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Propagation of Sound

Phase velocity

Equilibrium

1
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TR
Fig.3.12 Change in phase velocity as a function of fre-
quency for propagation in a medium with a single relaxation
process. The asymptote at zero frequency is the equilibrium
sound speed c, and that in the limit of infinite frequency is
the frozen sound speed ¢ + Ac,

when the frequency is increased from a value small com-
pared to the relaxation frequency to one large compared
to the relaxation frequency. Here the term relaxation fre-
quency is used to denote the reciprocal of the product of
27 with the relaxation time.

3.7.3 Continuously Distributed Relaxations

It is sometimes argued that, for heterogeneous media
such as biological tissue and rocks, the attenuation is
due to a statistical distribution of relaxation times, so
that the sum in (3.224) should be replaced by an integral,
yielding

00

k:—(i)(l-!—i(’)(%l—}—l /‘ d(Ac) iwt d‘[).
2 2

C ¢ . dr 1 —-iwt
0
(3.229)

and so that the attenuation constant due to the relaxation
processes becomes

1 d(Ac) ot
Zav —5 =it e (3.230)
7 c* dr 14+ (wr)?
0
Here, the quantity
d(Ac
( C)AT (3.231)
dr

is interpreted as the additional increment in phase veloc-
ity at high frequencies due to all the relaxation processes
whose relaxation times are in the interval Ar.

Such a continuous distribution of relaxation pro-
cesses is intrinsically capable of explaining a variety
of experimentally observed frequency dependencies of
a(w). A simple example is that where

d(Ac) K

dr 14’
with K being a constant independent of t, and with
q being a specified exponent, with 0 < g < 2. In such
a case the integral in (3.230) becomes

(3.232)

o0 00

3 2 - 1—
L d(Ac) ot d :i(u"/ ul—q 4
1+

Bl o 5 dT 2
c- dt 14+ (wr)? foic u-

0

(3.233)
giving a power-law dependence on w that varies as 9.
Although the hypothesis of (3.232) is probably unreal-
istic over all ranges of relaxation time t, its being nearly
satisfied over an extensive range of such times could
yield predictions that would explain a power-law depen-
dence. (The integral that appears here is just a numerical
constant, which is finite provided 0 < ¢ < 2. The inte-
gral emerges when one changes the integration variable
from 7 to u = wt.)
The corresponding increment in the reciprocal
1/vph = kr /w of the phase velocity vpp, is
o0

1 1 [ d(Ac) o2

A(*):__, So L imRETRRAEY,
Vph c= dr 14 (w7)?

0

Insertion of (3.232) into this yields

1 K [ ut
A<_):_7(,)‘/"/ R (3.235)
Uph - 1+u-

0

which varies with @ as @9~ In this case, however, the
integral exists only if 1 < g < 3, so the overall analysis
has credibility only if 1 < ¢ < 2.

3.7.4 Kramers—Kronig Relations

In attempts to explain or predict the frequency depen-
dence of attenuation and phase velocity in materials,
some help is found from the principle of causality [3.56].
Suppose one has a plane wave traveling in the +x-
direction and that, at x =0, the acoustic pressure is
a transient given by

oo oo
p0.1) = / Plw)e™ dw = 2Re / Alw)e " de.
—00 0

(3.236)
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3.7 Attenuation of Sound

Then the transient at a distant positive value of x is
given by
o0
plx,t) = 2Ref Plw)e ¥ e* dgy |
0

(3.237)

where k = k(w) is the complex wavenumber, the imagi-
nary part of which is the attenuation coefficient.

The causality argument is now made that, if p(0, t)
vanishes at all times before some time #q in the past, then
so should p(x, t). One defines k(w) for negative values
of frequency so that

k(—w) = —k*(w) . (3.238)

This requires that the real and imaginary parts of the
complex wavenumber be such that

kr(—w) = —kr(®) ; k(=) = ki(w) , (3.239)

so that the real part is odd, and the imaginary part is even
in w. This extension to negative frequencies allows one
to write (3.237) in the form

x
plx, f) = / Alw)e @ ek qgy .

=00

(3.240)

The theory of complex variables assures one that this in-
tegral will indeed vanish for sufficiently early times if:
(i) one can regard the integrand as being defined for com-
plex values of , and (ii) one can regard the integrand as
having certain general properties in the upper half of the
complex w plane. In particular, it must be analytic (no
poles, no branch cuts, no points where a power series
does not exist) in this upper half of the comp;ex plane.
Another condition is that, when ¢ has a sufficiently neg-
ative value, the integrand goes to zero as |w| — oo in
the upper half-plane. The possibility of the latter can be
tested with the question of whether

Re [—iwt 4 1kx)] = —c0 as w— ico,
(3.241)

with# < 0 and x > 0. In any event, for all these conditions
to be met, the complex wavenumber k(w), considered as
a complex function of the complex variable w, has to be
analytic in the upper half-plane. One cannot say at the
outset, without having a well-defined causal mathemat-
ical model, just how it behaves at infinity, but various
experimental data suggests it approaches a polynomial
with a leading exponent of not more than two. Also,
analysis on specific cases suggests it is always such that
k/w is analytic and, moreover, finite at v = 0.

Contour Integral Identity
Given these general properties of the complex wavenum-
ber, one considers the contour integral

Ia(81, £2, &3, 84)

% ko
= dw,
(=)= &) (w—E3)(w—C4)

(3.242)
where the contour is closed, the integration proceeds in
the counterclockwise sense, the contour is entirely in
the upper half plane, and where the contour encloses the
four poles at ¢, ¢, etc., all of which are in the upper
half-plane.

(The number of poles that one includes is somewhat
arbitrary, and four is a judicious compromise for the
present chapter. The original [3.57,58] analysis directed
toward acoustical applications included only two, but
this led to divergent integrals when the result was applied
to certain experimental laws that had been extrapolated
to high frequencies. The more poles one includes, the
less dependent is the prediction on details of extrapola-
tions to frequencies outside the range of experimental
data.)

The integral can be deformed to one which proceeds
along the real axis from —co to oo and which is then
completed by a semicircle of infinite radius that encloses
the upper half-plane. Because of the supposed behavior
of k at oo in the upper half-plane, the latter integral is
zero and one has

I5(&1, 2. 83, 84)
f kjw
= dw
(0 —¢1) (=) w—E3)(w—1C4)
—00
(3.243)

wi

—w2 —wy

Fig. 3.13 Contour integral in the complex frequency plane
used in the derivation of one version of the Kramers—Kronig
relations
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Acoustics in Halls for Speech and Music | 9.3 Subjective and Objective Room Acoustic Parameters

selected). A distance different from 10m can be used,
if a correction for the distance attenuation is applied as
well.

The expected value of G according to diffuse field
theory becomes a function of T as well as of the room
volume, V:

T
Gexp = 1010%1()(V)+45d3- (9.12)
The subjective difference limen for G is about 1.0dB.
The definition of G is illustrated in Fig.9.7.

0.3. Measures of Spaciousness

Spaciousness is the feeling that the sound is arriving
from many different directions in contrast to a mono-
phonic impression of all sound reaching the listener
through a narrow opening. It is now clear that there are
two aspects of spaciousness, both of which are attractive,
particularly when listening to music:

® apparent source width (ASW): the impression that
the sound image is wider than the visual, physical
extent of the source(s) on stage. This should not be
confused with localization errors, which of course
should be avoided.

and

e listenerenvelopment (LEV): the impression of being
inside and surrounded by the reverberant sound field
in the room.

Both aspects have been found to be dependent on
the direction of incidence of the impulse response re-
flections. When a larger portion of the early reflection
energy (up to about 80 ms) arrives from lateral directions
(from the sides) the ASW increases. When the level of
the late, lateral reflections is high, strong LEV results.

The lateral components of the impulse response en-
ergy can be recorded using a figure-of-eight microphone
with the sensitive axis held horizontal and perpendicu-
lar to the direction towards the sound source (S0 that
the source lies in the deaf plane of the microphone). For
measurement of the lateral energy fraction (LEF), the
early part (up to 80 ms) of this lateral sound energy is
compared with the energy of the direct sound plus all
early reflections picked up by an ordinary omnidirec-
tional microphone:
=80 ms

n(n)dr ,

t=80ms

LEF = /zfmdr/ (9.13)

r=5ms t=0ms

hA(1)

th(r)dt
0
G=10logn ———— =
[ Romyar
0
X“ — ¢ (ms)
* b
LR T
10m

Fig. 9.7 The definition of strength G the total energy in the impulse
response measured relative to the direct sound level at 10 m distance
from the source

where A is the impulse response pressure recorded with
a figure-of-eight microphone, whereas h is captured
through the (usual) omnidirectional microphone.

