normally be considered adequate for high-quality speech
reproduction, but the result would be very thin if the 8 ke/s
band extended from 1 ke/s to 9 kefs. One suggested criterion
is that the product of the upper and lower cut-off frequencies
should be 400,000, for example, a lower cut-off of 50 ¢/s and
upper cut-off of 8 ke/s, but it is reasonable to assume that the
choice of centre frequency should be such as to make the loss in
quality at the upper end of the band equal to the loss in quality
at the lower end of the band. Reference to Fig. 3.14 then
suggests that the product of upper and lower cut-off frequencies
should be nearer 750,000, a lower cut-off of 90 ¢/s requiring an
upper cut-off of 8 ke/s for good balance. Experimentally it is
difficult to decide between the two criteria, but it is suggested
that the product of upper and lower cut-off frequencies should
not fall outside the two figures given.
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A cut-off produet figure of 750,000 results in an equal num-
ber of octaves above and below a centre frequency of 860 c/s.
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APPENDIX TO CHAPTER ¢

Iy it is assumed that ‘loudness’ is related to the steady state sound
intensity, the power required to produce any specified intensity can
be computed from the standard exponential relation between sound
density and the time interval during which power is being supplied
to the enclosure. The sound energy density in ergs/c.c. at any time
t seconds after the power is turned on, is given by

Equation 1 : 4P
E=_""_ PP e
CSa (1 e — CSa t/4v)

where P is the rate of emission of the source in ergs/sec.

C = velocity of sound ecm./sec.

S = total surface area of absorbing surfaces sq. cm.

« = average coefficient of absorption of all surfaces.
When steady-state conditions are reached, theoretically after infinite
time, but practically after 7' seconds where 7 is the reverberation
time of the enclosure, the bracketed term is cqual to unity and the
sound energy density is given by
Equation 2 : - 4P

CS«

It is more convenient to have a relation involving the reverberation
time 7 and the volume of the enclosure V rather than § and this

can be obtained from the normal Sabine relation for reverberation
time

T = % from which S« = %/
Substituting kV/T for S« in Equation 2 gives
Equation 3 : - diRer
CkV

from which the source power in ergs/sec. is given by

Equation 4 : 2 ckVE
4T

If some standard intensity is adopted, the arithmetic is simplified
and as 100 dB is a convenient figure this will be inserted. It corre-
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sponds to a sound intensity of 10-® watts/sq. crm. and a sound energy
density of 3 x 10~* ergs/c.c. Substituting this value in Equation 4
and including al) constants, the acoustic power in watts required
from the source to produce a maximum intensity of 100 dB is given
by
Equation 5 :
P-‘3'4X104X16X10_4X3 ><10—4>< |4
B 4 x 107 T
— 41 x 10710 P/T

or converting to ft. units

Equation 6 :
P =116 x 10~% V/T = -0000116 -I-;-’ watts.

For any Joudness level other than 100 dB the power required will be
doubled for each 3 dB increase in intensity that is considered
necessary. The threshold of pain is reached at an intensity level of
about 120 dB requiring a power 100 times that given by Equation 6
and presumably fixing the absolute maximum value of power that
anybody might ever consider necessary.
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CHAPTER 5
Microphones

To THE ENGINEER responsible for their use rather than their
design, the many types of microphone are probably best
grouped together on the basis of their polar diagrams, for this
is the major characteristic deciding their suitability for a
particular use. It would be misleading to class them merely
as directive or non-directive, for all microphones have some
degree of directivity over some part of the frequency range.

Response at
low trequency

Reg_porr:sq, at
igh trequency
/
Sound
wove )

Mic Pressure

operation
F’(:lc!'rI rfuponsc at

Sound all frequencies
wove

Velocity
bi- directional

Fie. 5.1. Idealised polar diagrams.

The directivity is more accurately indicated by their mode of
operation, and they will therefore be grouped as ° pressure-
operated’ or as ‘velocity-operated’ types. In the pressure-
operated microphone, the output voltage is a function of the
difference in air pressure between that on the front of the
diaphragm, due to the incident sound wave, and the ambient
air pressure inside the microphone casing at the rear of the
diaphragm. In the velocity-operated types, the output voltage
is a function of the difference of pressure between two points in
the sound wave, requiring both sides of the microphone
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diaphragm to have unrestricted access to the air. Microphones
of this type are variously known as ‘velocity’, pressure gradient,
or ribbon microphones, but as none of the terms are completely
free from ambiguity the best known term, ‘velocity microphone’
will be adopted.

The distinction between ‘pressure-operated’ and ‘velocity-
operated’ is adopted because all pressure-operated microphones
have a directivity pattern that is circular at the lower end of
the audio frequency range, degenerating to a relatively narrow
beam at the high-frequency end of the range. Velocity-
operation results in a polar diagram that has one or two lobes
of maximum response, but the width of the lobes stays sub-
stantially constant over the whole frequency range.

The polar diagrams to which both types of microphone tend
are shown in rather idealised form in Fig. 5.1 ; the departures
from the type pattern are more marked in the velocity types
where practical difficulties prevent the sensitivity on the sides
from falling to zero.

Pressure-operated microphones were the first type to be
introduced and the majority of microphones in use at the
present time must be of this kind, but the advantages of
velocity-operation are becoming more widely appreciated and
they will certainly gain in popularity. The relative advantages
of the two types will be discussed in a later section devoted to
the application of microphones.

Pressure Microphones

The frequency characteristic of all forms of pressure-operated
microphones is appreciably affected by the shape and size of
the microphone housing. As this is a common problem it will
be discussed before proceeding to a consideration of the
individual examples.

A sound wave of low frequency will produce an excess air
pressure at the diaphragm surface which is independent of the
direction from which the sound wave approaches the micro-
phone. If it approaches from the rear, it merely diffracts
round the housing in much the same way as a water wave
washes round a small obstruction, the microphone casing cast-
ing no sound-shadow over the diaphragm. The reaction of the
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housing at high frequency has no such simplicity. If a sound
wave having a wavelength much less than the diameter of the
microphone approaches the front, pressure doubling will occur
immediately in front of the diaphragm on account of the
incident and reflected sound waves being in phase, and the
pressure on the diaphragm will rise to twice the pressure that
existed at the same point in space before the insertion of the
microphone.
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Fi1e. 5.2. Sound field distortion due to diffraction at an obstacle.

To the same sound wave approaching from the rear of the
microphone the housing will appear as a major obstruction,
and a deep shadow will be thrown over the diaphragm. At
these high frequencies the pressure excess over the ambient air
Pressure within the casing and the consequent output voltage
will be low. A sound wave approaching from the side will
produce a resultant pressure on the diaphragm which is some
way between the pressure doubling which occurs when the
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source is in front of the microphone and the pressure deficiency
which results when the source is behind it.

The frequency at which pressure doubling due to reflection
from the obstacle commences will be a function of the frontal
diameter and shape of the obstacle measured in wavelengths,
all obstacles having the same shape and a diameter of one wave-
length having the same diffraction pattern. With any given
size of microphone housing, the effects of diffraction will there-
fore become more marked as the frequency increases, the dis-
tortion of the sound field being small for those frequencies
below which the microphone housing is less than about one-
half wavelength.

The calculation of the diffraction pattern is a matter of
extreme difficulty except for simple symmetrical shapes, but
the pattern has been calculated and measured for such funda-
mental shapes as spheres and cylinders, and the results may be
used to guide the designer and user of the microphone when
considering its performance. Fig. 5.2 compares the calculated
and measured pressure ! increase at the centre of the surface
of a rigid sphere as a function of the diameter in wavelengths.
The increase is seen to reach a nominal maximum of 6 dB, but
it may reach 12 dB unless some measure of streamlining is
introduced.

Microphone housings should therefore be as small as possible,
should have no major projections and, if not spherical, should
have some degree of taper on the rearward side.

Phase Shift Across the Diaphragm

There is another effect due to diaphragm diameter which has
a profound influence upon the frequency response of the micro-
phone, when the wavelength is a fraction of the diaphragm
diameter. A sound wave approaching from the side will not
produce a pressure which is in phase over the whole of the
diaphragm, for the phase of the pressure in the sound wave
will change during the time-interval in which the wave front
passes across the diaphragm. Thus when the wavelength is
equal to the diameter and the wave approaches from the left
side, the pressure over the left half of the diaphragm will be
equal in amplitude, but opposite in phase to that over the right
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half, and the resultant pressure over the whole area will be
zero. At this frequency the output voltage will fall to zero.

Both diffraction and phase shift effects tend to confine the
response at high frequencies to those sounds that originate on
the axis.

Cavity Resonance

Accentuation of the response over a narrow frequency band
will occur unless the diaphragm is set flush into the face of the
microphone ; any cavity in front of the diaphragm will re-
gsonate at the frequency that makes the cavity depth one-
quarter wavelength and will produce a rise in pressure on the
face of the diaphragm and a peak in the response curve.

All these effects will obviously be reduced, or at least moved
to a higher frequency, by a reduction in the dimensions of the
diaphragm and its housing, though the immediate result will
be a reduction in output voltage, making some compromise
essential.

The performance of practical pressure operated microphones
is illustrated by the curves of Figs. 5.4, 5.5, 5.7 and 5. 19(b).

Carbon Granule Microphone

The earliest and certainly the commonest type of microphone
is the carbon granule type in which the signal voltage is gene-
rated as a result of the cyclic change in pressure on a stack of
carbon granules, a simple example being used in practically all
telephone handsets ; but as the performance is acceptable only
when high output is the primary consideration, the type will
not be further discussed.

Moving Coil Microphones

The moving-coil microphone is one of the most useful types,
combining the merits of relatively high output voltage, small
size and weight, good performance and robust construction.
It exists in two forms, that shown in Fig. 5.3 being in effect a
miniature moving-coil loudspeaker. The alternative form
employs a small domed duralumin diaphragm and is consider-
ably smaller and more robust, but has a rather lower output
voltage.

