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The low-frequency performance of direct-radiator loudspeaker systems can be accu-
rately specified and is quantitatively related to the basic parameters of the system com-
ponents. These systems function at low frequencies as low-efficiency electroacoustic
high-pass filters; the frequency-dependent behavior is described by rational polynomial
functions whose coefficients contain basic component parameters. These basic parame-
ters, which are simple to evaluate, determine the system low-frequency response, effi-

ciency, and power ratings.

Editor’s Note:

This is the first of a series of papers by R. H. Small
which will have a long-term impact on direct-radiator
loudspeaker theory. This paper is mainly concerned with
terminology, definitions, and setting a thorough back-
ground for the following papers on specific kinds of
loudspeaker systems.

The work on efficiency, power considerations, and
large-signal effects is the most accurate that I know of.
The appendix contains the only derivation I know of in
print for Thiele’s methods of driver-parameter measure-
ment.

J. R. ASHLEY

* Reprinted with permission from IEEE Transections on
Audio and Electroacoustics, vol. AU-19, pp. 269-281 (Dec.
1971).
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GLOSSARY OF SYMBOLS

B magnetic flux density in driver air gap

c velocity of sound in air (=345 m/s)

Cuin acoustic compliance of air in enclosure

Cup acoustic compliance of passive radiator suspen-
sion

Crg acoustic compliance of driver suspension

Cuys mechanical compliance of driver suspension
(=Cxs/Sp?)

CuEs electrical capacitance due to driver mass
(=M ,S,2/B2I2)

e, open-circuit output voltage of source

f natural frequency variable

for resonance frequency of driver in closed test box

Is resonance frequency of driver

G(s) response function

k, system displacement constant

length of voice-coil conductor in magnetic field
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xm:lx

X(s)
Zy(5)

Mo
Po

electrical inductance due to driver compliance
(=CxsB22/5)%)

acoustic mass of driver in closed test box in-
cluding air load

acoustic mass of port or passive radiator includ-
ing air load

acoustic mass of driver diaphragm assembly in-
cluding air load

mechanical mass of driver diaphragm assembly
including air load (=M ,sS,2)

acoustic output power

displacement-limited acoustic power rating

nominal electrical input power

displacement-limited electrical power rating

thermally limited maximum input power

ratio of reactance to resistance (series circuit)
or resistance to reactance (parallel circuit)

Q of driver at fy considering system electrical
resistance (R, + Ry) only

Q of driver at fo, considering electrical resis-
tance Ry only

Q of driver at fg considering electrical resis-
tance Ry only

Q of driver at fg considering system nonelectri-
cal resistances only

Q of driver at fop considering nonelectrical re-
sistances only

QO of driver at fg considering driver nonelectri-
cal resistances only

total Q of driver at fg including all system resis-
tances

acoustic resistance of enclosure losses due to
internal energy absorption

acoustic resistance of enclosure losses due to
leakage

acoustic resistance of port or passive radiator
losses

acoustic resistance of driver suspension losses

acoustic resistance of total driver-circuit losses

dc resistance of driver voice coil

electrical resistance due to driver suspension
losses (=B2I2/8,2R,¢)

output resistance of source or amplifier

mechanical resistance of driver suspension
losses (= R,sSp2)

acoustic radiation resistance

complex frequency variable (=o + jo)

effective projected surface area of driver dia-
phragm

time constant (=12 xf)

linear velocity

volume velocity

volume of air having same acoustic compliance
as driver suspension (=p,c2C,g)

peak displacement volume of driver diaphragm
(=S1)xmﬂx)

linear displacement

peak displacement limit of driver diaphragm

driver diaphragm displacement function

voice-coil impedance function

efficiency

reference efficiency

density of air (=1.18 kg/m?3)

Ty py static displacement sensitivity of unenclosed
driver expressed in meters per watt’:

o radian frequency variable (=2=f)

INTRODUCTION: It is quite possible that the vague-

ness which infuses many discussions of loudspeakers has
its roots in the chaotic terminology of the subject. The
word “loudspeaker” itself long ago lost any specific mean-
ing. Despite conflicting attempts by various nationalities
to define it as a driver unit or as a complete system, the
word retains value only as a general term and as an ad-
jective. For the sake of clarity, this paper uses the com-
mon but more specific terms below.

A source is a device, usually an electronic power am-
plifier, which supplies electrical energy at a specified volt-
age or power level.

A loudspeaker driver is a transducer mechanism which
converts electrical energy into mechanical and/or acous-
tical energy. The most common type of driver and the
one dealt with in this paper is the moving-coil or electro-
dynamic driver consisting of a voice coil located in a
permanently magnetized air gap and attached to a sus-
pended diaphragm or “cone.”

A baffle is a structure used to support a driver and to
reduce or prevent cancellation of radiation from the
front of the driver diaphragm by antiphase radiation
from the rear.