It is mainly the energy at low and mid frequen-
cies that contribute to the spaciousness. Consequently,
LEF is normally averaged over the four octaves
125—1000 Hz. The higher the value of LEF, the wider
the ASW. The literature contains many data on LEF
values in different, existing concert halls.

LEF does not have an expected value relatedto 7. In
a completely diffuse field, LEF would be constant with
a value of 0.33, which is higher than that normally found
in real halls. The subjective difference limen for LEF is
about 5%.

The definition of LEF is illustrated in Fig. 9.8.

The ASW aspect of spaciousness is not only depen-
dent on the ratio between early lateral and total early

Spaciousness
Lateral energy fraction h2(#) — fig. of eight microphone 4@
t=80ms : ;

jlzf(t)dt /

= '_:L___ Sms i80ms t (ms)
LEF=  Tom 2 S { ;
J}lz(l)d[ 1% (f) — Omni microphone

t=0ms

L

5ms {80ms t (ms)

Fig.9.8 The definition of lateral energy fraction LEF: the ratio
between early reflection energy arriving from the sides and total
early energy
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sound; but also on the total level of the sound. The
higher the G value (and the louder the sound source),
the broader the acoustic image of the source. However, at
the time of writing, there is no solid way of incorporating
the influence of level into the objective measure.

Listener envelopment seems to be determined mainly
by the spatial distribution and the level of the late re-
flections (arriving after 80 ms). A parameter called late
lateral strength (LG) relating the late lateral energy to
the direct sound at 10 m distance from the source has
been proposed to measure this quality [9.8]:

=00 1=l1gir
LG = f hfmdz// Ry (dr.  (9.14)
1=80ms r=0ms

LG is likely to be included in the ISO 3382 standard
(from 2007); but so far LG has only been found correlat-
ing with subjective responses in laboratory experiments
using synthetic sound fields. Therefore. it may be wise
not to put too much emphasis on this parameter until
its value has also been confirmed by experiments in real
halls.

In contrast to reflections arriving in the median plane,
lateral reflections will cause the instantaneous pressure
at the two ears of the listener to be different. Such a dis-
similarity of the signals at the two ears can also be
measured by means of the interaural cross-correlation
coefficient IACC:

t

J huhr(t+10)dt

n

IACC;, 1, = max (9.15)

1 f
[hi@de [ () de

n n

in which #; and > define the time interval of the impulse
response within which the correlation is calculated, i
and /R represent the impulse response measured at the
entrance of the left and right ear, respectively, and 7 is
the interval within which we search for the maximum of
the correlation. Normally, the range of 7 is chosen be-
tween —1 and +1 ms, covering roughly the time it takes
for sound to travel the distance from one ear to the other.
As the correlation is normalized by the product of the en-
ergy of i and AR, the IACC will take a value between 0
and 1. Results are often reported as 1 —IACC in order to
obtain a value increasing with increasing dissimilarity,
corresponding to an increasing impression of spacious-
ness. If the time interval for the calculation (11, 12) is
(0ms, 100ms), then the IACC will measure the ASW,
while a later interval (¢1, £2) = (100 ms, 1000 ms) may
be used to describe the LEV. The literature on measured

values in halls mainly contain data on IACC related to
the 0—100 ms time interval.

Although the LEF and IACC parameters relate to
the same subjective quality, they are not highly corre-
lated in practice. Another puzzling fact is that LEF and
IACC emphasize different frequency regions being of
importance. LEF is primarily measured in the four low-
est octaves, 125 Hz, 250 Hz, 500 Hz and 1000 Hz while
IACC should rather be measured in the octave bands
above 500 Hz. IACC values would always be high in
the lower octaves, because the distance between the ears
(< 30cm) is small compared to 1/4 of the wave length
(= 70cm at 125 Hz).

9.3.5 Parameters Relating to Timbre
or Tonal Color

Timbre describes the degree to which the room influ-
ences the frequency balance between high, middle and
low frequencies, i. e. whether the sound is harsh, bright,
hollow, warm, or whatever other adjective one would use
to describe fonal color. Traditionally, a graph of the fre-
quency variation of 7' (per 1/1 or 1/3 octave) has been
used to indicate this quality; but a convenient single-
number parameter intended to measure the warmth of
the hall has been suggested [9.9]: the bass ratio (BR)
given by:

T125Hz + T250 Hz

BR=—"——"—". (9.16)
T500Hz + T1000 Hz
Likewise, a treble ratio (TR) can be formed as:
T .+ T
TR — 12000Hz + T4000Hz (9.17)

T500Hz + T1000 Hz

However, in some halls, a lack of bass sound is expe-
rienced in spite of high 7' values at low frequencies.
Therefore EDT or perhaps G versus frequency would
be a better — and intuitively more logical — parameter for
measurement of timbre. Likewise, BR or TR could be
based on G rather than T values.

Besides the subjective parameters mentioned above,
a quality called infimacy is also regarded as being impor-
tant when listening in auditoria. Beranek [9.9] originally
suggested this quality to be related to the initial time
delay gap ITDG; but this has not been experimentally
verified (At the time of writing, Beranek no longer ad-
vocates this idea but mentions the observation that, if the
ITDG exceeds 45 ms, the hall has no intimacy [9.10]).
It is likely that intimacy is related to a combination of
some of the other parameters already mentioned, such as
a high sound level combined with a clear and envelop-
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ated by the architects. However, one needs to break up
eventual curved surfaces into plane elements and often
it is also advisable to simplify details in the geometry
provided by the architect. Alternatively, the acoustician
can build the room model by writing a file of coordi-
nate points or mathematical expressions for all surface
corners. Of course this will be more time consuming in
cases of complex room geometry, but some programs
offer intelligent programming routines for the modeling
of geometric elements.

When the geometry has been completed, the ab-
sorption values for each octave band, the scatter, and
the eventual degree of acoustic transparency have to
be assigned to each surface. In addition, the source
and receiver characteristics (power and directivity ver-
sus frequency, position and orientation) must also be
entered.

In the calculation of sound propagation, most models
disregard phase properties and use an energy approxi-
mation. The sound propagation is studied by means of
rays (up to millions depending on the room complexity)
being traced from the source position through reflections
until their energy has been reduced below the dynamic
range of interest (often determined by T or the signal-
to-noise ratio in auralizations). Reflection directions are
chosen so that angle of reflection equals angle of inci-
dence or with more or less random angles depending
on the scatter value attributed to the surface. For the
calculation of early reflections, some models also ap-
ply image source theory, which actually makes phase
considerations possible if the complex impedances of
the various surface materials and not just their energy
absorption coefficients are known. However, the late re-
verberation part is normally calculated by some kind
of ray method, as image source calculations become
impractical after a few orders of reflection. Recently,
however, attempts to carry out complete calculations
inspired by finite-element (FEM) or boundary-element
(BEM) methods have been reported even for rather
complex rooms [9.23], whereby phase and diffraction
phenomena can be handled.

As a result of tracing the history of all rays emitted
in the room model, source and receiver specific impulse
responses are produced with detailed information about
the direction of incidence, delay and level versus fre-
quency of each reflection component. From these, all
the parameters mentioned in Sect. 9.3 can be calculated.
Most programs can generate a grid of receiver point
over selected audience areas and code the numeric re-
sults using a color scale to facilitate a fast overview of
the detailed position results for any of the parameters.

Also. automatic plots of relevant statistics regarding the
distribution with frequency and position are provided.

Impulse responses suitable for use in auralization
can be generated by applying available head-related
transfer functions, which have been recorded as a func-
tion of direction of sound incidence on an artificial head.
Such transfer functions not only represent the directiv-
ity of the human receiver, but are also important for
correct perception of direction of incidence of sound
field components when listening through headphones.
Alternatively, the directional information of the individ-
ual reflections making up the impulse response can be
coded into a surround-sound format for listening via
a multiple-loudspeaker setup.

Figure 9.14 shows a view of a room model as well
as two binaural impulse responses and a color mapping
of a calculated parameter (generated by the ODEON
software).