95




HIGH QUALITY SOUND REPRODUCTION

The basic moving-coil elements are engineered into a very
large variety of shapes, making the moving-coil type of micro-
phone the most generally used in the industry. The smaller
examples will as a rule have the best frequency response, but
the lowest output. Practically all types have an impedance in
the region of 20 ohms, the output varying from perhaps -5 to
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QL
D
\\\\ \\\\\
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terminal

l«— Rubber
mount

5 mv when addressed in an ordinary conversational voice at a
distance of 1 ft.

S.T. & C. 4017 Type Moving Coil. This is a moving-coil
type of microphone having a metal diaphragm, the active
centre portion being about 1 in. diameter. The coil is of alumi-
nium strip wound on edge and attached to the periphery of the
centre domed portion. It moves in the magnetic field provided
by a cobalt steel magnet which is magnetized after assembly,
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the magnetizing winding being left in position to avoid the
de-magnetization that would occur during its removal. The
frequency characteristic of any microphone is appreciably
affected by the cavities behind the diaphragm, but in this
particular microphone these are turned to good account? In
the normal way the response at low frequency falls away
because of the stiffness of the diaphragm surround, but rein-
forcement in this region is provided by resonating the com-
pliance of the volume of air behind the diaphragm with the
mass of air in the tube which vents the back of diaphragm
volume to the outer air. Appropriate dimensioning of tube
and cavity raises the response at 50 c/s by about 4 dB. At
frequencies above 2 kc/s irregularities are smoothed by suit-
able choice of the dimensions of the volume and the slots in the
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Fic. 5.4. TFrequency characteristics of Standard Telephones Type 4017.

outer pole, the overall response being within 2 dB between 30
and 10,000 c/s.

This is a microphone that has been available for many years
and has been proved to be robust, reliable and capable of an
excellent performance.

The microphone casing diameter is 3} in. roughly one wave-
length at 4 ke/s and doubling and diffraction effects are to be
expected above about 1-0 kejs. The field calibration shown in
Fig. 5.4 indicates the frequency characteristics obtained and
illustrates quite clearly the irregularities that appear at high
frequency on account of housing diffraction and phase shift
across the diaphragm.

This type of microphone has been made in very large numbers
and is in use in almost every country in the world, but it has
recently been superseded by the type 4035 microphone

97




N

HIGH QUALITY SOUND REPRODUCTION MICROPHONES
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which has the same basic construction, but is of smaller size

into a horizontal plane to make the frequency response inde-
pendent of the direction from which the sound approaches, a
device that has been widely used in microphones of later design.
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and has a greater output. The response curve Fig. 5.5 indicates
N = s the difference between the new and the older versions.
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The reduction in diameter made possible by the use of more
modern magnetic materials and the adoption of a spherical
housing has lessened the irregularities in frequency response ;
but as a measure of directivity at high frequency is sometimes
of value, provision for adding an acoustic baffle to the front of
the microphone has been included. The frequency response
obtained at various angles to the diaphragm with and without
the acoustic baffle is as shown in Fig. 5.7.
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¥i6. 5.8(a). 8. T. & C. 4037 cutaway view of tubular moving-coil microphone.

S.T. & C. 4037. This is a pencil type of microphone,
primarily intended to be held in the hand but available with
other types of mounting. Some performance has been sacrificed
in the interests of size and the slim shape. Basically it is a
moving coil microphone with the volume of the outer case and
the mass of the air in the leak tube resonated to improve the

101




displayed in producing small amplifiers for this purpose, but

HIGH QUALITY SOUND REPRODUCTION MICROPHONES
[ M [ BTN bass performance. Iig. 5.8(a) is a sectional view showing the
N2 1542 g construction.
N N &
/ PR /D)’-‘;V - . .
A A = Capacitor Microphones
= /*//o‘/./ When a thin diaphragm is supported close to a metallic
rl/ﬁ' /e” backplate the air pressure variations characteristic of sound
W a4 B will vibrate the diaphragm, varying the spacing between the
L" - g two metallic faces.? If a polarizing voltage is applied through
’ = ; a resistance as in Fig. 5.9, the capacitance changes will result
| Z in the appearance across the resistor of voltages that have the
_% same waveform as the acoustic pressure.
w7 !
g |
]  q [ 1i—
=
3 E A
3
= Togrid ot
= |— ist valve
[§ Orapheagm Backpiate
o s Fie. 5.9. Capacitor microphone coupling circuis.
.
\ - % The large size of the early models exposed them to all the
\ S defects noted in the introduction to the section on pressure
\ - E microphones, but in recent years improved designs have made
N o & 2 a strong bid for popularity. Capacitor microphones can be
& o designed to achieve an extremely good performance, but they
</ ~ R g have some practical disadvantages that have hindered their
- universal acceptance. If the diaphragm is small enough to give
2w 2 8 2 = 8 3 'o% a polar diagram that is acceptably uniform over the whole
RN A O TR = frequency range, the capacitance between diaphragm and back-
. E plate and the output voltage is low, and the coupling resistor R
g R 535%% must be high ; the values commonly required are in the region
o \[ & S of 10-500 megohms. An acceptable frequency response can
LW | | T then be obtained only by mounting a pre-amplifier immediately
°7 N L1 | | adjacent to the microphone. Considerable ingenuity has been
/18 |

L3

!
c 103




HIGH QUALITY SOUND REPRODUCTION

the necessity of carrying the power supplies for the stage
through the microphone cable results in a larger and less flexible
cable. In many applications the microphone stand may be
knocked or handled, and it becomes a difficult problem to avoid
microphony from the pre-amplifier valves.

Higher output may be obtained by reducing the clearance
between diaphragm and backplate, but this introduces diffi-
culties both in assembly and in service, for extremely close
attention is necessary to avoid dust and moisture shorting out
the diaphragm-to-backplate spacing and rendering the micro-
phone so noisy as to be unusable. Current models have clear-
ances as low as 10 microns, the diaphragms being either of
stretched aluminium alloy or of a plastic having a gold-
sputtered surface. The use of a Melinex diaphragm eases the
problem of leakage across the gap, but careful choice of material
is required if the initial tension in the diaphragm is to be main-
tained over the working temperature range.

In order to secure a reasonable degree of freedom from
response irregularities caused by pressure doubling at the high
end of the frequency range, a unit is needed with an overall
diameter not much greater than 1 in., bringing the diaphragm/
backplate capacitance down to 70-100 pF, even with clearances
as low as 10 microns. The feed resistance and any parallel grid
leak must then have values in the region of 200 megohms if a
flat response down to 25 ¢/s is to be obtained, while any parallel
leakage paths, such as valve-holders and bases wiring and the
grid cathode path of the first valve, must have leakage resist-
ances at least 100 times greater than this to ensure freedom
from noise. . This is a very serious problem, dealt with in the
Philips design by casting the first valve, wiring and other com-
ponents into a solid block of resin. A view of the microphone
capsule and the head amplifier of the Philips unit is shown in
Fig. 5.10.

The performance of this microphone is quite outstanding ;
the frequency characteristic is within + 1-5 dB between 30
and 15,000 c¢/s, while the distortion is below -39, at a sound
level of 95 phon. The small dimensions of this particular
microphone ensure that the polar diagram is almost circular at
all audio frequencies.
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Ire. 5.10. Microphone capsule and head amplifier of Philips
capacitor microphone.

Piezo-electric Microphones

Properly chosen sections of crystalline Rochelle salt (sodium
potassium tartrate) exhibit piezo-electric activity,* generating
a signal voltage when the section is mechanically deformed.
This characteristic can be usefully employed in microphones,
and a large number of examples have been produced. They are
practically all pressure-operated, though velocity-operation is
possible ; some designs have been described, but there has been
no large-scale production. The outstanding characteristic of
the diaphragm-driven pressure-operated types is their large
output voltage, though this is developed across a rather high
internal impedance. Their technical merits, together with their
low price, have made them an almost universal choice in such
applications as portable magnetic recorders and desk tran-
_scribing systems, but they have not made any great inroads
into the high-fidelity field.
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An alternative form known as the sound-cell type has
excellent performance characteristics, but again has not fougd
application in the high-fidelity field, though it is widely used in
acoustic measuring equipment.

A thin slab, cut from the basic crystal as shown in Fig.

(a) Rochelle Salt Crystal () Formation of
and Cut Plate Piezo Motors

o e ©
=

(c)Bender Bimorph Element (d) Twister Bimorph Element

Fia. 5.11(a)-(d). Construction of bimorph unit of Piezo-electric
microphone.

5.11(a) and having a conducting layer of graphite or foil on
the X-X faces, will be deformed mechanically in the direction
of the arrows 1, 2, if an electrical potential is applied between
the electrodes. If the a, b edge is restrained from moving by a
suitable clamp, the top edge will move in shear as indicated by
arrow 3. Two sections with suitable electrodes, and assembled
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as shown in Fig. 5.11(b) (¢) (d), constitute a bimorph unit which,
by a suitable combination of sections, can be made to bend or
twist, a bender being produced if 45° cuts from the parent slab
are used, and a twister if sections having the long axis along
the ZZ axis are chosen. In either type, the association of two
sections to form a bimorph greatly reduces the amplitude and
hysteresis distortions that exist in the single plate.

Diaphragm piezo-type microphones generally employ bender
assemblies, the diaphragm centre being coupled to one edge or
one corner by a short and light rod as illustrated by Fig. 5.12(a).

Protective cover )
/Dlophrogm

» Piezo unit

(@)

Digphragm type.

Bimorph crystals

Moulded
support .
trame

Sound cell type.

Fic. 5.12. Piezo microphones. (a) Diaphragm type; (b) Sound
cell type.

Two bimorphs may be assembled back to back as in Fig.
5.12(b) to produce a ‘sound cell’ microphone in which the two
crystal elements are assembled in a box-like moulding, the
crystal surfaces themselves forming the ‘diaphragm’. The two
elements are connected in parallel, but a complete microphone
unit may consist of anything up to twenty-four such individual
cells in series parallel to give increased output or to provide a
microphone of lower impedance or any desired combination of
these advantages. The interior of a typical six-cell assembly is
shown in Fig. 5.13.