An enclosure is a cabinet or box in which a driver is
mounted for the purpose of radiating sound. The enclo-
sure forms a closed geometrical surface except for the
driver mounting aperture or other specified apertures.

A loudspeaker system is the combination of a driver
(or drivers) with a structural radiation aid such as a
horn, baffle, or enclosure which is used to convert elec-
trical energy from a specified source into sound.

A direct-radiator loudspeaker system is a loudspeaker
system which couples acoustical energy directly to the
air from the driver diaphragm and/or simple enclosure
apertures without the use of horns or other acoustical
impedance-matching devices.

The piston range of a loudspeaker driver is that range
of frequencies for which the wavelength of sound is
longer than the driver diaphragm circumference. In this
frequency range, a direct-radiator system using the driver
in an enclosure will have an acoustic output which is
essentially- nondirectional.

Loudspeaker System Design

Direct-radiator loudspeaker systems have been in use
for about half a century. During this time, much knowl-
edge of the behavioral properties of various types of di-
rect-radiator systems has been accumulated, but this
knowledge is still uneven and incomplete. For example,
closed-box systems are much better understood than
vented-box systems, while quantitative design informa-
tion for passive-radiator systems cannot be found in pub-
lished form.

The design of a loudspeaker system is traditionally a
trial-and-error process guided by experience: a likely
driver is chosen and various enclosure designs are tried
until the system performance is found to be satisfactory.
In sharp contrast to this empirical design process is the
synthesis of many other engineering systems. This be-
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gins with the desired system performance specifications
and leads directly to specification of system components.

The latter approach requires the engineer to have pre-
cise knowledge of the relationships between system per-
formance and component specifications. The method of
analysis described in this paper is a means of obtaining
this knowledge for the low-frequency performance of all
types of direct-radiator loudspeaker systems; it is based
on the high-pass-filter behavior of these systems.

Loudspeaker System Sensitivity and Efficiency

An ideal microphone converts sourid pressure into
voltage with equal sensitivity at all frequencies. Record-
ing and reproducing systems are designed to process sig-
nal voltages representing sound pressure without distor-
tion. To complete the sound reproduction process, an
ideal loudspeaker system should convert voltage into
sound pressure with equal sensitivity at all frequencies.

In practice, all loudspeaker systems have limited band-
width. In the low-frequency region, they act as high-pass
filters. The low-frequency design of a loudspeaker sys-
tem may thus be regarded as the design of a high-pass
filter [1], [2]. The principal difference is that the loud-
speaker system designer has very limited control over
the “circuit” configuration; his design freedom is limited
to obtaining the best possible performance by manipula-
tion of the system component values.

The frequency response of an electrical filter is nor-
mally described in terms of a dimensionless voltage or
power ratio. Because a loudspeaker system is a trans-
ducer, its sensitivity versus frequency response is the
ratio of two unlike quantities, sound pressure and volt-
age. However, the loudspeaker system response can also
be defined in terms of a dimensionless power ratio which
is proportional to the square of the above sensitivity
ratio.

In the frequency range for which the system radiation
is nondirectional, the free-field sound pressure at a fixed
distance is proportional to the square root of the acous-
tic power radiated by the system [3, p. 189]. The elec-
trical power delivered into a fixed resistance by the
source is proportional to the square of the source out-
put voltage. Thus the ratio of the actual system acous-
tic output power to the electrical power delivered into a
fixed resistance by the same source represents exactly
the square of the system sensitivity ratio (i.e., the sys-
tem frequency response), except for a constant factor.
If the fixeM resistance is chosen to fairly represent the
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Fig. 1. Generalized direct-radiator loudspeaker system.
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input impedance of the loudspeaker system, the value of
the power ratio in the system passband is the nominal
electroacoustic conversion efficiency of the system.

This method of defining loudspeaker efficiency is quite
similar in principle to the power available efficiency
definition used by Beranek [3, p. 190] in. that both re-
veal the exact frequency response of the system. The
principal advantage of the method used here is that the
calculated passband efficiency of the system is inde-
pendent of generator output resistance and realistically
relates the acoustic power capability of the system to the
electrical power rating of its source.

SMALL-SIGNAL PERFORMANCE
RELATIONSHIPS

Acoustic Output Power

A generalized direct-radiator loudspeaker system [4,
Fig. 1] is illustrated in Fig. 1. The system enclosure has
apertures for a driver, a port (or passive radiator), and
leakage. Electrical input to the driver produces air move-
ment at the driver diaphragm, port, and leak; this air
movement is shown in Fig. 1 as the acoustic volume
velocities U,,, Up, and U,.