9.5.5 Scale Model Predictions

Acoustic scale models have been used since the
1930s [9.24] to study the behavior of sound in rooms.
With proper care in detailing the geometry and the choice
of materials for building the model, this technique can
provide quite accurate predictions of impulse responses
and acoustic parameters. Actually, scale modeling is still
regarded as more reliable than computer models in cases
where the room contains a lot of irregular surfaces or
objects that diffuse or diffract sound waves. However,
the use of physical scale models is limited to larger,
acoustically demanding projects, as building and testing
the model is far more time consuming and costly than
computer modeling.

The diffusion and diffraction caused by an object or
surface in a room depends on the ratio between the linear
dimensions and the wavelength of the sound: //A. There-
fore, in a 1: M scale model, the diffraction/diffusion
conditions will be modeled correctly if the wavelengths
of the measurement signals in the model are chosen such
that:

I Im /M

L o M 9.28
" dar | LM fm=f1 (9.28)

This means that we should increase the frequency used
in the model measurements by the factor M. Fortunately,
sound sources and microphones exist that are capable of
handling frequencies up to around 100kHz, whereby
the frequency range up to 10kHz can be handled in
a1:10scale modelor2kHzinal: 50 scale model. The
sources may be small loudspeaker units (piezoelectric or
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electro magnetic) and the microphones 1/4” or even 1/8”
condenser types.

Ideally, the absorption coefficient ap of the mater-
ials chosen for building each surface in the hall model
should fulfil the equation:

am(fM)=a(f). (9.29)

In practice, however, we need only to distinguish be-
tween mainly reflecting and mainly absorptive materials.
The reflecting surfaces are quite easy, as these can
be made of any hard material (plywood, plaster) with
a couple of layers of varnish if necessary. It is far more
important to build the seats/audience so that both head
diffraction and absorption is correct for the scale chosen.
In the end it is often necessary to fine-tune the rever-
beration time in the model by applying absorption to
some secondary surfaces (surfaces that do not generate
primary early reflections).

Another important issue is to compensate for the
excessive air absorption at high frequencies in the model.
This can be achieved either by drying the air in the
model, by exchanging the air for nitrogen, or simply
as a calculated compensation since the attenuation is
a simple linear function of time once the, frequency,
humidity and temperature have been specified. However,
in the case of compensation the signal-to-noise ratio at
high frequencies will be severely limited, which reduces
the decay range for the estimation of 7 and the sound
quality if auralization is attempted. Figures 9.15 and 9.16
show an example of a 1:10 scale model and its audience
respectively.

9.5.6 Prediction from Empirical Data

In the 1980s, when most of the current objective acoustic
parameters had been defined, several researchers started

making systematic measurement surveys of concert,
opera and multipurpose halls. Many of these measured
data were published in [9.3]. Combining acoustic data
with data on the geometry of the halls has made it possi-
ble to derive some simple rules of thumb regarding how,
and how much, acoustic parameters are affected by the
choice of gross room shape and dimensions.

Through statistical multiple linear-regression anal-
ysis of data from more than 50 halls, a number of
relationships between acoustical and geometrical prop-
erties have been found [9.25]. A number of the linear
regression models derived are shown in Table 9.4. In
these models, the variations in the acoustic parameters
are described as functions of the expected value ac-
cording to diffuse field theory (Gexp and Cexp, Sect. 9.3)
plus various geometrical variables such as: average room
height H, average width W, room volume V, number of
seats N, number of rear balcony levels ‘no. rear balc.’
etc. When the models were derived, the measured re-
verberation time (7') was used to calculate the expected
values of strength Geyxp and clarity Cexp. When using
these models for prediction of the values in a hall not
yet built, the expected values could be based on a Sabine
calculation of T instead. It should be mentioned that,
apart from AG(10m), the attenuation in strength per
10 m increase in source-receiver distance, the predicted
values should be considered as representing the position
average of values to be found in the hall.

The three rightmost columns in Table 9.4 contain
information about how well each prediction formula
matched the measured data. When comparing the
amounts of variance explained by the different models,
it is seen that the diffuse field prediction is responsi-
ble for the largest portion of the variance. This may be
interpreted as hall volume and total absorption area be-
ing the most important factors governing the behavior

Table 9.4 Regression models for the relationships between room acoustic parameters and room design variables as
derived from a database containing data from more than 50 halls (after [9.25])

Room acoustic ~ Regression models: f(PARexpected; & try) Correlation % of variance  STD residuals

parameter coefficient

C (dB) —0.141.0Cexp 0.76 58 1.0dB
—1.440.95Cexp +0.47W/ H +0.031 floor slope 0.83 68 0.9dB
—1.241.03Cexp +0.43W/H +0.013 wall angle 0.84 70 0.9dB
—1.77 4+ 1.10Cexp + 0.05S5W + 0.027 stage ceil. angle  0.86 74 0.8dB

G (dB) —2.04+0.94Gexp 0.91 83 0.9dB
—5.61 +1.06Gexp +0.17V/N +0.04 distance 0.94 89 0.9dB

AG(10m) (dB) —1.85+40.42 no. rear balc. 0.50 25 0.7dB
—1.4140.35 no. rear balc. — 3.93 distance/(HW) 0.55 31 0.6dB

LEF (-) 0.39 —0.0061 width 0.70 49 0.05
0.37 —0.0051 width —0.00069 wall angle 0.72 53 0.05
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wonder at the effect it might have had on the course of
history, not to mention the effect it may yet have [18.2].

Sound js hardly the easiest qQuantity to work with.
As a vibration in air, it js invisible, dynamic, ang three-
dimensjona] (3-D), not counting the dimensiong of time
and frequency. Human interaction with a sound field
is often dynamic: natural movements of the head ang

notion that is readily demonstrable by putting your fin-
&€rs to your lips or throat, and humming, The inventions
Seem to have beep part of a genera] ﬂoun‘shing of phys-
ical sciences and mathematics, ope that has continued
to the present day. Prior to that, however, there is cer-
tainly evidence of some understanding of the acoustjc
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Alexander Graham Bell filed his patent for the tele-
phone on February 14, 1876, just two hours before
Elisha Gray filed for a similar device. Aside from its
intrinsic value, the invention was significant for employ-
ing acoustical to electrical and electrical to acoustical
transduction, principles that are still almost universally
employed in telephony, broadcast, and audio recording.

Transduction between acoustical and electrical en-
ergy was initially less important to Edison’s invention
of the phonograph on December 8, 1877, since a phys-
ical medium to store the recording was necessary in any
case, and there neither was nor is a ready way to di-
rectly store a dynamic electrical signal directly on such
a physical medium. So it is perhaps not too surprising
that the original invention employed purely mechanical
transduction for both recording and playback.

With these two inventions, the foundations for ana-
log audio were established, and the race was on to refine
and commercialize the systems. In 1887, Emile Berliner
patented a recording format that used lateral groove

modulation on a flat disk [18.8], in contrast to Edison’s

use of vertical modulation on a cylinder. The underlying
J principles may have been much the same, but Berlin-
er’s arrangement qualified as a separate patent, and the
practical aspects of mass-producing, playing, and stor-
ing disks instead of cylinders led to the grooved disk
becoming the commercial recording medium of choice
for over half a century.

Lacking the means to record an electrical signal
directly, but seeking to avoid the wear accompanying
the playback of grooved recordings with a stylus, other
media were soon being explored, such as the use of mag-
netic recording by Valdemar Poulson in 1898 and optical
recording, by Leon Gaumont in 1901. Meanwhile, the
eventual foundation of the broadcast industry was be-
gun in 1894, with the invention of the wireless telegraph
by Guglielmo Marconi.

These systems were initially handicapped by a lack
of viable amplification means, and although there were
\ some imaginative attempts at mechanical amplifica-

tion, the key breakthrough occurred in 1906, with Lee
de Forest’s invention of the audion vacuum-tube triode
amplifier. Vacuum tubes could and would be used to
amplify all manner of electrical signals, but de Forest’s
choice of the name audion seems derived directly from
. the word audio. It is therefore a matter of some specula-
'[ tion as to whether the tube amplifier would have come
{ about when it did had it not been for the formative
invention of sound recording just 29 years earlier.
Aside from resolving the problems of providing bet-
ter recording sensitivity and adequate playback volume,

Fig.18.1 Leon Scott and the phonautograph (After [18.7])

the vacuum tube also enabled the wireless transmission
of audio, giving rise to the radio receiver and broadcast
industries.