Sound cells may be produced in any desired size, the smaller
sizes having improved frequency response at the expense of
lower output. A single cell, roughly 7, in. square, will have a
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frequency response that is only down by about 1 dB at 10 ke/s ;
an assembly of these cells may therefore be expected to give a
very satisfactory performance.

The internal impedance of both types of piezo microphone is
that of a capacitance about 1,500 pF for diaphragm types and

Fic. 5.13. Sound cell assembly.

about 2,000 pF per cell for sound cell types. The use of a long
connecting cable between microphone and first valve grid
will result in a loss of output, but little frequency discrimina-
tion ; the microphone capacitance and cable capacitance form
a capacitance potentiometer having no frequency discrimina-
tion. This is in marked contrast to the effect of connecting a
cable to a microphone having an inductive or resistive internal
impedance ; for the association of a load and a source having
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differing impedance frequency characteristics results in fre-
quency discrimination at the output terminals.

In general, the grid leak of the first valve will be in parallel
with the piezo microphone, and as the capacitance of the micro-
phone is low, a high value of leak resistance must be used if
attenuation of the low frequencies is to be avoided. Values of
one megohm or greater are required, but the manufacturers’
suggestions should be followed ; for a 24—cell microphone will
permit a much lower value of resistance than a single cell unit
for the same low-frequency response. A typical result is shown
in Fig. 5.14.
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Fic. 5.14. Effect of shunt resistance on Piezo microphone response.

Velocity Microphones

Velocity 5 or pressure gradient microphones differ from
pressure types in that the sound wave has free access to both
sides of the ‘diaphragm’, making its movement proportional to
the difference in pressure at two points in the sound wave.

The interior of the S.T. & C. 4038 Studio Type of ribbon
microphone is illustrated in Fig. 5.15(a). The voltage generating
element is a light duralumin ribbon suspended between the
poles of a permanent magnet and crimped to give it lateral
rigidity and a low resonant frequency. Connections are taken
from top and bottom of the ribbon to a suitable matching
transformer in the base of the assembly, that from the top
being split into two leads, one down each side of the magnet
support to reduce hum pick-up. The sound wave must have
free access to both sides of the ribbon, and to avoid the magnet
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acting as a plane baffle it is mounted below the ribbon and has
an open structure. The frequency response extends to 15 ke/s
ag shown in Fig. 5.15(b). It is the standard studio microphone
used by the B.B.C.

In this form the microphone has two major lobes or response

s RSN ‘

Fre. 5.15(a). View of S.T. & C. Type 4038 ribbon microphone with
cover removed.

as indicated in Fig. 5.1, with two points at which the response
is ideally down to zero. A few moments’ consideration will show
that the pressure difference between the two sides of the ribbon
will be at a maximum when the sound wave approaches ‘face
on’ to the ribbon and at a minimum when the wave approaches
from the side, for the sound pressures on opposite sides are
then equal in amplitude and are in phase.
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Microphones having the bi-directional characteristic of Fig.
5.1 are a considerable improvement on those of the pressure
type when used with a public address system in an enclosed
space, for the null in the response may be directed towards the

8

Output ‘level dB

Frequency
0 350 100 300 1000 5000c/s 10 15 ke/s

9

Fic. 5.15(b). Response curves of Type 4038 microphone.
(0 dB =1 volt/dyne/sq. cm.)

speakers with the lobe of maximum response towards the
artiste. Theoretically, the ratio

Reverberant sound collected by a velocity microphone
Reverberant sound collected by a pressure microphone

3,

enabling the velocity microphone to be placed v/3 = 1-7 times
as far away from the artiste as a pressure microphone for the
same ratio of direct to reflected sound.

A microphone with a single lobe of response has even greater
advantages in many applications and may be produced by a
combination of a velocity responsive element and a closely
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associated pressure responsive element. A single lobe of re-
sponse is the result of combining the output of a microphone
having a circular polar diagram and of one having a bi-direc-
tional characteristic. This is illustrated by Fig. 5.16. Close
control of the phase and amplitude of the electrical output of
each microphone unit is necessary, and may perhaps be best
achieved by using two units of similar types. Though a bi-
directional response is produced by a ribbon-type unit having
both sides of the diaphragm open to the sound wave, the basic
ribbon construction can be converted to pressure operation by
arranging to enclose the rear side of the ribbon, adding an

Polar diagram Polar diagram
of prassu? of combined

unit z\ units

Polar diggram
of velocity
unit

Fic. 5.16. Cardioid polar diagram of pressure and velocity respon.
sive units.

appropriate quantity of damping material to avoid acoustic
resonance in the enclosure.

In practice, an acoustically absorbent rear enclosure may be
achieved by coupling a relatively long pipe to the rear of the
ribbon, the pipe being filled with loosely packed wool. The
two ribbon élements are then mounted in a single magnet
structure one above the other, the top element having the rear
side of the ribbon coupled to the acoustically loaded pipe.

The combination of pressure responsive and velocity respon-
sive elements leads to the polar diagram shown in Fig. 5.16,
the front-to-rear discrimination being about 20 dB. The polar
diagram illustrated is the result of combining units having
equal outputs, but it may be varied over a wide range by
attenuating the output of one or other of the units.

It is not absolutely necessary that both elements be of exactly
the same type ; Western Electric Co. produce a uni-directional

112

MICROPHONES

microphone (639A. S.T. & C. 4033A), in which the velocity ele-
ment is of the ribbon type while the pressure element is a small
diaphragm moving-coil unit mounted immediately below the
ribbon.® Phase difference between the two units makes the
problem of obtaining a good polar diagram somewhat more
difficult if units of such widely differing types are used, but the

Wind ==
screen =
iy
Ribbon z
Acoustic Magnets
resistance'
Pole plate 4
and baffle — R
W Al
Dynamic 2 .
housing
. ” ] j Switch
Diaphragm || | | <
Magnet x
Coil Ribbon
ol transformer
Terminal
plug and
mounting

Fie. 5.17. Western Electric Cardioid Microphone, Type 639A.
British Equivalent 8.T. & C. Type 4033.

problems have been successfully solved in the type illustrated
in Fig. 5.17. A cardioid characteristic obtained by combining
the output from a pressure element with that from a pressure
gradient element requires that the electrical outputs of the
individual elements be equal in amplitude and of constant
phase difference over the whole audio-frequency range. This
is difficult when the two units are of such radically different
types, and it has therefore been necessary to attenuate the
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Fia. 5.18. Performance characteristics of Cardioid Microphone.
8.T. & C. Type 4033.
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output of the ribbon element above 3 ke/s, allowing the pressure
element only to provide the output signal. A suitable choice of
diaphragm diameter results in the desired directional character-
istics without any contribution by the ribbon element above
this frequency. The performance is illustrated by Fig. 5.18(a)
and (b). A built-in switch allows either element or the com-
bined elements to be used, giving the user a choice of a circular
figure-of-eight, or cardioid response.

A similar result may be produced in a simpler manner, using
only a single voltage generating element. The theory is perhaps
best approached by considering the limits of polar performance
that result from a ribbon element, first when open on both sides,
and then when open on one side only. With the ribbon open
on both sides, the polar diagram is double-lobed as described
earlier, the double lobe being present at all frequencies. With
the rear of the ribbon enclosed the unit has the response
characteristic of all pressure microphones with small
diaphragms, a circle at low and medium-high frequencies
closing to a single lobe at the top end of the audio range. If
now a port of adjustable area is added behind the ribbon, the
polar diagram will be that of a velocity ribbon when the port
area is large and that of a pressure unit when the port is closed.
In intermediate positions the polar diagram will fall some way
between the two limits, the performance of the commercial
model shown being illustrated by Fig. 5.19(a) (b) (c).

Moving Coil Velocity-Operated Microphones

If both front and rear of the usual diaphragm-operated
moving-coil microphone are open to the air, the force effective
in driving the diaphragm is the result of the difference in
pressure at two points in the sound wave, spaced apart by the
distance between front and back of the diaphragm, plus a com-
ponent due to pressure-doubling at the front face of the
diaphragm.

Both components are substantially proportional to frequency
over the useful portion of the frequency range, but a flat overall
frequency response can be obtained by placing the main
resonant frequency at the lower end of the frequency range to
give ‘mass control’ of the diaphragm above this frequency.
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The microphone will then have a figure-of-eight polar diagram,
for the ‘resultant’ force on the diaphragm will be zero when the
sound source is on the side at 90° to the face of the microphone.
The problem of design 7 is largely one of giving unrestricted
access to the rear of the diaphragm, for the coil and magnet
assembly are comparatively large, but successful examples of
this type are available from Austrian and German firms.
Cardioid types having a uni-directional response are generally
of greater value than the figure-of-eight type, and single-

Fia. 5.20. Dynamic Cardioid polar diagram : AKG D20 Microphone.

diaphragm moving-coil types having these characteristics have
been produced. The technique consists of adding an acoustic
phase-shifting network between the rear face of the diaphragm
and the air, the network introducing the same phase shift and
attenuation as is encountered by a wave travelling from the
rear of the microphone round the outside of the casing to the
front of the diaphragm. If this is achieved perfectly, the effec-
tive pressure on the front of the diaphragm caused by a wave
approaching from the front will be doubled ; while the total
effective pressure on the diaphragm caused by a wave from the
rear will be zero, for the pressures on front and rear will be
equal and in phase. The resultant polar diagram is indicated
by Fig. 5.20, illustrating the performance of the AKG D20
type microphone, while Fig. 5.21 illustrates a section of a
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typical assembly and indicates the acoustic elements added in
order to smooth the overall frequency characteristic and pro-
vide the phase-shifting networks.