At very low frequencies, where the dimensions of and
spacings between the enclosure apertures are much less
than a wavelength, the system can be regarded as a
combination of coincident simple sources {3, p. 93]. The
acoustic output is thus nondirectional and is equivalent
to that of a single simple source having a strength U,
equal to the vector sum of the individual aperture vol-
ume velocities, i.e.,

U=U,+ Uy +U,. (1)
The acoustic power radiated by the system is then
P, = |Uy|% Rpg (2)

where

P, acoustic output power

Rar resistive part of radiation load on system.

Eq. (2) is generally valid to the upper limit of the driver
piston range because the driver is normally the only
significant radiator at frequencies high enough for the
aperture spacings to become important.

In a recent paper [5], Allison and Berkovitz have dem-
onstrated that the low-frequency load on a loudspeaker
system in a typical listening room is essentially that for
one side of a piston mounted in an infinite baffle. The
resistive part of this radiation load [3, p. 216] is

Rar = pow?/(27c) (3)

where

po density of air
o steady-state radian frequency
¢ velocity of sound in air.

Eq. (3) is valid only in the system piston range, but
within this range the value of R, is independent of the
size of the enclosure or its apertures.

Because mass cannot be created or stored at the en-
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Fig. 2. Acoustical analogous circuit of generalized direct-
radiator loudspeaker system.

closure boundaries, and because the sound pressure is
normally much less than the atmosphere pressure, con-
servation of mass requires that

U(}=_U]; (4)

where U is the total volume velocity entering the en-
closure. Eq. (4) holds even if the enclosure is internally
divided. If the enclosure contains several cavities, then

Uy =Up+Upo+Upyt+---, (5)

where each term on the right-hand side of Eq. (5) rep-
resents the net volume velocity entering each individual
cavity.

Egs. (1), (4), and (5) are general and hold for any
number of cavities and apertures and any interconnec-
tion of these. They are vector equations which require
that the relative phase of the various components be
taken into account.

Although Eq. (4) is very simple, it is of key impor-
tance in the analysis of direct-radiator loudspeaker sys-
tems using an enclosure. In combination with Eq. (2),
it reveals that the acoustic power radiated by the system
is directly related to the volume velocity compressing
and expanding air within the enclosure. This fact has
been noted for bass-reflex enclosures by Beranek [3, p.
244}, de Boer [1], and others; it is equally true for all
direct-radiator system enclosures [4, eq. (72) fil.

Electrical Input Power

The nominal electrical input power to a loudspeaker
system is defined here as the power delivered by the
source into a resistor having the same value as the driver
voice-coil resistance [2, eq. (10)]. Thus

e 2
P,=| —2— | R, 6
, [R,,+RE] . (6)

Py nominal electrical input power

e, open-circuit output voltage of source
R, output resistance of source

Ry dc resistance of driver voice coil.

The value of Ry is typically about 80% of the rated
driver voice-coil impedance.

American [6], British [7], and international [8] stan-
dards make use of variously defined rating impedances
in calculating the nominal input power to a loudspeaker
driver. Because the calculated acoustic output power of
the system depends on Ry and not on the fictitious rat-

ing impedance, the definition used here simplifies the ex-
pression for theoretical system efficiency derived below.
This difference must be remembered if the computed
piston-range reference efficiency of a system is to be
compared with the efficiency measured according to the
methods of one of the above standards.

EFFICIENCY

From Eqgs. (2) and (6), the nominal <power transfer
ratio or efficiency 5 of a loudspeaker system is

Py (R, ¥Ry)>
n=-—= IUOPRAR“_‘,——_-

o
E e, *Rp

g

(7

The evaluation of this efficiency expression for a given
system requires a knowledge of the relationship between
U, and ¢,. This relationship is found by examining the
acoustical circuit of the system.

The development of acoustical circuits is described in
excellent detail by Olson [9] and Beranek [3, ch. 3].
Fig. 2 is the impedance-type acoustical analogous circuit
for the generalized loudspeaker system of Fig. 1 [4, Fig.
15]. In Fig. 2,

B magnetic flux density in driver air gap
I length of voice-coil conductor in magnetic
field of air gap
S, effective projected surface area of driver di-
aphragm

M,y acoustic mass of driver diaphragm assembly
including voice coil and air load

C,s acoustic compliance of driver suspension

R,y acoustic resistance of driver suspension losses

C,g acoustic compliance of air in enclosure

R,p acoustic resistance of enclosure losses due to
internal energy absorption

R,1, acoustic resistance of enclosure losses due to
leakage

M,p acoustic mass of port or passive radiator in-
cluding air load

C,p acoustic compliance of passive radiator sus-
pension

R, p acoustic resistance of port or passive radiator
losses.

Starting from the circuit of Fig. 2, the acoustical analo-
gous circuits of most common direct-radiator systems
can be obtained by removing or short-circuiting appro-
priate elements. Note that for the analogy used in this
circuit, voltages represent acoustic pressures and currents

Mas  Cas
A ——

egBL
> (Rg*+Rp)Sp Uo

®)

Fig. 3. Acoustical analogous circuit of infinite-baffle loud-
speaker system.
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represent volume velocities. The method of obtaining the
system efficiency expression from analysis of the system
acoustical circuit is illustrated below for the simple infi-
nite-baffle system.