Soby 1910, the basic principles, physics, and devices
of audio and electroacoustics were in place, resulting in
widespread continuing efforts to develop, patent, and re-
fine components and systems, establish standards where
required, and commercialize a growing variety of for-
mats and services. Amidst competitive struggles and
numerous patent fights, the following years saw a dra-
matic series of audio innovations, including [18.9,10]:

e 1913: An early tralking movie by Edison, using
a cylinder synchronized with the picture.

e 1916: A superheterodyne radio circuit patented by
Edwin F. Armstrong.

e 1917: A condenser microphone developed by
E. C. Wente at Bell Laboratories.

e 1921: The first commercial amplitude-modulated
(AM) broadcast, KDKA, Pittsburgh, PA.
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® 1925: An electrical record cutter developed at Bell
Laboratories, followed by the commercial release of
78 revolutions per minute (RPM) records.

® 1926: Iron-oxide-coated paper tape for magnetic
recoding developed by O’Neill.

® 1927: The Jazz Singer, the first commercial sync-
sound film, using audio on disk synchronized to the
picture.

® 1929: The sampling theorem, the basis of digital
signal processing, developed by Harry Nyquist.

® 1935: Plastic-based magnetic recording tape, from
BASFE.

® 1936: The first tape recording of a symphony con-
cert, by Sir Thomas Beecham.

® 1936: A cardioid condenser microphone, by Von
Braunmuhl and Weber.

® 1941: Commercial frequency-modulated
broadcasting inaugurated in the US.

® 1947: The Williamson high-fidelity power amplifier

developed.

1948: The 33 1/3-RPM long-play record, developed

by CBS laboratories.

1951: The transistor developed at Bell Laboratories.

1954: The transistor radio, Sony.

1963: Tape cassette format developed by Philips.

1965: Dolby A noise-reduction system developed.

1969: Dr. Thomas Stockham experiments with dig-

ital recording.

® 1976: Stockham produces the first 16-bit digital
recording, of the Santa Fe Opera.

® 1982: The digital compact disc is released commer-
cially.

(FM)

Much of the thrust of these and countless other develop-
ments in this period was to improve the quality of a given
audio channel, by extending the frequency response, re-
ducing noise, etc. As noted earlier, once digital recording
came of age, these concerns were rendered somewhat
moot, as adequate quality became a matter of using
a sufficient number of bits per sample and adequately
sampling rate to avoid audible degradation. Of course,
certain parts of the audio chain, notably transducers such
as microphones and loudspeakers, and associated inter-
face electronics, have remained analog, as is likely to
continue to be true at least until a direct link is estab-
lished to the human nervous system, bypassing the ears
altogether.

18.1.1 Spatial Audio History

Perhaps the one area of audio that was not immedi-
ately improved with the adoption of digital recording

techniques was spatial reproduction. It is unlikely that
the importance of the spatial aspect of audio was lost
on early audio developers, nor the fact that most hu-
mans do in fact, possess two ears. It was probably
just a case of priorities. Spatial audio systems would
almost certainly require more channels and/or other in-
formation, which was hard to accommodate with early
audio media, and the emphasis was, quite reasonably, on
refining the quality of the single-channel monophonic
format.

Still, there were some promising early experiments,
notably a demonstration in 1881 by Clement Ader, who
set up a series of microphones in front of the stage of the
Paris Opera, and ran their outputs to earphones set up in
anearby room [18.9,10]. Whether by accident or design,
some of the listeners elected to use two headphones, one
on each ear, and were rewarded with a crude but effective
binaural spatial presentation.

Despite isolated experiments such as Ader’s, there
was little organized investigation of spatial audio until
1931, when Alan Blumlein single-handedly developed
arange of devices and protocols to support stereo sound,
including techniques to upgrade the entire audio broad-
cast and recording infrastructure of the time. Blumlein
filed a far-ranging patent covering the bulk of his work;
unfortunately, it seems to have been about a quarter
century ahead of his time, as it would be the late
1950s before stereophonic sound became a commercial
reality.

In the 1930s, Bell Laboratories also became inter-
ested in spatial audio, albeit with more of an emphasis
on audience presentation. They concluded that stereo
was ineffective for such uses, as the virtual imaging of
Just two channels would not work for listeners removed
from the centerline. They further concluded that adding
a center channel produced a far more satisfactory re-
sult, as demonstrated by Fletcher, Steinberg, and Snow
in 1933.

With consumer media still limited to single-channel
operation, it fell for a time to film studios to engage in oc-
casional commercial forays into spatial audio. A notable
experiment in the venue was the film Fantasia (1940),
the road show productions of which used a synchronized
three-channel soundtrack, plus control track, to feed as
many as 10 loudspeakers [18.9, 10].

The use of multiple film channels accelerated some-
what in the 1950s, as film studios sought ways to
differentiate their product from television. One popu-
lar approach was to use wider-than-standard 70 mm film
stock, instead of the normal 35 mm, which provided
enough room along the edge for several audio channels
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18.3.8 Dynamic Range

Dynamic range is the amplitude range from the largest
to the smallest signal an audio device or channel can
handle. In cases where there is no minimum signal, other
than zero level, the minimum useable level may be taken
as the noise level of the channel.

If the noise level of the channel is substantially inde-
pendent of signal level, the dynamic range of the channel
may alternately be referred to as the signal-to-noise ra-
tio (SNR). If the noise is signal dependent, the audibility
of the noise will depend on the instantaneous signal-to-
noise ratio, which is likely to be quite different from the
dynamic range.

Since both the noise level and the overload point of
a channel are likely to be functions of frequency, so too
will the dynamic range. A common characteristic of the
noise of traditional analog recording systems has been
rising noise levels at the ends of the audio band, cou-
pled with diminishing maximum signal levels, a double
whammy that tends to limit the resulting dynamic range,
in some cases rather severely.

Historically, unadorned analog channels have tended
to have overall dynamic-range specifications on the or-

18.4 Audio Components

With the common audio specifications now delineated,
consideration can be given to some of the common au-
dio components, their typical specifications, and specific
characteristics and limitations.

18.4.1 Microphones

For any acoustical recording, the type, pickup pattern,
position, and characteristics of the microphone are likely
to have the greatest effect on the resulting quality of
the recording. A microphone is, of course, an analog
transducer, generally used to convert acoustic signals to
proportional electrical signals. Itis the functional analog
of the eardrum in the human auditory system.

The term microphone was coined by Sir Charles
Wheatstone in 1827, although at that point it referred
to a purely acoustical device, such as a stethoscope. Its
start as a transducer was pretty much coincident with
Bell’s invention of the telephone. Bell’s initial transmit-
ter used a vibrating needle connected to a diaphragm
and immersed in an acid bath to implement a variable
resistance responsive to acoustic waves [18.23]. This

der of 45—60 dB. This is true of such media as FM stereo,
grooved records, optical film soundtracks, and magnetic
tape. Perhaps the most limited hi-fi medium in this re-
gard has been cassette tape, which manages about 55 dB
at midband and on the order of 30 dB dynamic range at
high frequencies.

Happily, DSP systems usually have flat over-
load characteristics and flat, or at least white, noise
floors. The dynamic range of a DSP system is largely
a question of the number of bits used to repre-
sent the signal. A rough rule of thumb is that each
additional bit in the representation of sample val-
ues adds 6dB to the dynamic range. The common
16-bit format used on digital compact discs yields
a theoretical dynamic range of 96dB. In practice,
the combined effect of real-world imperfections and
converter noise limits the practical attainable dy-
namic range with 16-bit audio to a little short of
96 dB, perhaps about 93dB. A 24-bit converter can
approach 144dB dynamic range, which not only al-
lows coverage of the full human auditory dynamic
range, but allows margin for error in setting record-
ing levels and subsequent mixing and processing
operations.

was followed in short order by more practical, rugged
designs by Bell, Edison, Berliner, Hughes, and others.

Common to virtually all microphones ever made is
a diaphragm. Most micréphones do not directly sense the
instantaneous pressure deviations of an airborne acoustic
wave. Instead, the sound waves impinging on a dia-
phragm cause movement of the diaphragm, and it is this
movement that is sensed and converted to an electrical
audio signal.

The methods used for the mechanical-to-electrical
transduction are many and varied. Bell’s telephone
patent seems to describe an odd type of electromagnetic
microphone, in which the diaphragm was mechanically
coupled to an armature in a magnetic circuit. Acoustic
vibrations caused vibration of the armature, in turn in-
ducing changes in the reluctance of the magnetic circuit,
which induced a dynamic current in a coil of wire.