The use of modern magnetic materials for the magnet system
allows the complete microphone system to be of small size, and
this in turn allows two separate assemblies to be mounted in
one casing, as in the AKG D36 (Fig. 5.22), giving two cardioids

MAGNETIC
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DIAPHRAGM PHAS
SHIFTING
| NETWORK
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)
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cotL
DIAPHRAGM
SURROUND
ACOUSTIC
ELEMENTS
CONTROLLING
PERFORMANCE
A
FREQUENCY

Fic. 5.21, Section of AKG Cardiocid Moving Coil Microphone.

pointing in opposite directions. Provision for combining the
outputs of the two units in any desired ratio gives a very
flexible control of the overall polar diagram, between a cardioid
pointing in one direction, when the output of one unit is used,
through an omni-directional diagram, to a cardioid pointing in
the opposite direction when only the output of the second unit
is used. The low impedance of the moving coils allows the four
wires to be run to the operator’s position, where a switching
unit can be provided enabling him to change the polar diagram
while the microphone is in use.
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Velocity Responsive Capacitor Microphones

The capacitor microphones previously discussed had an
omni-directional polar diagram, but other polar diagrams may
be obtained from a capacitor microphone by techniques similar
to those used with the cardioid moving-coil microphones
previously discussed.

The basic figure-of-eight diagram is obtained by allowing
the sound wave to have unrestricted access to both sides of the
diaphragm ; this is more easily achieved in the capacitor micro-
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Frc. 5.23. Capacitor microphones.

phone than in the moving-coil unit because there are fewer
obstructions at the rear of the diaphragm. Adequate access
to the rear can be obtained by drilling a series of holes through
the backplate as in Fig. 5.23(a), but protection against the
ingress of moisture and dirt may be obtained by adding a second
diaphragm to the rear as in Fig. 5.23(b).

A cardioid diagram requires the addition of phase-shifting
networks in the acoustic path to the rear of the diaphragm,
but these consist only of a series of tunmnels drilled into the
backplate, and the addition of a baffle to increase the length of
the acoustic path between the front and rear.
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A similar polar diagram may be obtained by alternative
arrangements of phase-shifting elements and a larger diaphragm
as in the AKG Cl2 ® unit illustrated in Fig. 5.24, diffraction
due to the larger unit being relied upon to restrict the polar
diagram above about 6 ke/s.

Fre. 5.24. AKG C12 Microphone.

As indicated in Fig. 5.23(b), a second diaphragm may be
added at the rear for the dual purpose of excluding dust and
a8 a second element in the phase-shifting network. When used
for these purposes, polarizing voltage is not applied to it ; but
if the whole system is made symmetrical, both diaphragms and
their associated phase-shifting elements may be used as
cardioids facing in opposite directions. Choice of the active
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Fic. 5.25. Interior of AKG Cl12 Microphone, with its
associated amplifier, ]
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cardioid is made by control of the polarizing voltage applied to
the diaphragms ; this choice may be made remotely by the
system operator if the polarizing supply connections are carried
to the operating position. If a continuous control of the
relative polarizing voltage is provided, a smooth change of
polar diagram may be made between a cardioid pointing in one
direction through an approximately omni-directional diagram
to a cardioid pointing in the reverse direction. This change
may be made while the microphone is in use, and is of consider-
able value when a mixed programme of soloists and instru-
mentalists is being broadcast.

The characteristics of all these capacitor microphones are
outstandingly good and place them in the very highest class,
though it is reasonable to remark that they are not so robust as
the moving-coil and ribbon units previously described. Fig.
5.25 illustrates the AKG cardioid microphone and its associated
amplifier, the overall dimensions being 1% in. in diameter by
10% in. in length.

Microphone Seusitivity

A true and fair comparison of the electrical signal produced
by the many various types of microphone is rather difficult in
view of the wide difference in frequency characteristic and
internal impedance. In a general way output voltage can be
sacrificed to flatness of frequency characteristic, any accurate
comparison requiring that the output voltage figures be cor-
rected for departures from some ideal characteristic. Micro-
phones having a low intrinsic output impedance have a low
output voltage at their terminals, though this may be corrected
by the insertion of a step-up transformer. Piezo microphones
have a high intrinsic impedance and high output voltage ; but
it is not possible to design a coupling transformer, either to
raise the impedance of a moving-coil low-impedance micro-
phone to that of a piezo type, or to lower the impedance of a
piezo type to that of a moving-coil type. An academic com-
parison may be made on the basis of equal output impedances,
but it is a comparison that cannot be made in practice.

Table 5.1 compares many of the high-quality microphones
available, the figure for sensitivity being the output voltage
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—% obtained when the microphone is placed in a sound field of 10
Eéﬁ I g . = ] dynes per sq. cm. Columns 4 and 5 indicate the actual output
’Eég =) impedance and the output voltage relative to 1 volt that is
Eé‘-’ ® X X achieved in a matched load. The information in the table
= - - - — 5 should be used with some care as indicating the sort of result
2 m g achieved rather than as an accurate indication of relative
| § § %% performance.
.sl El | RO As a rough guidance, a microphone having an output of
S)E L) — 60 dB will have an output of 1 mv. on a 20-ohm load at a
o' 5 gk I distance of 1 ft. from an average speaker, but this may be
- gw _ e § § § L E X either five times higher or five times lower according to circum-
L _ - o ' { stances. Within a few feet of the microphone the output is
= ool inversely proportionate to distance squared, but outside a range
P “f qu —I‘ of perhaps 4 ft. it tends to be inversely proportional to distance
3? BEERIZIS sL 5 rather than to distance squared.
=% N B R B -
ég < B (2 | . The Application of Microphones
- ":" - ‘ Both pressure and velocity microphones have their staunch
& :g; g« & §| §| %\ , supporbbers, a}rlld b}ﬁe bc}?nti(;luedtexistence of both indicates that
&) ] I oo == no one type has a e advantages.
é :i% = c%% gg ; %ﬁ RERIIIS 83 El £| 21 ‘ The moving-coil pressure-operated type has proved itself an
= | & g & LRI admirable device in any application, and for robustness and
e - - - l reliability it is without peer. In stage and public address work
e ED e artistes and speakers are sometimes a little heavy-handed in
T B 2ES £ - Yy their enthusiasn, and rugged construction is essential.
¢ SAS A s o _‘g %OE alEs s i For orchestral work or for any application where uniform
g E -~ g OE S E 7% S5 A 3/ £E8 , pick-up must be secured over a wide angle, the directional and
& §_§_ § SO B 2 B 2 % L e l uni-directional velocity types have the advantage. The
| = 88 18 SESSSSEASSE A& EES uniformity of frequency response over a fairly wide angle and
S the existence of one or more nulls enables a velocity microphone
¢ onws DR~ B | to be orientated to bring the nulls to a position facing the loud-
2 25 g g ZABEBRBO & g Eé a § speakers in a public address system or facing the orchestra
& | B N e é F s | when an artiste must be heard against, rather than over-
1 . 4, whelmed by, a background of music.
: & % B : In the acoustically difficult hall the restricted angle of re-
& o & - : sponse reduces the amount of unwanted reverberant sound,
2 |QC8 3 L oii:oa:on s 2 g < ' giving a cleaner signal of greater intimacy than any other type
{ MME E e 5 S CS) 2 of microphone, particularly when the microphone cannot be
— - A— | brought close up to the artiste.
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Near a small source the sound wave is spherical and the
particle velocity falls away at a lower rate in a low-frequency
wave front than in a high-frequency wave front ; consequently
a velocity-operated microphone gives an accentuated bass
response when close to the source. Many units of this type
include a ‘speech/music’ switch to attenuate the bass response
when used for close talking, but there are many applications
where both speech and music must be picked up by the same
microphone alternatively ; a remotely placed control of the
bass response is therefore really necessary and is best achieved
in the microphone mixer.

Capacitor and piezo microphones having a high impedance
can only be used when they can be closely associated with a
pre-amplifier to raise the level and lower the output impedance.
With capacitor microphones this is imperative, but piezo units
may be used at 5-15 ft. from the first amplifier stage without
serious trouble. Capacitor microphones are really only suit-
able in the hands of a skilled operator, but, given this attention,
they can put up a performance which, from the point of view of
sound quality, is probably not surpassed by any other type of
microphone.

Piezo microphones are good and very robust, except in
tropical temperatures ; but their application in the high-
quality field has probably been retarded by the absence of a
combined microphone and pre-amplifier showing the same
standard of engineering skill as that devoted to capacitor
microphones and their pre-amplifiers. Where high output
voltage takes precedence and the microphone is within a few
feet of the first valve, the diaphragm-type piezo microphone is
almost without rival.

Methods of Rating Microphones

There are a number of current methods of expressing micro-
phone sensitivity, which makes it easy to be confused unless
the basis of a quoted rating is given. The earlier methods
involved quoting either the output voltage in millivolts or the
output voltage in dB relative to 1 volt when the microphone
was placed in a specified sound field, usually 1 dyne/sq. cm. =
1 bar (England and America) =1 u bar (in the Central Euro-
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pean countries). A standard sound field of 10 dynes/sq. cm. may
also be used raising the apparent sensitivity by 20 dB, but the
output voltage quoted may either be the open circuit voltage
at the microphone terminals or it may be the voltage at the
terminals of a matched load.

Any method of expressing the sensitivity in terms of voltage
has the major disadvantage that the output voltage is a func-
tion of the output impedance, and thus a high impedance unit
of the piezo type may appear to have a very high output. This
difficulty may be overcome either by indicating the impedance
across which the stated output voltage is obtained or by quoting
the output power, for this is independant of the output imped-
ance. The latter method is that adopted by R.T.M.A.* the
output being expressed relative to 1 mW. when the microphone
is placed in a sound field of -0002 dyne/sq. cm., the agreed stan-
dard reference sound field ® for the Fletcher Munson curves.

Conversion from the R.T.M.A. figure to dB/10 bar (dB/10
dynes/sq. cm.) is easily carried out by subtracting 94 dB (sound
level corresponding to 10 dynes/sq. cm.).