The acoustical analogous circuit of an infinite-baffle
loudspeaker system is derived from the general circuit of
Fig. 2 by removing the branches representing the passive
radiator and enclosure leakage and short-circuiting the
branch representing the interior of the enclosure to make
the enclosure dissipation zero and the enclosure compli-
ance infinite. The resulting circuit is shown in Fig. 3. A
simplification has been made in this circuit by combin-
ing the remaining series resistances to form the total
acoustic resistance

B212
Ryr = Ryg + ————. (3)
(R, + Rg)Sp*
From circuit analysis of Fig. 3,
e Bl
U, = *G(s) 9
(R, +Rp)SpsM g
where
S2C s M
G(s) = asMys (10)

SZCASMAS + SCASRAT + 1
and s is the complex frequency variable.

For steady-state sinusoidal excitation s = jw, and Egs.
(5) and (9) may be combined with Eq. (7) to yield the
infinite-baffle efficiency expression

Po B2
n(jo) =~
2m¢ RpSp2M 2
where G (jo) is G(s) from Eq. (10) with s = jo. Note
that G (jw) contains all the frequency-dependent terms of
Eq. 11); the remainder of the expression contains only
physical, numerical, and driver constants.

The last part of Eq. (11), i.e., the squared magnitude
of G(jw), is the infinite-baffle system frequency response
expressed as a normalized power ratio. The normalized
ratio of sound pressure to source voltage, i.e., the nor-
malized sensitivity or sound pressure frequency response,
is thus simply |G (jw)|; it can be seen from Eq. (10)
that this is a second-order (12-dB per octave cutoff)
high-pass filter function.

For any direct-radiator system using an enclosure, the
expressions for total volume velocity and efficiency have
the same form as Egs. (9) and (11); only the function
G (s) is different for each system.

The system response function G (s) contains complete
information about the amplitude and phase versus fre-
quency responses and the transient response of the sys-
tem. G(s) is always a high-pass filter function with a
value of unity in the passband. Thus the constant part
of Eq. (11) is the system passband efficiency.

|G (jw)|? 1)

ASSUMPTIONS AND APPROXIMATIONS

The acoustical analogous circuits of Figs. 2 and 3 are
valid only for frequencies within the piston range of the
driver; the circuit components are assumed to have values
which are independent of frequency within this range.

Circuit elements which do not contribute enough im-
pedance to affect the analysis are neglected. One of these

elements is the radiation resistance. Although this re-
sistance is responsible for the radiated power and is
therefore incliuded in Eq. (2), it is in fact quite small
compared to the other impedances in the acoustical cir-
cuit [2, p. 489]. This is fortunate for purposes of analy-
sis because the radiation resistance is not constant but
varies with frequency squared. Also neglected is the
driver voice-coil inductance which usually has negligible
effects in the limited frequency range of this analysis.

The treatment of acoustical masses is simplified by
adding together all masses appearing in series in the
same branch of the analogous circuit. This means that
physical and air-load masses are lumped together. While
the resulting total mass is essentially constant with fre-
quency, it may vary, in the case of the driver, with
mounting location or mounting conditions. This must be
remembered when dealing with the actual system and
measuring its parameters.

SMALL-SIGNAL PARAMETERS

The response function and other describing equations
of a loudspeaker system generally contain driver, en-
closure, and source parameters. Knowledge of these re-
lationships for a particular system is of practical use only
if the parameter values are known or can be measured.

One key to the identification and measurement of the
system parameters lies in the system electrical equivalent
circuit. This is the dual of the system acoustical analo-
gous circuit and may be derived from it; its formation
is well explained in [9] and [3, ch. 3]. Once the cir-
cuit is determined, straightforward circuit analysis yields
the relationship between the impedance measured at the
voice-coil terminals of the actual system and the physi-
cal components which constitute the system. It is thus
possible to determine the system parameters from mea-
surement of the voice-coil circuit impedance.

Driver Parameters

The fundamental electromechanical driver parameters
which control system small-signal performance are Rpg,
(Bl), Sp, Crgs My, and Rye, where

Cyg mechanical compliance of driver suspension

(= Cas/Sp?)

mechanical mass of driver diaphragm assem-
bly including voice coil and air load (= M 4
Sp?)

Mys

Ryg mechanical resistance of driver suspension

losses (= R;gSp2).

These parameters are fundamental because each can be
set independently of the others, and each has some effect
on the system small-signal performance.