Later dynamic microphones simply attached a fine
coil of wire to the diaphragm, and suspended it in
a magnetic field. Movement of the diaphragm induces
a voltage in the coil of wire, presumably proportional
to the velocity of the diaphragm, and said voltage can
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then be amplified as necessary. Dynamic microphones
do not require an external source of power. Their pop-
ularity was limited prior to World War II by a lack of
powerful permanent magnets.

Many early telephone transmitters used carbon in
one form or another, typically carbon granules coupled
to the diaphragm such that vibration of the diaphragm
would dynamically squeeze the granules, causing a vari-
ation in resistance that could be electrically sensed by
an applied voltage. This arrangement could be scaled up
in size and voltage enough to produce a sizeable signal,
of particular importance prior to the advent of electrical
amplification.

Another type of self-generating microphone is the
crystal microphone, based on the piezoelectric effect
discovered by the Curies in 1880. Here, the diaphragm
constricts a thin crystal made of Rochelle salt, ceramic,
or similar material, directly producing a voltage. The
low compliance of the piezoelectric element typically
limits the performance of such a microphone, especially
the extent of its frequency response.

Indeed, the performance of most of the microphone
types mentioned so far is somewhat limited by the need
to attach some object or structure to the diaphragm to
detect its motion, increasing the mass of the moving
elements, which in turn tends to limit the high-frequency
response.

Two types of microphones avoid any mechanical
attachment to the diaphragm: the ribbon microphone
and the condenser microphone.

A popular variant of the dynamic microphone, the
ribbon microphone, uses a thin metal ribbon diaphragm
suspended in a magnetic field. Movement of the dia-
phragm induces a current in the diaphragm, which can
then be amplified. In effect, the diaphragm acts as
a single-turn moving coil. The ribbon microphone was

Diaphragm __|

Output

Fig.18.9 A condenser microphone consists of a very thin
diaphragm suspended parallel to a backplate (After [1 8.24])

Voice coil

i

Fig.18.10 A dynamic microphone uses a coil of wire at-
tached to a diaphragm, suspended in a magnetic field
(After [18.24])

developed by Schottky and Gerlach in 1923, and consid-
erably refined by Harry Olsen of RCA in 1930 [18.26].

The condenser microphone is based on the notion
of electrical capacitance. A metal. or other conducting,
diaphragm is placed close to a second, fixed conducting
plate, forming a capacitor, and a polarizing voltage is
applied between the plates. Movement of the diaphragm
causes alterations in the capacitance, in turn causing cor-
responding alteration of the charge on the plates, which
is converted to a dynamic voltage by a resistor, and
amplified as necessary. The invention of the condenser

Single-button jl

carbon microphone

Double-button
carbon microphone

Fig.18.11 A carbon microphone (After [18.25])
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Directly actuated type

Diaphragm type

Fig.18.12 Piezoelectric microphones (After [18.29])

microphone is generally credited to E. C. Wente of Bell
Laboratories, in 1917 [18.27]. A popular modern variant
is the electret condenser microphone, perfected in 1962
by Sessler and West of Bell Laboratories [18.28]. An
electret is an object possessing a permanent electrostatic
charge, making it rather like the electrical analog of the
permanent magnet. Use of an electret to polarize the ca-
pacitor in a condenser microphone eliminates the need
to supply a polarizing voltage for the capacitor. Since
clectret condenser microphones are used almost univer-
sally in cell phones, as well as other applications, they
are probably the most popular type in current use. The
diaphragm of electret condenser microphones is usually
made of a thin sheet of flexible plastic which has had
a metal coating deposited on it, a notably lightweight ar-
rangement that permits good sensitivity and frequency
response. Such microphones also usually exhibit good
sample-to-sample consistency, making them practical
for multi-microphone arrays.

A more recent variant of the condenser micro-
phone is the silicon microphone. This is a microscopic
condenser microphone constructed using micro electro-
mechanical system (MEMS) technology. The required
electrostatic polarizing field is provided by a charge
pump, and the diaphragm can be free floating, being
held in place by electrostatic attraction.

In recent years, the motion of a diaphragm has been
measured using optical means, including laser interfer-
ometry, which may in time become a practical alternative
to the capacitor microphone.

Microphone Dynamic Range
The noise level of a microphone is limited by Brownian
motion of air molecules impinging on the diaphragm.

Of course, it can be further limited by electrical noise of
the amplification which follows it, but even discounting
those effects, the so-called self-noise of a microphone
is likely to be 10-20dB higher than the threshold of
hearing [18.30]. Lower self-noise is possible with larger
diaphragms, say on the order of one inch, but this comes
at a price of making the microphone more directional at
high frequencies.

The loud signal limit of a microphone is often set by
the maximum signal capacity of the associated pream-
plifier. Using large rail voltages can be of some aid in
this regard. Eventually the diaphragm will reach the lim-
its of its travel, and experience soft clipping. There has
been some work on using force feedback to linearize the
characteristics of the diaphragm [18.31,32]. With a lit-
tle effort and care, it is possible to make microphones
that can handle high-level signals about as well as the
human ear can.

Finally it should be noted that there has been some
work on creating a microphone that does not require
a diaphragm. Blondell and Chambers did some work on
a flame microphone in 1902 and 1910 [18.23]. More re-
cent efforts have used lasers to detect index of refraction
changes due to acoustic pressure waves [18.33].

Microphone Pickup Pattern
Interacting with a real, three-dimensional sound field,
a microphone is an audio device inextricably tied to
spatial considerations. Immersed in the sound field, the
microphone responds to the sound at essentially just one
point, so its output represents a spatial sample of the
total sonic event. This is not to say that it necessarily re-
sponds equally to sounds arriving from all directions; on
the contrary, most microphones exhibit some directional
bias, whether or not intended, and it is probably not pos-
sible to specify a single universally preferred pickup
pattern.

The simplest arrangement is to put a sealed cham-
ber behind the diaphragm, allowing only a slow leak for
stabilization of quiescent atmospheric pressure. With
short-term pressure behind the diaphragm fixed, the mi-
crophone responds to the sound pressure at the front of
the diaphragm. Since pressure is a spatial scalar, it might
be expected that a pressure microphone might respond
equally to sound from all directions, and indeed this
might be the case if the diaphragm had zero dimension.
As it is, a finite-dimension diaphragm will spatially in-
tegrate the sound pressure across its surface. This will
tend to increase output for normal-incident waves and
waves with long wavelength, but will have less boosting
effect for random incidence sounds, such as Brownian
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180°

Fig.18.13 Omnidirectional microphone pickup pattern.
Note the slight attenuation of sounds arriving from the rear
(After [18.35])

noise, and may reduce response to sounds with oblique
incidence and wavelengths shorter than twice the diam-
eter of the diaphragm. The resulting pickup pattern may
therefore become directional at high frequencies, while
remaining omnidirectional at lower frequencies. To re-
main omnidirectional up to 20kHz, a diaphragm will
have to have a maximum diameter of half the wavelength
at the upper frequency limit, or about 8 mm. Whether by

300° 60
270° 90°
240° 120°

150°

180°

Fig.18.14 Bidirectional microphone pickup pattern, typi-
cal of an open-back ribbon microphone (After [ 18.35])

0°
330° 30°
300° 60°
270° 90°
2808 120°
210° 150°
180°

Fig.18.15 Cardioid microphone pickup pattern, obtained
by combining omnidirectiona] and bidirectional pickup
patterns (After [18.35])

accident or design, this happens to be the approximate
diameter of the human eardrum [18.34]. The fact that
the eardrum is so small, and is coupled to the structures
of the inner ear, and yet the ear still manages to exhibit
a maximum sensitivity of 0dB SPL or better has to be
considered impressive performance, especially consid-
ering that quiet sounds Just fade into perceived silence,
rather than some inherent background perceptual noise.

More elaborate microphone pickup patterns
(Figs. 18.13-18.15) can be achieved by increasing the
number and complexity of acoustic paths to the dia-
phragm. For example, simply opening the back surface
of the diaphragm to the atmosphere, the arrangement
used in the classic open ribbon microphone, results in
a microphone sensitive to the difference between front
and back pressure, so sounds arriving from the side
produce no response, and the pickup pattern usually
resembles that of Fig. 18.8, albeit with the front arrival
signal of opposite phase to the rear arrival signal.

If a pickup pattern as in Fig. 18.8 is summed appro-
priately with an omnidirectional pickup pattern, the rear
arrival sound can be made to cancel, producing a cardioid
front-directional pickup pattern.