Almost as important as high output voltage is a low intrinsic
noise leve], since the volume range of the system is limited to
the difference between the self-generated noise and the signal.
There is again no complete agreement on the method of ex-
pressing noise level, but it is often expressed in terms of the
sound field (dB relative to 0002 dyne/sq. cm.) that would pro-
duce the same output voltage as the self-generated noise.

While this is a satisfactory method, it requires agreement on
the weighting network to be used when measuring the noise
output voltage. Two standards are in use in Europe, the earlier
ratings being based on a German standard D.I.N. 5045, while
later results are generally based on a Provisional C.C.LF.
Recommendation 1949. If the latter method is used, noise
outputs are generally in the region of 20-35 phon ; but the
figures are roughly 10 phon lower if measured by the D.I.N.
5045 method.

In many practical situations the self-generated noise is due,

* American Radio and Television Manufacturers' Association.
t D.IN. = Deutsche Industrie Norm equivalent to the British Standards
Institution or the American Standards Association.
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not to thermal agitation in the internal resistance of the micro-
phone, but to hum voltages induced into the microphone by
stray power frequency fields. There is no agreed standard on
this point, but the induced noise is sometimes expressed in the
same way as the R T.M.A. sensitivity figures, a field strength
of 10~% gauss being used. High-quality units have induced
noise voltages in the region of — 120 to — 130 dB.
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CHAPTER 6
Microphone Mixers

Mixer Circuits

It 18 a common operational requirement that smooth fades
from one programme to another or down to zero should be
possible or that two or more programmes should be combined
in any desired ratio. Thus a spoken commentary is often
provided with a musical background that is brought into
prominence during gaps in the commentary. The device that
achieves these effects, known as a fader or mixer programme-
control, is centralized at a control station or control console
such as that shown in Fig. 6.1 containing groups of mixers and
other controls which provide such facilities as tone-control,
microphone-selection, volume-indication and cueing facilities.

Fic. 6.1. Western Electric mixer console used for sound film
recording.
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Mixer circuits in common use range from the simplest com-
bination of two ordinary volume-controls mounted on the
amplifier, used when cost is of paramount importance, to the
complex assembly shown in Fig. 6.1 installed when performance
is the main consideration. An ideal mixer or fader will smoothly
combine the outputs of two or more circuits without mutual
interaction or modification of the frequency range of either
circuit and without introducing noise as the controls are
manipulated. Suitable circuits will be reviewed beginning with
the simplest, the series mixer.

Series Mixers

Two or more signals may be combined and controlled by the
simple circuit of Fig. 6.2(a), a series mixer which has the
merits of low cost, but has a number of operational disadvan-
tages. Neither side of the top microphone circuit can be
earthed, which inevitably leads to the introduction of hum and
noise when the lower control is in the ‘max volume’ position.
The resistance ‘seen’ by the input transformer is a function of
the position of the sliders and thus the circuit frequency
characteristic also varies with the gain settings. Any trans-
former in such a position in the circuit, as 7 in Fig. 6.2(a), has
a frequency characteristic that varies with the resistance of
the source feeding the transformer primary. Thus when the
source resistance is slightly lower than the design value, the
loss at both high and low frequencies will also be lower than
the design value ; but further lowering of the source resistance
can lead to the appearance of a peak in the response at the
high-frequency end of the range, on account of the series
resonance of the transformer leakage reactance and the shunt
capacitance on the secondary.

The trouble caused by hum and noise pick-up may be reduced
by the insertion of isolating transformers between the mixer
controls and the microphones as in Fig. 6.2(b) and (¢) ; this
allows one side or the centre tap of each of the long wiring runs
to the microphones to be earthed. Trouble caused by variation
in frequency characteristic with change in mixer setting is
slightly accentuated by the addition of the transformers.
Interaction between circuits also remains a problem, as the
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fraction of the signal voltage obtained from one circuit is a
function of the setting of the other mixer.

Where the mixer controls can be mounted close to the first
valve, interaction between controls and changes in frequency

H.T.
—e outpuT
/a)
T
. &+ —e E
SIMPLE SERIES MIXER
HT.
MICT. [%
T
a5 T Z
MiIC.2.
=
g HT.
MIC.1.
|— outPUT
o
Tl
°ﬁ" <)
MIC.2.
* ] =

SERIES MIXER WITH MICROPHONE
ISOLATING TRANSFORMERS.

Fic. 6.2(a)-(c). Series mixer circuits.

response can be reduced by the arrangement of Fig. 6.2(c).
The residual changes in frequency response are now caused
only by the presence of the stray capacitance (shown dotted)

3

they occur at the top end of the frequency range, the top
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response falling away as maximum gain is approached. The
loss may be reduced to tolerable proportions by the appro-
priate choice of mixer resistance values so as to make the Q
reactance of each capacitance at least three times the resistance
across which the capacitance appears, though this procedure
results in some loss of signal voltage. These three circuits are
widely used where cost is a prime consideration.

2509
_—

Parallel Mixers

Some of the disadvantages of the series mixer are reduced or
eliminated by the parallel mixer circuit of Fig. 6.3(a), as one -
side of each microphone circuit can be earthed and interaction i
between circuits is substantially reduced by the addition of
the isolating resistors R, and R, These advantages are only
gained at the cost of some loss in signal at a point in the circuit
where the signal is already low. The loss is due to the isolating
resistors R; and R, and increases with the number of mixer
controls rather limiting the application of the circuit unless
pre-amplifiers can be used after each microphone.

Isolating transformer 7" and T may be inserted as in Fig.

6.3(b) to raise the voltage applied to the actual mixer controls,

as this minimizes the noise introduced by movement of the

slider and allows the centre tap on each microphone transformer !
to be earthed. Where the mixer and first amplifier valve are
closely associated, transformer 7', may then be eliminated by
the use of high-resistance mixer controls.

Parallel mixers are widely used ; they are simple and effec-
tive and as they require only a single slider on the actual mixer
control they are relatively cheap and free from trouble. The
only real disadvantage is the loss introduced by the isolating
resistors, and though this loss can be compensated by the in-
sertion of pre-amplifiers in each microphone circuit, this is
expensive and often has operational disadvantages. It is not & «
easy to design a pre-amplifier which, on the one hand, gives
adequate gain and sufficient freedom from noise to cope with
the small signal obtained when an artiste speaks in a low voice .
at 10-12 ft. from the microphone, and yet has sufficient over-
load capacity to deal with the next artiste who may want to
shout into the microphone from a few inches away,

MIXER CIRCUIT USED WHEN
MIXER i§ REMOTE FROM AMPLIFIER.

20:500 52
re)

*—

*—
MIC2 g

*—
—1 T

Parallel mixer circuits.

ISOLATING TRANSFORMERS.

Fie. 6.3(a)-(c).

T
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3

Constant Impedance Mixers

Almost all the disadvantages of the previous arrangements
can be eliminated by the use of mixers that present a constant
impedance irrespective of the slider position. This eliminates
interaction between circuits and change in frequency response
as the mixer settings are changed, and at the same time mini-
mizes the loss due to the insertion of the mixer. Constant im-
pedance at either input or output terminals, but not at both,
may be obtained by the L pad control of Fig. 6.4(z). Two
sliders are employed, the series element R, increasing in value
as the shunt arm R, decreases, to hold the impedance constant E
at all settings of the control. Where the signal is obtained
from a source that is mainly resistive or supplies a load that is

VWWA— 4

LADDER ATTENUATOR GIVING SUBSTANTIALLY
CONSTANT IMPEDANCE AT BOTH TERMINATIONS ,

(=3
resistive, the L control may be used with the variable im- ¥ §
pedance terminals facing the resistive circuit, using the con- 1 ! 8
stant impedance terminals to face the reactive source or load 3 S
and thus avoid change in circuit frequency response with mixer 5} 3 é
setting. 3 T 2% 4 -

Constant impedance at both input and output terminals can z & z6 l J o8| 2
be obtained with the 7' or I1 controls shown in Fig. 6.4(b) and 3o as e, 4
{c), since change in the value of the shunt resistor is completely _ <k z l §: -
compensated by an opposite change in the value of the two / 8% = 38 3
series resistor arms. This is a complete but expensive solution, 3 I B L T <
as three resistor cards and three sliders are required in each - W wt -
mixer control. S8 g b

If some variation in terminal impedance can be tolerated at = § 2 2
either minimum or maximum setting of the mixer, the ladder § .; 3‘%
attenuator of Fig. 6.4(d) may be used as a compromise between z & LF
all the conflicting requirements. \8 g B

Hum and other noise voltages coupled into circuit wiring % g
may be minimized by earthing the centre tap on either or both o g
terminating transformers to give a circuit balanced to earth, Y o e g
but balance can only be maintained if equal attenuation is & §§ I
introduced into both sides of the circuit. Attenuators inserted g2 :
in balanced circuits must therefore have the form shown in " & '(Z‘;

Fig. 6.4(e) to preserve the balance at all settings of the mixer | ' obh i
control. This is an expensive requirement, necessitating six \ & 3 §58 K

resistor cards and six sliders on each mixer.
136 ‘
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Noise in Controls

The output voltage available at the terminals of a high-
quality microphone may only be a few microvolts when an
artiste is speaking 10-12 ft. away and it becomes difficult to
prevent the introduction of noise perhaps 40 dB lower in ampli-
tude than the signal. These noises are generated by movement
of the mixer slider over the resistance wire or studs and are the
result of differences of temperature round the circuit, or of
change in the resistor thermal noise as the circuit resistance
changes. Electrical leakage from adjacent circuits may also
introduce trouble of this type.

These scratching or grating noises may be minimized but not
eliminated by the use of stud type controls having both stud
and wiper of the same material, preferably beryllium copper
because of its good wearing properties. A slight touch of
vaseline as a lubricant and regular cleaning are also necessary.