For purposes of analysis and design, it is advantageous
to describe the driver in terms of the four basic parame-
ters used by Thiele [2] which are related to those above
but are easier to measure and to work with. These are
as follows.

fg resonance frequency of moving system of
driver, defined by Eq. (12) and usually speci-
fied for driver in air with no baffle (f5,) or
on a specified baffle (fgg)
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Vs acoustic compliance of driver, expressed as an

equivalent volume of air according to Eq. (15)

Qus ratio of driver electrical equivalent frictional
resistance to reflected motional reactance at
fs> defined by Eq. (13).

Qps ratio of voice-coil dc resistance to reflected

motional reactance at fg, defined by Eq. (14).

The parameters Q,¢ and Q¢ correspond to Thiele’s
O, and Q,. They have been given the extra subscript S
to make it clear that they apply to the driver alone and
to prevent confusion with the system parameters Q,;, and
Qp, corresponding to Thiele’s Q, and Q, (total), defined
at the end of this section.

Driver Electrical Equivalent Circuit

The electrical equivalent circuit of a driver in air or
mounted on an infinite baffle is shown in Fig. 4. In this
circuit,

Cys electrical capacitance due to driver mass (=
M sSp?/B21?)
L¢yg  electrical inductance due to driver compliance
(=CasB*I2/S5p%)
Rgg electrical resistance due to driver suspension

losses (=B22/5,%R,q) .

The circuit of Fig. 4 is the dual of Fig. 3. An important
difference is that the real voice-coil terminals are avail-
able in Fig. 4.

Rg Rg
—VAAA—® = - - 0—AMA
@eg =CMEs gLces 3Res

Fig. 4. Electrical equivalent circuit of moving-coil electro-
dynamic driver.

In Fig. 4, the driver reactances form a resonant circuit
which has a resonance frequency wg = 2nfg, or a char-
acteristic time constant Ty, given by

Ty* = 1/og? = CypsLeps = CasMas.

(12)

The Q of the driver resonant circuit with Ryg acting alone
is

Ous = 05CypsRps = 1/(05CasRas)-

Similarly, the Q with Ry acting alone, i.e., with R, = 0, is

(13)

QOps = 0gCyusRp = wgRyM,Sp?/(B22).  (14)

The parameter V4 is a voldme of air having the same
acoustic compliance as the driver suspension. Thus [3,
p- 129]

(15)

Vas = poc*Chas.

RE+R|,:5 ro
3,
olac
>
= N
3 )
= F
) 1
>
N
RE 1

log f— f1 fs f2

Fig. 5. Driver voice-coil impedance magnitude.
Driver Voice-Coil Impedance Function

The impedance of the circuit to the right of the voice-
coil terminals in Fig. 4 is

sT
5/ Cus :l . (16)
52 Tg?+ 5Ty /Qus + 1

Zy(s) = Rg+ Rpg I:

The steady-state magnitude |Zy.(jw)| of Eq. (16) is
plotted in Fig. 5; this has the form of a resonance curve
which is displaced upward by an amount R

Measurement of Driver Parameters

If the voice-coil impedance of an actual driver is
plotted against frequency with the driver in air or on
a simple test baffle, the resulting plot will have the same
shape as Fig. 5. The driver resonance frequency fg is
easily located where the measured impedapte is a maxi-
mum. If the ratio of the maximum voice-coil impedance
to the dc resistance Ry is defined as r;, and the two fre-
quencies f; < fq and f, > f¢ are found where the im-

pedarce magnitude is \/—rT,RE, then as shown in the Ap-
pendix,

fsVro
Ous = fi\_/fj 17)
and
QOps = Qs . (18)
ro—1

To obtain the value of V.4 a known compliance is
added to the moving system by mounting the driver in a
small unlined test box which is closed except for the
driver aperture. The above driver parameters are then
remeasured and values obtained for the new resonance
frequency f, and the electrical Q, Q4. Then, as shown
in the Appendix,

_ ferQrer ]
Vag =Vp| —————1
fsQns

where V; is the net internal volume of the test box.

(19)

Source Parameters

The amplifier specifications that affect the small-signal
performance of a loudspeaker system are frequency re-
sponse and output resistance.

The frequency response of a good audio amplifier is
usually wider and flatter than that of the loudspeaker
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system, and thus the frequency response function ob-
tained from the system efficiency expression effectively
describes the overall low-frequency response from the
amplifier input terminals. The overall response may be
modified or adjusted if desired by the addition to the
amplifier of supplementary electrical filters [2].

The amplifier output resistance R, is in series with the
driver voice-coil resistance R and therefore affects the
system behavior by influencing the total Q in the driver
branch. Most modern amplifiers are designed to have a
high damping factor, which means that R, is made small
compared to any expected value of R, This condition
is usually assumed in the design of general-purpose loud-
speaker systems, and the driver parameters are adjusted
to give the required total Q.