With more elaborate channeling of the audio reading
the diaphragm, more specialized or directional pickup
patterns may be obtained.

Greater flexibility in the choice of pickup pattern
can be obtained by using arrays of microphones, typi-
cally arranged in fixed physical orientations, where the
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effective pickup pattern of the array is dependent on
how the individual microphone signals are electrically
summed. By recording the individual signals, the array
can be effectively focused and oriented after the fact by
postprocessing the recorded signals. The large-volume
low-cost manufacture of certain types of microphones
has made this approach especially attractive.

18.4.2 Records and Phonograph Cartridges

Although by now semi-obsolete, the phonograph car-
tridge has historically played a key role in sound
reproduction, and is fairly close to a microphone in many
aspects of operation. As with a microphone, the intent
is to act as a transducer for acoustical vibration, in this
case the vibration originating from a stylus following
the undulations of a groove, rather than a diaphragm
responding to vibrations in air.

Although early phonographs employed direct
mechanical-to-acoustical transduction, the advent of
electronic amplification made the electromechanical
phono cartridge the default device for record playing.

Most of the methods of transduction used for mi-
crophones have been tried for phono cartridges as well,
with piezoelectric and magnetic being the two most pop-
ular. Whereas most magnetic microphones have been of
the moving-coil type, the magnetic cartridge design has
employed both moving magnet and moving coil designs.
Perhaps the use of a cantilever design of the stylus to re-
duce the effective mass of the coil or magnet seen by the
stylus tip, coupled with the lack of a diaphragm, led to
the preference of magnetic transduction for phonograph
cartridges, while the use of capacitive transduction in
condenser microphones has tended to be preferred in
that transducer.

Despite the popularity of the grooved phonograph
record for well over half a century, it has always been
a difficult medium with which to achieve full fidelity.

For one thing, the stylus assembly is fraught with
high-frequency resonance problems, much like the mi-
crophone, which have tended to limit the high-frequency
response. In many cases, the high-frequency resonance
has been underdamped, resulting in a serious peak in
the mid-high-frequency response. The material used to
mount the stylus in a way to secure it but still allow
it to vibrate, often little bits of rubber, can sometimes
degrade with age, impairing the characteristics of the
cartridge. Then there is the need for the cartridge to drag
a tonearm across the record with it.

In theory, the tonearm should provide a rock-stable
platform for the cartridge at audio frequencies, so that

only the stylus vibrates. Below the audio band, the ton-
earm should move as freely as possible, to follow the
slowly spiraling groove and miscellaneous movements
induced by the rotating disc, including horizontal eccen-
tricity and vertical warp. In practice, this behavior cannot
be achieved perfectly (since a perfect brick-wall filter
is impossible), but at least the cartridge and tonearm
should be matched, and the low-frequency resonance
peak resulting from the compliance of the stylus and
the effective mass of the tonearm should be properly
damped, to avoid a peak either in the low-frequency au-
dio response, or in the subsonic region where aresonance
could make the system overly sensitive to record warp.
Even in the best arrangement of properly damped res-
onance centered an octave or so below the audio band,
the system is only second order, so some low-frequency
tonearm vibration and some subsonic stressing of the
stylus from pulling the tonearm is inevitable [18.36],
which can lead to distortion and uneven frequency re-
sponse. To avoid the build up of acoustic traveling waves
in the tonearm, it is desirable to have its construction
and material chosen to damp out such vibrations; not all
tonearms have done this well.

Another problem that has hampered record play-
back, although not strictly the province of the phono
cartridge, is that the playback stylus usually does not
exactly follow the same path and orientation as the cut-
ting stylus. This is because discs are cut on a cutting
lathe, in which the cutter slowly traverses a straight-
line path from the outer grooves to the inner grooves.
The playback cartridge, in turn, is usually mounted on
a pivoted arm, so its path is an arc. (The longer the
tonearm, the smaller the disparity between record and
playback orientations.) In order to minimize the path
mismatch, a right dogleg bend has often been incorpo-
rated into the shape of the tonearm. The cartridge has to
be carefully mounted on the tonearm so that the stylus
is a specified distance from the pivot if this feature is to
be properly exploited. Unfortunately, the bent tonearm
traversing an arc results in a steady-state force from fric-
tion between the moving record groove and stylus tip,
one which does not pull straight down the length of the
tonearm, but instead generates a sideways force, called
the skating force, which pulls the stylus tip against one
or the other of the groove walls, which is another poten-
tial source of distortion. The skating force varies with
groove speed and stylus tip size and shape, among other
things, making it challenging to fully compensate.

At various times straight-line tracking tonearms have
been produced, usually with the back of the tonearm
mounted via bearings to a platform intended to move
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attempts to apply complementary compression and ex-
pansion to record audio to improve the system dynamic
range, notably discs produced by dbx Inc. in the 1970s.

Successful record playback can also run afoul of
a problem known as acoustic feedback, if sound from
the loudspeakers causes the disc itself to vibrate as a dia-
phragm. Solutions include the use of an inert turntable
mat, remote positioning of the turntable, and limiting
the playback level.

Of course, dust, dirt, scratches and wear will tend
not only to degrade the recorded signal but also to raise
the noise level, including the possible introduction of
clicks and pops.

Given the litany of compromises and limitations in
disc recording and playback, the level of performance
that has been achieved with this medium is laudable.
Although largely eclipsed by digital audio, some refine-
ment of grooved record playback continues, including
efforts to achieve the holy grail of disc playback, con-
tactless playback via light or laser beam, notably by
Fadeyev and Haber at Lawrence Berkeley National Lab-
oratory [18.38]. The availability of advanced DSP has
allowed after-the-fact improvements in noise reduction
and distortion reduction that would have been impos-
sible in an earlier age. It is tantalizing to consider the
performance that might have been possible with this
medium if such processing had been available and incor-
porated into the basic architecture of the disc recording
system.

18.4.3 Loudspeakers

Loudspeakers and headphones provide complementary
transduction to microphones, namely converting elec-
trical audio energy to acoustical energy. Many of the
principles and notions regarding microphones can be
applied to loudspeakers either directly or by, in a sense,
turning the ideas upside down.

In a manner reminiscent of microphones, few
loudspeakers convert directly between electrical and
acoustical energy. Instead, the electrical energy is con-
verted to mechanical energy, specifically the movement
of a diaphragm, often cone-shaped or dome-shaped,
which then radiates acoustical energy, sometimes aided
by an acoustical coupling horn or lens.

Indeed, many of the same transduction methods that
have been used in microphones have at least been tried
for loudspeakers including magnetic (also known as
dynamic), piezoelectric, and condenser.

The genesis of loudspeaker-like transducer actually
predates Bell’s invention of the telephone by a couple

of years when, in 1874, Ernst W. Siemens described
a dynamic moving-coil transducer, although he does not
seem to have initially done much with it [18.39].

Bell’s telephone, patented in 1876, also used a dy-
namic receiver. With a magnetic armature mechanically
coupled to a diaphragm secured at its edges, it was prob-
ably closer in spirit to a headphone than a loudspeaker.

There followed a series of refinements that progres-
sively brought the output transducer closer to the modern
concept of aloudspeaker. In 1898, Oliver Lodge patented
a spacer to maintain the air gaps in the magnetic circuit.
Three years later, John Stroh came up with the notion
of attaching the cone to the frame via a flexible, cor-
rugated surround that improved the linear travel of the
cone. Proper, flexible centering of the rear of the cone in
the magnetic gap was provided by the spider, developed
by Anton Pollak in 1909.

Many of these early loudspeakers used an acous-
tic horn of some sort to project the loudspeaker output
into the room. The horn improves efficiency, partly by
improving the acoustic coupling from the loudspeaker
to the room, and partly by collimating the sound into
a beam directed at the listener. Credit for the first true
direct radiator loudspeaker design to include all the
elements of what can be regarded as the modern-day
loudspeaker is generally accorded to Rice and Kellogg
in 1925 [18.40]. Their design took explicit account of
the baffle on which the driver was mounted in the overall
acoustic design.

There were of course, countless follow-on refine-
ments to the basic electrodynamic driver, a process that
continues to present day. Other methods of transduc-
tion were also explored. In 1929, E. W. Kellogg filed
a patent for an electrostatic loudspeaker, consisting of
panels not unlike large condenser microphones. The de-
sign has not been as widely accepted as the dynamic
driver, in part due to some limitations in maximum out-
put. There have also been piezoelectric drivers, but the
limited travel of the piezoelectric element has limited
their use to mid-range drivers, tweeters, and earphones.