The spurious voltages, being independent of circuit im-
pedances, are more serious in circuits of low impedance and it
becomes almost impossible to produce a noise-free mixer
working at microphone impedance levels of 20-50 ohms. Com-
plete freedom from this type of noise is secured only by using
mixers and other cireuit-switching devices in circuits where
the signal level is in the region of 1 volt.

Mixer Grading

If the best possible performance is desired, a mixer control
should introduce a maximum attenuation of not less than 60 dB
in the off position ; in this case the wiring lay-out will need
careful attention if the overall attenuation is not to be deter-
mined by stray magnetic and electrostatic couplings rather
than by the mixer settings.

It has been common practice to grade mixer controls uni-
formly over the whole range at about 2 dB per step, but this is
perhaps not the best distribution. Over the usual working
range from perhaps half scale upwards, 2 dB or even 14 dB per
step is good praectice, but this may be changed to 3 dB per step,
increasing to perhaps 6-8 dB per step as maximum attenuation
is approached. Over the working range a change in level of

138

MICROPHONE MIXERS

1 dB is just noticeable ; but, particularly where a public address
system is involved, it becomes necessary to work close to the
point at which acoustic feedback sets in and a change of 1 dB
becomes of value.

Design of Attenuators

The potentiometer is the simplest and most popular method
of adjusting gain though its limitation is that it requires the
circuit connected to the slider to have a resistance at least
three times that of the whole potentiometer if the calculated
grading is not to be modified by the circuit. Formule for
computing the value of each step have been deduced, but these
are more tedious to manipulate than the simple tabular form
of the following example.

Assume that a potentiometer having a total value of 1,000
ohms is required to have 10 steps of 2 dB each. From Table A1
p. 653, from a slide rule, or best of all, from memory, it is
found that a change of 2 dB corresponds to a voltage ratio of
1.26 : 1. The resistance between the bottom and step 9 will
then be 1,000/1.26 = 795 ohms. This value gives the total

TABLE 6.1

Calculation of a simple potentiometer having 10 steps of 2 d B each
and a tolal value of 1,000 ohms.

‘ . a a.

Siep | R at each step Step value o .
10 1000 | 205 | . &
‘ 9 795 165 | 2 § )

8 630 130 .,a % '
| 7 500 103 "
6 397 | 82 0
5 315 65 5 % '
4 250 52 w3 !
3 198 40 w 3
2 158 33 5 B
1 125 125 w5
0 0 0 o
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resistance up to step 8, Table 6.1, Column 2 thus being formed.
The network will be composed of resistors having values equal
to the difference between adjacent steps, and thus Column 3 is
formed by subtracting each calculated step value from the value
above it. These are the resistors required for the construction
of the potentiometer. It is only occasionally that the com-
puted values turn out to be resistors in the preferred series, but
an increased number of preferred values may be utilized by
allowing alternate steps to err in opposite directions by 59%,.

Constant Impedance Networks

In the T and 11 forms of constant impedance control, change
in the impedance (almost always resistive) of the shunt arms is

Fia. 6.5. T-attenuator.

compensated by a change in the impedance of the series arm,
to hold the input and output impedances constant at all
attenuation settings. As an example, the 7' network will be
analysed but the same basic procedure can be applied to any
of the many types of constant impedance networks.

Referring to Fig. 6.5, the input current I, from the source
will be attenuated by the network to give the output current
I, into the load circuits, the ratio I,/I, of the two currents
being N (ratio greater than 1) and the attenuation 20 log;y N
dB.

At the centre of the network the current I, divides in pro-
portion to the conductances of the two paths to give the
current I, in the output circuit. This is

A —— —R’h- s
Rsh + Rse + RL
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N =£i = Eq, +£se ar Rl«- (2)
IO Rsh

and therefore

The impedance looking into the network from either source or

load must be R, = R, = R,

_R‘ p— _R — —_— h - ¢ — _L
' ° <lash ]gse ]eL (3)

R, +R
=Rse4' = A
(e )

and
R, (N -1)=R,(N +1) . C(4)
R, — R, (N = 1)
N +1

this defines the resistance of the series arm in terms of the
circuit impedance and the desired attenuation.

The resistance of the shunt arm may be obtained by returning
to Equation 2 for the network attenuation ratio

£i=N=_Rsh+Rse +£L
IO ‘Rsh
from which

Rsh (ZV - ]') = Rse + RL . . . (5)
From Equation 4

N1
R"‘_RL<Z—V+1>

and substituting this in Equation 5

R, (N —1) =R, @;i) R,
_ R < 2N >
=By
making
2N
E,, = R, <m — 1) s . (8)

Following a similar procedure, design equations may be deduced
for the L and II networks, the results being collected together
in Fig. 6.6.
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The ladder type of attenuator has the very valuable advan-
tage of requiring only one slider arm while still having an
impedance which is substantially constant at any fader setting.
The attenuation obtained at any setting is the sum of the
attenuations provided by all the higher settings; thus, all
series resistors have one value and all shunt resistors a second

i'———c
Ru(I-N) vy
i T P i «— R,
LADDER R —> % R $Ra s
N ¢
R~ Ro- Ry
N-1 N-i
R, [—N., j Ry
———ANA———e
Rse Rse
g
T R R IN -—Ry, R—=
sh RL{_N.TJ (o)
N R= RorRe
pr
Rit
m
R = Rop S [MJ Rsh  =—R R —
R N (] L
Ri’ Ro= Ry
RUMA]
N
h Rfar
L Rl_'» b: LlN-IJ -—Ry Re—>

Ro= Ry

Frc. 6.6. Design data for constant impedance attenuators.

value, greatly simplifying the design and construction of the
control.

All the forms of fader described can be produced in a
balanced-to-earth form by dividing the series arm element
equally between the two sides of the circuit.

Complete Mixer Assemblies

The individual constant impedance faders can be combined
to form either series or parallel mixers as in Fig. 6.7, with the
advantage that the mixer output impedance is constant at any
setting of the individual faders. The circuit frequency response
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does not change with fader setting and interaction between
faders is negligible.

The series mixer circuit is shown in Fig. 6.7(a) from which it
should be noted that a compensating resistor R, is necessary in
parallel with each fader output in order that each microphone

MICI.
MiC2
ouTPUT
MIC.3.
Re
MICY. Ry
MIC.2. Ro ;/___J- -.//
Re

— "\ AN

MIC3. Ro R ZFF;I .

4/ CONSTANT IMPEDANCE PARALLEL MIXER,

Fie. 6.7(a), (b). Constant impedance mixer assemblies.

an(.i the master fader should be matched in both directions.
This resistor is given by the equation

_pF+1
=8 —F—) X Ry, where F = number of channel faders.

Unless microphone isolating transformers are inserted, as in
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the simpler mixers of Fig. 6.2, the series mixer is rather prone
to hum and noise pick-up.

Series compensating resistors R, are required in parallel
mixers but matching in both directions is achieved only if the
following relations are met :

The majority of attenuators have similar values of attenua-
tion per step, and once these are computed there is little point
in repeating the work each time an attenuator is designed.
Table 6.2 therefore lists the element values of several common
forms of attenuator for the values of attenuation usually
required. This has been done for a 1,000 ohm circuit but the

TABLE 6.2

Element Values for Attenuator Networks

Loss | | Ladder - T . L
db | o N i B, By, B, Rg | By R, Ry, Ron
{1 1-.12 | 0:89 ! 110 l8,300 675 | 8,700 114 | 17,400 | 110 | 8,100
2 1-26 | 0-79 206 | 3,860 | 115 | 4,300 233 | 8,700 | 210 | 3,760
3 1-41 | 0708 | 293 | 2,420 | 171 | 2,840 353 | 5,850 | 291 | 2,440
4 1-58 | 0-63 369 | 1,710 | 227 | 2,080 480 | 4,400 ( 370 | 1,700
5 1-78 { 0-56 473 | 1,285 | 280 | 1,650 606 | 3,560 | 440 | 1,260
6 2:0 | 050 510 | 1,000 | 333 | 1,360 750 | 3,000 | 500 | 1,000
7 2-24 | 0-447 | H54 807 | 384 | 1,140 895 | 2,620 | 563 810
8 25 | 04 602 661 | 431 948 | 1,056 | 2,320 | 600 660
9 2-82 "0‘355 645 550 | 477 812 | 1,230 | 2,100 | 645 650
10 3:16 |,0-316 | 684 463 | 518 703 1,420 | 1,930 684 462
15 5620178 | — | 700 367 2,820 | 1,430 | 822 216
20 | 100 | 01 —_ 818 202 | 4,950 1,220 | 900 110
| 25 | 17-8 ;0'056 — — 895 113 8,900 1,120 | 944 59
30 | 31-63 |.0-032 — | 938 64 | 15,780 1,065 | 968 33
| 35 | 56-2 0-018 — I 970 | 35-5 | 28,200 1,035 | 982 18
|4oi 100 | 001 ‘ 930 | 20 |49.900 1,020 990 | 11
| i Al S| FE=S | SN =— . P —

These are computed for a circuit having a characteristic impedance of 1,000
ohms. For a circuit of any other immpedance R, — Z, ohras the element values
should be multiplied by Z,/1,000 to obtain the correct values.

The data can be used for the design of fixed attenuating networks or for the
design of faders.
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values required for a circuit of any other characteristic im-
pedance Z, may be obtained by multiplying the listed values
by the ratio Z/1,000.
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CHAPTER 7

Reproduction from Gramophone Records

GRAMOPHONE RECORDS are at present the most popular
method of storing entertainment, though magnetic recording
is providing a strong challenge and will no doubt supersede
records as the domestic storage medium. Records have the
advantage of being simple to reproduce, convenient to store
and easy for the general public to handle ; but very few of the
microgroove and even fewer of the 78 r.p.m. recordings approach
the performance of magnetic tape running at 7% in./sec.