If an amplifier and loudspeaker system are designed
as a unit, extra design freedom may be gained by ad-
justing R, to provide the desired total Q. Using suitable
feedback techniques, R, may be made positive, zero, or
negative.

Measurement of Amplifier Source Resistance

The valuc of R, may be found by driving the ampli-
fier with a sinusoidal signal and measuring the amplifier
output voltage under conditions of no load and rated
load. If the no-load output voltage is ¢, the !oaded out-
put voltage is ¢, and the load resistance is R,, then

ey ey,
R, =R, —

i

(20)

ey

If there is no measurable difference bztween ¢, and ¢;,
R, may be considered zero as far as its effect on total
Q is concerned. Accurate measurement is pot required
in this case, as it is the total resistance (R, + Rp) that
is important.

Amplifier specifications often give the value of R, (or
the damping factor for rated load) measured at 1 kHz.
For purposes of calculating system Q at low frequencies,
the value measured at 50 Hz is more meaningful.

Enclosure Parameters

The enclosure parameters vary in number according
to the type of system. Referring to Fig. 2, all of the
vertical branches on the right of the figure contain en-
closure components.

The most important property of the enclosure is its
physical volum: V, which determines the compliance
C,p. If the component M, is present in the system,
with or without C,,, the enclosure will exhibit a reso-
nance frequency f, (or time constant T,). If C,p is
present, an additional resonance frequency f, (or time
constant 7,) is introduced. The enclosure or aperture
losses may be accounted for by defining Q for the vari-
ous branches at specified frequencies (f, or fp).

Measurement of Enclosure Parameters

In general, the change in the driver voice-coil imped-
ance which occurs when the driver is placed in the en-
closurz permits identification of the enclosure parame-
ters. Because the relationships are different for every
type of enclosure, they are not presented here but will be
included in later papers describing each type of system.

Composite System Parameters

In the analysis of direct-radiator loudspeaker systems,
certain combinations of the component parameters occur
naturally, and consistently, in the system-describing func-
tions. One of these is the ratio of driver compliance to
enclosure compliance C,4/C, . This parameter’ the sys-
tem compliance ratio, is of fundamental importance to
direct-radiator systems using an enclosure. Tt zfppears in
the analyses published by Beranek [3, ch. 8] and Thiele
[2], and in the equivalent stiffness ratio form S,/ used
by Novak [10]. The importance of this parameter to sys-
tem performance justifies giving it a simplified symbol;
in later papers the symbol « introduced by Benson [4,
eq. (91)] will be used.

In tuned-enclosure systems, the frequency ratio f,/fq
occurs naturally in the analysis. This is the system tun-
ing ratio; Novak [10] has given it the symbol A.

In every type of system, the driver parameter Q. is
altered by the presence of the source parameter R, to
form a system parameter

R,+ Ry
Q= Qus—
R

(21)
B

The effective value of (R, + Rj) includes any signifi-
cant resistance present in connecting leads and crossover
inductors.

Similarly, the driver parameter Qy is modified if the
system acoustical analogous circuit has an acoustic re-
sistance in series with R,q. The new system parameter
@y is usually found by measurement.

The total Q of the driver branch of the system is then
given by a composite system parameter

QI‘]QJI
Qr =

= (22)
Or+ 0y

FREQUENCY RESPONSE

Response Function

The response function G(s) of a loudspeaker system
may be obtained from the complete efficiency expression
as illustrated earlier or by a simpler general method
which provides only the response function. In Fig. 6 the
acoustical analogous circuit of Fig. 2 is reduced: to only
four essential components:

P, acoustic driving pressure given by
e,Bl

= (23)
(R_l/ + RE)S]'

Py

Z,s impedance of driver branch, normally given
by
Zys(s) = Ryp+sM s+ (24)
sCus
Z,» impedance of branch representing enclosure
interior, normally given by
Zyu(s) = Rup+ (25)
SCan
Z,4 impedance of all enclosure apertures (except

that for the driver) which contribute to total
output volume velocity. Note that U, in Fig.
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Fig. 6. Simplified acoustical analogous circuit correspond-
ing to Fig. 2.

6 is equal to the sum of U, and Up in Fig. 2.
Z,, is determined by the specific enclosure
design.

The response function is then in all cases

U, SM 45
G(s) = sMg— = .
Py ZAB+ZAS+ZABZAS/ZAA

(26)

Simplifying the Response Function

. The response function obtained from the system acous-
tical analogous circuit is always a normalized high-pass
filter function which is in the form of the ratio of two
polynomials in s. The polynomial coefficients contain
various combinations of the acoustical masses, compli-
ances, and resistances contained in the system.

The response function is easier to interpret if the
acoustical quantities in the coefficients are replaced by
the simpler system parameters described in the previous
section. Because the coefficients must have dimensions
of time only, it is always possible to redefine them in
terms of system time constants (or resonance frequen-
cies) together with such dimensionless quantities as O,
compliance ratios, mass ratios, and resistance ratios.
These variables are easier for the electrical engineer to
interpret than the unfamiliar acoustical quantities.