So, as the Rice/Kellogg baffle indicated, with the
basic dynamic loudspeaker configuration established,
much of the attention focused on refining the loud-
speaker/cabinet combination as a system.

The output ultimately obtained from a raw loud-
speaker driver is profoundly affected by the surrounding
baffle or cabinetry. In isolation, a loudspeaker driver pro-
duces two acoustical outputs: one from the front of the
diaphragm or cone, and the second from the back. Un-
fortunately, the two outputs are out of phase. Were they
generated at the same place and time, they would can-
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cel; the loudspeaker would produce nothing but heat. So
part of the goal in designing a complete loudspeaker sys-
tem is to keep those two outputs from annihilating each
other.

Atfrequencies above the point where the wavelength
is comparable to the size of the speaker cone, the radia-
tion will tend to be a directional beam, and the front and
back waves will tend to naturally go their own separate
ways. At lower frequencies, the front and back radiation
will tend to be more omnidirectional, and will there-
fore tend to cancel. This can be avoided by requiring
that the size of the loudspeaker be at least as large as
the wavelength of the lowest frequency of interest. For
a low-frequency limit of 20 Hz, this would correspond
to a diameter of at least 15 m, which at the very least
would make for rather unwieldy boom boxes.

Happily, itis not necessary torely on the loudspeaker
itself to avoid low-frequency cancellation. Instead,
a smaller driver can be mounted on a baffle, and the
baffle can be used to prevent interaction of the front
and back radiation. Indeed, a common concept in loud-
speaker system theory is that of the infinite baffle, which
precludes cancellation at any frequency, at the cost of
being physically impossible. Even assuming a willing-
ness to forego response below 20 Hz, a baffle of at least
15m would still be required, which is not much more
practical than an unadorned 15m woofer. This leads to
the notion of putting the loudspeaker in a box. or loud-
speaker cabinet. (A speaker mounted in a car door or
trunk lid is operating in an approximate infinite baffle,
although the car interior can be considered a semi-sealed
cabinet.)

The simplest arrangement is to make the box com-
pletely sealed, so that the rear radiation is trapped within
the box, and cannot emerge to cancel the front radi-
ation. Of course, this requires making the box quite
rigid, else the rear speaker radiation will simply be
conducted through the walls of the box. One problem
with sealed-box systems is that the springiness of the air
in the cabinet will decrease the natural compliance of
the loudspeaker, so that a driver with a respectably low
free-air resonance may have a much higher resonance
mounted in a sealed box, with correspondingly reduced
low-frequency response.

This issue was addressed in 1954 by Edgar Villchur,
in a manner which in hindsight seems remarkably
straightforward, namely increasing the compliance of
the speaker to obtain the desired performance when it
Wwas mounted in a sealed box. This approach, referred to
as an acoustic suspension design, made the cabinet an
inherent part of the design, and is still in use today.

The alternative to the sealed-box loudspeaker en-
closure is, logically enough, the vented box, in which
at least a portion of the back radiation of the driver is
allowed to emerge from the cabinet, often delayed or
phase-shifted to better align it with the front radiation.
One of the early examples of this approach was the bass
reflex design by Albert Thuras of Bell Laboratories, in
1930. Other vented designs have used elaborate internal
tubing, internal ductwork (such as the Klipsch folded
horns), and or provided mass loading of the exit port via
a diaphragm (the passive radiator). The goal is to im-
prove efficiency, partially by relieving some of the back
pressure behind the driver, but mostly by adding some
of the back radiation to the front radiation in a nonde-
structive fashion, to achieve some increase in output,
typically on the order of 3 dB.

More recently, hybrid enclosures have been devel-
oped, sometimes called bandpass enclosures, in which
a vented or sealed box is used behind the driver and
a vented box is used in front of the driver, to provide
improved low-frequency efficiency over a somewhat
narrow range of frequencies [18.41]. This design is
popular in some smaller low-frequency speakers.

Regardless of its other characteristics, a bare loud-
speaker cabinet is likely to impart a variety of spurious
resonances to the response from sound waves bouncing
helter-skelter around the inside of the cabinet. For this
reason, loudspeaker cabinets are often lined or stuffed
with sound-absorbing material. This alters the overall
response as well as damping the resonances, and must
be accounted for in the overall design.

Much of the modern modeling of loudspeaker Sys-
tems is based on the work of Thiele and Small in the
1970s, who established the basic parameters governing
the performance of loudspeaker systems, and devel-
oped accurate mathematical models incorporating those
parameters, allowing rapid and precise mathematical
prototyping [18.42].

Still, the implications of achievable, cost-effective
drivers and practical cabinet size is that there is precious
little that can be done to get usable bass response down
to 20 Hz from a small loudspeaker system. It is possible
to apply low-level equalization to the signal upstream
of the loudspeaker, but this can increase the cost and
the power requirements, and will not be effective un-
less the driver can handle increased signal level without
serious distortion. The closed-box design is considered
one of the better choices for the use of equalization, as
its response roll-off below primary resonance is only
12dB per octave, which is gentler than most vented
systems.
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18.4 Audio Components

Most of the issues relating to speaker cabinetry per-
tain to low frequencies. Midrange and high-frequency
drivers may also have their backs sealed, but the wave-
lengths are shorter, and the required resonant frequencies
are a lot easier to attain.

The notion of using multiple drivers in a loud-
speaker system seems to have originated in 1931 with
a two-way system designed by Frederick of Bell Lab-
oratories [18.43]. A three-way system followed within
two years. It is simply much easier to design a system to
have flat frequency response with multiple drivers, op-
timized to handle a subset of the audio band, than to try
to accomplish the task with a single driver.

Part of the motivation for using multiple drivers is
that the loudspeaker, like the microphone, is an inher-
ently spatial entity. Sound radiates from a loudspeaker
in all directions, depending on angle and frequency. In
an anechoic environment, with a listener situated on the
main axis of the loudspeaker, the response on that axis
is well defined, and the only one that really matters.
In a real room, however, the multidirectional acoustical
output of the loudspeaker will reflect off walls and other
surfaces, generally producing a complicated multiplic-
ity of arrivals at the listener’s ears. There is no easy way
to characterize this process, or of the resulting percep-
tion, although in the 1970s, Roy Allison made significant
strides in characterizing the loudspeaker-room interac-
tion at low frequencies [18.44]. However, it certainly
establishes the importance of the loudspeaker spatial
response at all angles, and suggests the desirability of
a loudspeaker having a consistent radiated frequency
response (radiation pattern) at any angle.

This is another area in which multiple drivers can be
beneficial. Again, the output of a driver will begin to get
directional at a frequency corresponding to a wavelength
about twice the diameter of the driver. Assuming consis-
tently wide dispersion is desired, a 30 cm woofer will be
useful up to about 500 Hz, a 7.5 cm midrange continuing
to 2kHz and a 2.5 cm tweeter maintaining wide disper-
sion to at least 6 kHz. These figures may be conservative,
in part because controlled decoupling of the speaker
cone can result in a progressively smaller radiation area
at successively higher frequencies, decreasing the effec-
tive diameter and broadening the resulting dispersion.
Other approaches to maintaining a desired radiation pat-
tern across frequency include the use of acoustic lenses
and phased arrays of multiple drivers within a given
frequency range. It is rare for a speaker to have truly
constant directionality across its entire pass-band, in
part from that fact that most are at least somewhat direc-
tional at mid and high frequencies, and, because of the

long wavelengths involved, almost unavoidably omni-
directional at low frequencies. (Such long wavelengths
may be difficult to localize, enabling the use of satellite
systems with only one woofer to support two or more
channels.)

The use of two or more frequency-selective drivers
generally imposes the need for a crossover network to
apportion the signal on the basis of frequency. Not only
does this avoid wasting power, but it can be absolutely
necessary to avoid overdriving or burning-out a driver.
Some care is generally required in the transition fre-
quency region to maintain flat response, and although
there are well-regarded canonical topologies, such as the
Linkwitz—Riley crossover developed in 1976 [18.45],
real-world deviations from ideal driver behavior may
engender the use of recursive approximation techniques
to optimize system response fully.

The combination of crossover networks, drivers, and
room loading will often result in a loudspeaker having an
electrical input impedance characteristic that is strongly
frequency dependent, and which poses a challenge for
a power amplifier.