Present records have the standardized dimensions shown in
Table 7.1 and are pressed in shellac (78 r.p.m.) or one of the
vinyl resins (45 and 33} r.p.m.). The programme material is
recorded as a lateral modulation of a spiral groove, there being
about 100 grooves/in. for 78, and 250-300 for 45 and 33} r.p.m.
records. On re-play the groove modulation is traced by a
spherical-ended stylus having a tip radius of -0025 in. for 78-
r.p.m. or -001 in. for 45 and 33% r.p.m. and -0005--0007 in. for
stereo recordings.

This choice of standards is largely governed by the limita-
tions inherent in any engraved disk-recording system, but it is
perhaps inevitable that some parameters must be standardized
before the implications are fully understood, while changes in
the art or in the requirements make initially well-chosen
standards and practices obsolete. Originally developed for
acoustic recording and reproduction where the reproducer
sound power must be obtained from the record groove, the
standards adopted for 78 r.p.m. recordings have proved un-
necessarily robust for electrical reproducers. However, the
vast numbers of acoustic reproducers in use made it impossible
to discard these standards immediately, and there has been a
transition period during which electrical reproducers have been
adapted to work with records cut to suit the acoustic soundbox
rather than the lightweight pick-up.

The groove and stylus dimensions, the ratio of the diameter
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TasLE 7.1
Record Data
Nominal Speed ] . \ 334 r.p.m. | 45 r.p.m. I 78 r.p.m.
Record diameter . 107 127 4 i4 o4
| Outer dia. of recorded ! 10 12
surface . . . 9-5£-02"11:5+-02" |6 -02°|9-54-027 s
i Inner dia. of recorded S SRS 0P Atk W WreEsrOs
sprface 43 4 4} 3y i
Thickness | -059"— 0907 o I %059”—'090"33.
Speed 50 ¢fs . 33-33+ 59 4511+ 59 7
. 50l 5% 77-02 % 59
80 cfs | 3338k 5% 4500k 5% 1826+ »502
Groove
Minimum top width . -002” 002”7 -006”
Max. bottom radius . | -0002” ~88§2” 88?"
Included angle . 5N 90+ 5° 90 1-5° 90° + 5°
Groovesfinch ; : 200°-300° 200°-300° 90°—jl:10°
|
Centre hole . . o 28502885 1-57* -2850— 2885
Centre spindle . ‘ -2785--2820 ‘1-498+_° -003” -2785--2820
Stylus ’
Tip radius . -0005—-001 +0005—-00
. — 1 . —
Included angle 9 40°-50° 40°-50° 3%%—50(23
) |
Coding . .l Red Red Green
1 |

* Most 45 r.p.m. records are fitted with a knock-out centre to fit the smaller diameter spindle.

The majority of these dimensions will i i
ty probably become international
i;&ndards. Listing by turntable speed is convenient but it should be nlo;le&zl
at some records running at 78 r.p.m. are available with the groove dimension

listed above for 33%-r.p.m. records. S E
also available with ~004F3in. grooves.‘ i

of inner recorded groove to diameter of outer recorded groove
the record speed and surface material have all proved to bé
sub-optimum for electrical reproduction and in consequence
the disk speed of 78 r.p.m. has been practically abandoned.
Rfacords rotating at 33-3 and 45 r.p.m. are now standard. A
Stl.ll lower speed, 16 r.p.m. has been suggested and records for
this speed are likely to appear on the market in the near future.

General Relations

. Turntable spe(.:d, groove dimensions, groove pitch and playing
time are clearly inter-related and were originally chosen to give
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a playing time per side of five minutes with a 78 r.p.m. record.
Public reaction suggested that this was insufficient and the
later 33-3 r.p.m. records have an uninterrupted playing time
per side of about 25 minutes. The longest playing time for any
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Fia. 7.1. Variation of wavelength with frequency at various
cutting speeds.

agreed minimum groove velocity is secured when the initial
groove speed is just twice the final groove speed near the
centre of the record, a relation that has been adopted for 33-3
r.p.m. records as reference to Table 7.1 will show.

The linear speed of the groove past the reproducer stylus falls
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continuously as the stylus approaches the inside groove, and a
note of constant frequency will therefore have a shorter recorded
wavelength in the inside grooves than in the outside grooves.
Fig. 7.1 indicates the variation of wavelength with frequency
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Fic. 7.2. Amplitudes, peak velocities and peak acceleration for
maximum level with B.B.C. recording characteristic.

for a range of linear cutting speeds. Seventy-eight r.p.m.
records use linear speeds from about 15 in./sec. in the inside
grooves to about 47 in./sec. in the outside grooves, while
33 r.p.m. recordings range between 7 and 17 in./sec. This low
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linear velocity poses quite a problem for the designer, for it
will be seen that a 10 kefs. note has a wavelength of only
0007 in. in the inner groove (33 r.p.m.) and this must be
accurately followed by the stylus point to secure a good per-
formance.

In tracing a wave of frequency f, and having an amplitude q,
the cutting chisel and reproducer stylus must move with a
peak lateral velocity of 2nfa and a peak acceleration of 47%f2a.
The absolute values of velocity and acceleration will depend
upon the frequency characteristic that is standardized for the
recording, and after a long period of disagreement between the
recording companies on this point, some measure of uniformity
has now appeared. For the recorded frequency characteristic
originally standardized by the British Broadcasting Corpora-
tion,* the amplitude, peak lateral velocity and peak accelera-
tion are shown by Fig. 7.2. It is somewhat startling to find
that peak accelerations in the region of 1,000 g. may be involved.

Well founded data on the maximum lateral velocities en-
countered on commercial records is lacking but it is thought
that peak accelerations in the region of 2,000 g. occur occasion-
ally.

Recording Characteristics

Though the overall frequency response of a sound reproducing
system between microphone and loudspeaker should be ‘flat’,
the maximum signal/noise ratio is generally obtained by operat-
ing with a non-uniform response in part of the system, non-
uniformity in one part being compensated by an inverse
non-uniformity in some other part of the system. Optimum
results are generally secured by shaping or equalizing the
frequency response to ensure that the maximum amount of
signal energy exists in those regions of the frequency range
where the inherent system noise is a maximum.

This has been standard practice in the disk recording field
for many years, the frequency spectrum of the signal supplied
to the cutter being attenuated at the low frequency and
emphasized at the upper frequencies. The relation between
the lateral velocity of the cutter and frequency is known as the

* Almost identical with the current B.S. ‘coarse groove’.
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recording characteristic. ~Any required response can be
obtained by inserting suitable frequency response shaping
networks into the recording amplifier.

If the signal voltage applied to the recording head has a
flat frequency characteristic, the lateral velocity of the cutter
is constant and the amplitude of the lateral motion of the
cutter chisel will be inversely proportional to frequency. A
cutter amplitude that is inversely proportional to frequency
over the whole of the audio range results in an extremely small
cutter amplitude at the top end of the range, comparable in
fact with the roughness of the groove walls. The signal/
surface-noise ratio is then intolerably low.

The first step taken to deal with this problem was to attenuate
the frequency range below a frequency in the region of 250 c/s
by inserting an equalizer in the electrical circuit to the cutter
head in order to attenuate the characteristic below 250 c/s at
the rate of 6 dB per octave. Below this frequency, sometimes
known as the turnover frequency, the cutter amplitude then
remains constant for constant applied voltage, but above this
frequency the cutter amplitude falls away at the rate of 6 dB
per octave, inherent if the lateral velocity of the cutter is
constant. Almost all the pre-1955 78 r.p.m. records have been
cut with an amplitude characteristic of this form. A perfect
moving iron pick-up driven by a record cut with this amplitude

o Transition to constant .
v® S amplitude below this frequency Flg.(o)
32 = Cutter Amplitude
Sé Slope of 6dbloclove
(o4
U U
E 3
N Q
Frequency
< Fig. (b
al Output from Ideal pickup
33
© 6dbjoctave
¥ ¥
- o
Frequency

Fie. 7.3. Recording and reproducing characteristics.
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characteristic will give an output voltage/frequency character-
istic that is the inverse of the groove amplitude characteristic,
being flat above the turnover frequency but falling away at
6 dB per octave below the frequency, as illustrated by Fig. 7.3.
A good example of a record cut with these characteristics will
play for about five minutes, and will have a signal/noise ratio
of about 25—30 dB and a frequency range of perhaps 6 kc/s.
The immediate result of operating with a constant amplitude
characteristic below, and a constant cutter velocity character-
istic above, a turnover frequency of 250 c/s is to increase the
amplitude of the high-frequency components of the signal with
a considerable iniprovement in the signal/noise ratio ; and it

CENTRE LINE OF
CURVE TRACED
BYSTYLUS

-

GROOVE WALL

Fie. 7.4. Origin of tracing distortion. When the diameter of the
stylus tip is comparable with the groove wavelength, the stylus
tip does not follow a sinusoidal path even though the groove
modulation is sinusoidal.

might be thought that the turnover frequency could be pushed
still higher to gain a further improvement in the signal/noise
ratio. However, it takes only a moderately keen ear to notice
that harmonic distortion increases considerably as the pick-up
approaches the centre of the record, a subjective result that has
been confirmed by harmonic and intermodulation measure-
ments. In 1938 Lewis and Hunt published an analysis of the
distortion produced when a laterally modulated groove is
traced by a stylus of finite dimensions; this analysis showed
that the distortion could reach astronomical proportions near
the inside of the record where the peripheral speed of the groove
was low, if any attempt was made to record with a frequency
characteristic that resulted in a groove amplitude constant
throughout the frequency range. The reason for this distortion

152

REPRODUCTION FROM GRAMOPHONE RECORDS

may be obvious on reference to Fig. 7.4, forit will be seen that a
spherical-ended stylus cannot with any great accuracy follow
the groove cut by a V-shaped chisel.