For the infinite-baffle system analyzed earlier, the re-
sponse function G(s) is given by Eq. (10). This expres-
sion is simplified by substituting

2 J—
T = CASMAS

(12)
and

Or = 1/(wgCasR ) 27

where Qy is the total Q (at fy) of the driver connected
to the source. This is the same parameter defined for the
general case in Eq. (22). Then

52T

G(s) = .
2T+ 5Ty /Qr+ 1

(28)

Using the Response Function

Once the system response function is known, the re-
sponse of any specific system design can be determined
if the system parameters are known or are measured so
that the corresponding response function' coefficients can
be calculated. This process is useful in determining the
response of existing or proposed systems but gives little
insight into the means of improving such systems.

A more useful approach is to explore the behavior of
the system response function to determine which coeffi-

cient values (i.e., parameter values) produce the most
desirable response characteristics. This sounds like a for-
midable and time-consuming task suitable for computer
application, but fortunately the response shapes of great-
est interest to the loudspeaker system designer, e.g., those
providing flat response in the passband, have already
been studied extensively by filter designers.

Because loudspeaker systems have minimum-phase be-
havior at low frequencies, the amplitude, phase, delay,
and transient responses are all related and cannot be
specified independently. The most common criterion for
optimum response in audio systems is flatness of the am-
plitude response over a maximum bandwidth, but there
may be cases where the designer requires an optimized
transient response or delay characteristic. Whatever cri-
terion is used, it is translated into a set of optimum poly-
nomial coefficients so that the system parameter values
can be specified or adjusted accordingly.

The adjustment of loudspeaker system response is
clearly analogous to the alignment of conventional types
of filters. This is particularly apparent where the adjust-
ment goal is the achievement of a predetermined response
condition, rather than trial-and-error optimization.

Consider again the infinite-baffle system which has the
response function given by Eq. (28). The general form
of this class of response function as used by filter de-
signers is

52T

2T2 + a;sT,+ 1

G(s) = (29)

where
T, nominal filter time constant
a, damping, or shape, coefficient.

The behavior of Eq. (29) is well known and thus re-
veals the behavior of the infinite-baffle system when
Ty= T, and Qp = 1/a,. Using standard curves for Eq.
(29), the steady-state magnitude G (jw)| of Eq. (28)
is plotted in Fig. 7 for several values of Q. The curve
for Oy = 0.50 corresponds to the condition for critical
damping of the resonant circuit. The curve for O, =
0.71 is a maximally flat (Butterworth) alignment which
has no amplitude peaking. The curves for 0, =10, 1.4,
and 2.0 have amplitude peaks of approximately 1 dB,
3¥2 dB, and 6 dB, respectively, but provide extensions
of half-power bandwidth as compared to the maximally
flat alignment.

For this simple system, the design engineer can
choose the response shape he desires and specify the
system parameters accordingly: he can also see at a
glance the effects of parameter tolerances.

REFERENCE EFFICIENCY

The first part of the efficiency expression (11) for a
loudspeaker system contains only physical constants and
driver parameters, while the last part, the system re-
sponse function squared, is always unity for the portion
of the piston range above system cutoff. Thus the first
part of the expression is the passband or reference effi-
ciency of the system. This reference efficiency, desig-
nated »,, is given by

oo B
Ny = —

2mc RpS)iM, 2

Ab

(30)
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Fig. 7. Normalized frequency response of infinite baffle
loudspeaker system.

In terms of the fundamental electromechanical driver
parameters, this is

po B Sp*
Mo T : . (31)
2n7¢ Ry M2

It must be remembered that M ,s and M,q include rele-
vant air-load masses and any deliberate mass loading im-
posed by the enclosure.

Combining Eqs. (12), (14), and (15) with Eq. (30),
the expression for reference efficiency becomes

4n2 BV
no = s L A5, (32)
c? Qs

The reference efficiency of the system can thus be calcu-
lated from the basic driver parameters discussed in Sec-
tion “Small-Signal Parameters.” This result is surprising
at first, because these parameters can be determined from
simple electrical measurements. This means that the sys-
tem piston-range electroacoustic efficiency can be found
without any direct mechanical, magnetic, or acoustical
measurements.

Note that Eq. (32) yields an efficiency twice as large
as [2, eq. (76)]. This is because Thiele’s expression is
derived for the radiation load of a 47-sr free field, while
Eq. (32) assumes the radiation load of a 2#-sr free field.
The latter is used here because it is more nearly repre-
sentative of the radiation load presented to a loudspeaker
system by a typical listening room [5].