As is no doubt evident, a loudspeaker system and its
associated radiation pattern is a fiendishly complicated
device that does not readily lend itself to characterization
by traditional audio metrics or specifications. In con-
sideration of such specifications, it is difficult to make
definitive statements that fully characterize the sound of
a speaker.

The bandwidth of most speakers may approach the
ear’s 20—20 kHz bandwidth, but few speakers make it all
the way, particularly at low frequencies, and bandwidths
on the order of, say, 70—14 kHz are far more common,
at least in consumer equipment.

The deviation of the frequency response is difficult
to talk about meaningfully, but it seems desirable for
speakers to be within 1 dB of flat response across their
useful bandwidth, at least on axis, and better speakers
can approach or achieve this, although at low frequen-
cies the room exerts enough effect as to likely require
tuning or experimentation with speaker position to main-
tain a flat response. The response at other angles should
probably be smooth and well controlled, but the exact
optimal specification has not been established. Perhaps
the ideal speaker would adjust its radiation pattern to
match the instruments being reproduced. (But then what
is the preferred radiation pattern of a purely electronic
instrument, such as a synthesizer?) Although it is nec-
essary to measure the response of a loudspeaker in
a room in order to accurately gauge the low-frequency
response, a direct narrow-band or sine-wave measure-
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ment of the system response in a room at middle and
high frequencies is likely to yield a useless, mad scrib-
ble of a response, owing to the complex interactions
of the echoes at the point of measurement. Fortunately,
the perceived response should be a ot smoother than
what is measured, in part because the ear differentiates
sound arrivals on the basis of direction. Measurement
techniques that attempt to address this include the use
of directional microphones, anechoic and semi-anechoic
measurement, and time-gated response measurement.

Timing precision is another specification that is dif-
ficult to pin down with loudspeakers, again partly due
to the effects of room echoes. In one respect, most
speakers do pretty well in first-arrival timing, since the
ear’s temporal pre-masking resolution is on the order
of 1-2ms, corresponding to about 30—60 cm of path
length, and speaker systems with all drivers mounted on
a common front panel will generally be well within this
tolerance for inter-driver path-length differences. Still,
audible time disparities may result from primary reso-
nances, particularly at low frequencies, and high-order
Crossovers.

In the area of distortion, loudspeakers also do pretty
well, all things considered. At normal listening lev-
els, a properly designed loudspeaker exhibits fairly low
nonlinearity, with a fairly gentle limiting characteris-
tic, leading to low IM distortion and fairly low THD,
mostly third order, which is likely to be masked by most
signals. Most properly operating loudspeakers do not
produce drastic amounts of distortion until they reach
the limits of their travel. To be sure, some loudspeak-
ers can sound audibly harsh, but this is not necessarily
abyproduct of distortion, it may be more related to an un-
evenresponse or radiation pattern. One bugaboo of many
drivers is cone breakup, wherein the cone no longer acts
as a piston. Although this can look unsightly in slow
motion, it will not necessarily produce distortion unless
there is nonlinearity present, and most speaker cones, be-
ing passive structures of paper, plastic, or metal in and
of themselves, are not especially nonlinear. While such
breakup is likely to affect the response and/or the radi-
ation pattern of the speaker, it may not produce much
distortion per se.

Although the basic dynamic loudspeaker has now
been in use for over 70 years, and has been greatly
refined in that time, it is stil] the subject of active re-
search, in both design and evaluation. One of the holy
grails yet to be achieved is, like the diaphragm-free mi-
crophone, the cone-less loudspeaker that more directly
converts electrical energy to acoustical energy. Aside
from eliminating some troubling mechanical elements

and their associated resonances, this might improve the
efficiency, which is currently typically around 1% for
consumer loudspeakers.

Another long-sought goal is the projection loud-
speaker, which can make a sound appear to emanate
from a specified remote location, The have been some
encouraging results in the use of ultrasonics [18.46] and
large-scale speaker arrays [18.47] in this regard.

18.4.4 Amplifiers

Of all the common audio analog devices, electronic am-
plifiers of all types probably have the easiest time meet-
ing the preferred specifications of a good-quality audio
system. This in no small part derives from the fact that
they generally contain no mechanical processing stages,
and simply have to push a bunch of very lightweight
electrons around. Properly designed, an amplifier should
have little difficulty achieving a dynamic range ap-
proaching 120dB, nor is it likely to deviate significantly
from the preferred specifications for bandwidth, re-
sponse deviation, phase/timing response, or distortion.

This is despite the fact that most amplification de-
vices, mainly vacuum tubes, transistors, and field-effect
transistors (FETs), are not themselves inherently very
linear. In the years following de Forest’s invention of the
triode, considerable and rapid strides were made in not
only the refinement of the devices themselves, but in cir-
cuit designs which optimized the linearity and response
of the complete amplifiers. A major milestone was the
invention in 1928 of the negative-feedback amplifier
by Black of Bell Laboratories [18.9]. This arrangement
compares the output signal with the input signal, and to
the extent that they may tend to differ, generates an in-
stantaneous correction signal. Successful application of
negative feedback carries with it specific requirements
on the performance of the raw amplifier, such as maxi-
mum phase shift, and some of these requirements were
still being uncovered years after the initial development
of negative feedback.

Several standard types of amplifiers are commonly
found in audio use, each with specific requirements and
design challenges, including preamplifiers, line ampli-
fiers, power amplifiers, and radio frequency (RF) and
intermediate frequency (IF) amplifiers for use in radio.
Preamplifiers, for example, are required to handle the
generally very small signal from transducers such as
microphones, phonograph cartridges, tape heads, and
optical photocells. Linearity is usually not a major prob-
lem, because of the small signals involved, but low noise
and impedance matching to the transducer are often sig-
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2.1 Dynamics of the Linear Single-

In the low-frequency range, the linear motion of an elec-
trodynamical loudspeaker, for example, can be described
by a single-degree-of-freedom oscillator. This is also
the case for any complex structure considered as a rigid
body for which the equivalent stiffness is represented
by a unique spring, and where all the dissipation mech-
anisms are approximated by a unique dashpot or Sfuid
damping constant; one can think of the rigid- -body mode
of vibration of an automobile. Also the 1-DOF oscil-
lator has fundamental mathematical properties of great
interest in the field of vibrations, since linear vibrations
of discrete and continuous structures can be represented
by a set of oscillators, as will be shown in the following
sections.

The motion of a standard 1-DOF oscillator is gov-
erned by a second-order differential equation involving
an excitation force F(t) and the response of the structure.
Using a formulation with the velocity v(r), we get

dv
F:Md%-l—Rv—i—K/udI. (22.1)

This equation accounts for the motion of a mass M

subjected to a restoring force due to a linear spring of

stiffness K and a dashpot R which represents a linear
viscous fluid damping (Fig. 22.1).

Equation (22.1) can be written alternatively, using
the mass displacement &(7) and the usual reduced para-
meters:

d? d
F=M ( P 5 +2Zowo dg +woé> (22.2)

where wp = /M/K is the eigenfrequency of the loss-
less system and {op = R/2Mwy is the nondimensional
damping coefficient.

Fig. 22.1 Single-DOF oscillator

Degree-of-Freedom (1-DOF) Oscillator

22.1.1 General Solution

One strategy for solving a linear equation such as (22.2)
is to make use of the Laplace transform [22.1]. Using
this transform, (22.2) becomes

$20(s) — sE(0) — £(0) +2Z0wo [ X (s) —£(0)]
F(s)
M

+wE,X(‘\‘): (22.3)

where X (s) and F (s) are the Laplace transforms of £(1)
and F (1), respectively. Using the tables and properties of
the Laplace transforms, we obtain the general solution

1
E(r):%/F(H)G(z—H)dB
0
+[260005(0) +E(0)] G +EOG(D) .
(22.4)

where G(¢) can take different forms, depending on the
value of the damping coefficient go:

e if ¢y < 1, which corresponds to the so-called under-
damped case, then

. ¢ A
sinwp,/1—2¢5t
—Sowot ; 0 .
=
woy/1 =8y

e if {o = 1, which corresponds to the critical case, we
obtain

G(t)=e (22:5)

G(t)=te ™ ; (22.6)

e finally, if o > 1, which corresponds to the over-
damped case, we get

sinh a)g\/ (5 —1t
wo,/cﬁ -1

22.1.2 Free Vibrations

G(t) = e~ Sowo! (22.7)

Free vibrations are characterized by the absence of an
external force. With F() =0 in (22.4), we get

£(1) = [200005(0) +£(0)] G +EOG(1) . (22.8)
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