Hunt’s analysis was reviewed in 1941 by Hunt and Lewis and
later by Sepmeyer and Corrington.* The latter’s equations
were used to calculate the curve of Fig. 7.5(a) indicating the
distortion that occurs at the inside grooves of a 78 r.p.m.
record cut, as all standard 78 r.p.m. records are, with a constant
velocity characteristic above 250 c¢/s. The distortion is seen
to rise very rapidly with frequency, even though the cutter
amplitude is falling at the rate of 6 dB per octave with increase
in frequency. Though perhaps not so accurate as Corrington’s
later analysis, Lewis’s and Hunt’s equations give a better clue
to the steps that must be taken to reduce the distortion. The
principal components of distortion are the odd harmonics, and
Lewis and Hunt showed that the third harmonic amplitude is
given by

3m2rifiw?
D3 = 41}:- - (Equa. 1)
where 7 = tip radius, f = frequency, w = lateral velocity of
groove, V = peripheral velocity of groove. Inspection shows
that the distortion is proportional to the square of the stylus
tip radius and the recorded frequency, is proportional to the
square of the lateral velocity of the cutter, and is inversely pro-
portional to the fourth power of the peripheral velocity of the
groove. This last relation is the reason for the rapid rise in
distortion towards the inner grooves.

These equations were invaluable when considering the
parameters of the 45 and 33} r.p.m. recording systems, for if
the ‘just detectable’ distortion point could be agreed upon, all
the disposable parameters could be fixed and the optimum
recording characteristic agreed upon once for all time. Un-
fortunately it is not quite so easy as that, for while a recording
frequency characteristic can be chosen to ensure that the
harmonic distortion does not exceed any desired amount when
a sinusoidal test signal is applied to the input of the recording
system, any attempt to fix a distortion figure in the region of

* See p. 209 for references.
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o 1 perhaps 19 results in an intolerably low signal/noise ratio on
\8 N4 programme, for the cutter amplitude is far too low at the high
b \”-’i%,1 loedt) g frequency end of the range. . .
w = ’Uo,% g Nature has apparently come to the engineers’ assistance at
o 5] 5 this junction, for the data in Chapter 1 show that ordinary
AT 3 speech and music have an amplitude/frequency characteristic
€ 3 S 8 ‘ ~N x = that is almost inversely proportional to frequency above about
il L 2PN d g 4! NN R} £ 6 ke/s and thus harmonic measurements made with a tone of
&5 o § § | o SUOS N sesll O & g constant amplitude at all frequencies represent an unnecessarily
s|= 52 S~ § % stringent test of performan.ce and a condition which the system
SR S lg is not called upon to fulfil in service. If the data presented in
i 8&_2 == Chapter 1 accurately represented the energy/frequency spec-
oY g P trum of all sounds, they could be used to fix the recording
k) 8 characteristic in conjunction with Lewis’s and Hunt’s analysis;
e 1 - % but in the opinion of many engineers the result achieved from
NS e e E this step is still far from producing a satisfactory signal/noise
3 - § ratio.
B % UOLHOISIP JWOUNDH PiE E{ The explanation of this apparent failure of theory is that,
E while the data indicate the energy spectrum of speech and
(; music, there are no equivalent data to indicate the subjective
2 annoyance caused by the distortion introduced by a recording
K WT T T j g system having a particular recording characteristic. Sub.
2 Fp T ] ( g jectively the discernibility of overload distortion is a function
5 N L J K] 2 not only of the severity of the overload but also of its duration,
Y — - and as energy peaks in the high frequency region are character-
% § Q7o - @ fé istically of short duration, high values of distortion may perhaps
e o 8 be tolerated without annoyance.
© B 8 i i "i The practical answer to this problem is to set up a high-
§ R ¢ 38§ quality reproducing system and to listen to programme material
LR oS5 §_ g recorded with different characteristics, choosing the one that
E 9 u"f: z = S 5 I8 the best subjective compromise between low values of
x93 E & harmonic and intermodulation distortion and high values of
20 5 " hiss and other background noise.
S & For reasons that are not quite clear, even this blanket
© 3 procedure resulted in the use of ten or twelve different recording
U ) ;J R characteristics by the various recording companies. By the
3 N N end of 1954 common sense prevailed and standard recording
o 2/ UOI1IOISIP FILOWIDH PIE chara.cterlstlcs were adopted by most of the European and
° American companies. I.E.C. publication 98, B.S. 1928 : 1955
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and the R.I.A.A. Standard contain the details from which
Table 7.4 has been compiled. Coarse groove 78 r.p.m. record-
ings are obsolescent and thus practically all recordings are
made with the characteristics shown in the last column.

It should be appreciated however, that even if the electrical
characteristios of the recording system between microphone
terminals and cutter amplitude are fixed, it will not ensure
that all records sound alike; microphone placement, recording
studio acoustics, polar diagram of the microphone, the charac-
teristics of the loudspeaker used to monitor the re-play, the
re-play room characteristics and the tastes of the studio
personnel responsible for monitoring, will all be reflected in the
settings of the equalizers used to give ‘balance’.

When choosing the parameters for microgroove records, the
engineers had the great advantage of having available the
mathematical analysis of Lewis and Hunt indicating to what
extent distortion depends on lateral groove amplitude, groove
velocity, etc. With this information at their disposal, the lateral
amplitude of the groove, the stylus tip radius and the ratio of
(Diameter at outside groove)/(Diameter at inside groove) were
all reduced to decrease the harmonic distortion. A decision to
ignore the users of acoustic gramophones made it possible to
substitute an unfilled vinyl resin for slate-filled shellac as a
record material, the signal/noise ratio being thus improved by
about 20 dB. It was then possible to choose a recording
characteristic making low harmonic distortion the primary
consideration unhampered by the necessity of making a
compromise over surface noise.

Even so the problem is difficult, for as Fig. 7.5(b) will show,
record speeds, stylus dimensions and groove amplitudes are
still such as to produce very high distortion if a constant
velocity characteristic is chosen, and a quite intolerable degree
of distortion if a constant amplitude characteristic is desired.
Listening tests, however, confirmed that though distortion
may be high when a constant level tone is applied to the
recording system input, the distortion is reasonably tolerable
when programme material, having the usual type of energy
spectrum, is being recorded. The electrical characteristics
standardized for 78, 45 and 334 r.p.m. recordings are indicated
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by Fig. 7.22(a)-(g). It will be noted that stereophonie record-
ings are cut to the 45/33 standards.

Stereophonic Recording

A stereophonic reproducer system requires two separate
signals to obtain a satisfactory performance and thus presents
special difficulties to the designer of gramophone records. The
problem of recording two signals in a single groove was solved
in the late 1920s by A. D. Blumlein but his work was largely
ignored during the resurgence of interest in stereophony in the
early 1950s. Many other solutions of the problem were tried,
two concentric grooves played by a double-headed pick-up, the
use of a double-headed pick-up to track the top and underside
surfaces of the record simultaneously, a carrier system with the
second signal recorded as modulation of a carrier frequency in
the region of 20 ke/s but these were all finally abandoned and
Blumlein’s original suggestions internationally adopted.

Signals may be recorded on a disk, either as lateral modulation
of a spiral groove, the system now standard for all disk record-
ings, or as hill and dale modulation of the groove with the
cutter moving in a vertical plane. Such hill-and-dale record-
ings were widely used in the early 1920s but were abandoned
when it became obvious that the harmonic distortions that
resulted were much higher than those in a lateral recording
system for the same recorded signal levels. To produce the
two separate signals required for a stereophonic system Blum-
lein’s first proposed the use of a single cutter driven by two
separate motors and free to move in both horizontal and
vertical planes. One of the two stereo signals is then recorded
as lateral modulation and the second signal as vertical modu-
lation of the same groove. Thus a full amplitude signal from,
say, the left-hand microphone with no signal from the right-
hand microphone, results in pure lateral motion of the cutter.
Conversely, a full signal from the right-hand microphone with no
signal in the left-hand channel produces vertical modulation of
the groove. Equal in-phase signalsin both channelsresultsin the
cutter moving along a line at 45 degrees to the record surface.

Records made by this technique give acceptable stereophonic
performance but as pointed out earlier in the discussion, the
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signal recorded as vertical modulation will have much higher
values of distortion than the signal recorded as lateral modu-
lation. This trouble can only be reduced by recording the
vertical signal at much lower levels than the lateral signal,
though when this is done, surface noise in the vertical channel
becomes unacceptably high. Blumlein was aware of this
limitation and proposed to overcome it by the delightfully
simple technique of rotating the axis of the system through
45 degrees. A signal in either channel alone then results in a
cut at 45 degrees to the record surface while equal signals in
both channels produce either pure lateral or pure vertical
motion of the cutter depending upon the phasing of the two
signals. This is now the internationally agreed method of
recording stereophonic signals on disks.

There is now agreement that lateral motion of the cutter
should result from equal in-phase signals in the two channels.
In addition it has been agreed that the right-hand speaker (as
seen by the listener) should be actuated by modulation normal
to the groove wall facing the axis of the record and the left-
hand speaker by modulation normal to the groove wall which
faces away from the axis of the disk.

Adoption of the 45/45 technique reduces, but does not
eliminate, the distortion due to hill-and-dale recording but it
does at least produce the same amount of distortion in both
channels, a very considerable advantage. The absolute value
of the distortion is reduced by decreasing the stylus tip radius
from the one ‘thou’. (now standard for L.P. recordings) to
half a thou., with an absolute maximum value of -7 thou.* As
reference to p. 153 will show, tracing distortion is proportional
to the (tip radius)? and thus it is significantly reduced. Never-
theless, the harmonic distortion in stereo records cut to the
present, standards, is still audibly higher than from a mono-
phonic record of the same music. Further reduction in dis-
tortion by reduction of tip radius seems unlikely because of the
practical difficulties in producing such small radii but the
production of a quieter surface material would allow the
maximum lateral velocity to be reduced and thus reduce the
distortion without impairing the signal/noise ratio.

* 1 ‘thou.” = -001 in.
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Cross-talk between the channels remains unduly high but it
is difficult to separate the contributions of the pick-up and
record in the total. Cross-talk, the breakthrough of the signal
from one channel into the other channel, should be at least
25 dB down,