The physical constants in Eq. (32) have a value of
9.6 X 10-7 in the International System, and this value
may be used to compute efficiency if fg is expressed in
hertz and V .4 is expressed in cubic meters. However, the
value of V4 for most drivers is more conveniently ex-
pressed in liters (one liter = 10—2 cubic meters). Thus
for V , in liters,

1V
ne = 9.6 X 10—10 °__45 (33)
Ors
Alternatively, if Vg is expressed in cubic feet,

1V
no = 2.7 X 10-8 245

(34)
Ors

The calculated value of efficiency may be converted into

decibels (10 log,qy,) or percent (100 %,). The reference
efficiency of direct-radiator systems is quite low, typical-
ly of the order of one percent. '

The resonance frequency of a loudspeaker driver is
usually measured with the driver mounted on a stan-
dard test baffle having an area of a few square meters
[7, sec. 3b], [8, sec. 4.4.1]. Alternatively, some manufac-
turers prefer to use an effectively infinite baffle, or no
baffle at all. Because most drivers are ultimately used in
enclosures, the system designer is most interested in the
resonance frequency, O and reference efficiency for
an air-load mass equivalent to that of an enclosure; this
condition is most nearly approached by a finite “stan-
dard” baffle.

If deliberate mass loading of the driver is employed
in the system, e.g., placing a restricted aperture in front
of the driver, the system reference efficiency will be less
than the basic efficiency of the driver. The system effi-
ciency can still be found from Eq. (32) if the values of
fs and Qpg are measured under mass-loaded conditions.
The efficiency reduction will be proportional to the
square of the mass increase, as shown by Eq. (30).

LARGE-SIGNAL PERFORMANCE

Power Ratings and Large-Signal Parameters

Loudspeaker standards such as [6]-[8] provide only a
general guide for the establishment of loudspeaker (driv-
er) power ratings: the input power rating should be such
that an amplifier of equivalent undistorted output power
rating can be used with the loudspeaker without causing
damage or excessive distortion.

At moderately high frequencies, where little diaphragm
displacement is required of the driver, the power han-
dling capability of a loudspeaker system is limited by
the ability of the driver voice coil to dissipate heat. This
leads to a thermally limited absolute maximum input
power rating for the driver, regardless of the system de-
sign. This input power rating is designated P, .-

At low frequencies much more diaphragm displace-
ment is required of the driver, and it is necessary to
establish an input power rating which ensures that the
diaphragm is not driven beyond a specified displacement
limit. This displacement-limited input power rating is
often less than Py, .. Because diaphragm displacement
is a function of enclosure design, the displacement-lim-
ited power rating is a property of the system, not the
driver, although it depends on the driver displacement
limit.

The displacement limit of a particular driver may be
determined by any of a number of criteria. Among these
are

1) prevention of suspension damage,

2) limitation of frequency-modulation distortion [11],

3) limitation of nonlinear (harmonic and amplitude-

modulation) distortion [12].

For the purpose of this paper it is assumed that a peak
displacement limit can be established; this limit is desig-
nated x,,..

The fundamental large-signal parameter of a driver at
low frequencies is then

Vl) = SD Xmaxe (35)
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Fig. 8. Normalized diaphragm displacement of driver
mounted on infinite baffle.

This parameter, the diaphragm peak displacement vol-
ume, is the volume of air displaced by the driver dia-
phragm in moving from rest to its peak displacement
limit. It describes the volume displacement limitation and
therefore the volume .velocity versus frequency limita-
tion of the driver. The practical usefulness of this pa-
rameter is illustrated in the following section.

Thus, in addition to the driver small-signal parameters
discussed earlier, the system designer must know (or

‘specify) the large-signal parameters Py .., and V.

Diaphragm Displacement

The small-signal diaphragm displacement of a loud-
speaker system driver is determined from the system
acoustical analogous circuit. The circuit is first analyzed
to obtain the diaphragm volume velocity U,. Division
by S, then gives the diaphragm velocity u,, and a fur-
ther division by s (i.e., integration) yields the diaphragm
displacement x,. The diaphragm displacement expression
is always of the form

xXp = Pp¥ho,p k, X(5) (36)
where

P, nominal input power defined by Eq. (6)
static (dc) displacement sensitivity of unen-
closed driver, expressed in meters per watt”
and given by

Cus®B*E 7
Geipy) = I:'—“R——]
E

_ I: Vas
2705 QrsSp?

Oz (P)

4
] G7)

k, system displacement constant of unity or less

X(5) normalized system displacement function.

X(s) is always a low-pass filter function which has a
value of unity at zero frequency.

For a particular system, the product of the displace-
ment constant k, and the displacement function X(s) is
evaluated by either of two methods. In the first method,
the displacement expression (36) is established as de-
scribed above and divided by Pg*%e,.p, using Eqs. (6)
and (37). In the second method, the acoustical analo-
gous circuit is analyzed for the admittance seen by the

generator, and this quantity is divided by sC,g; referring
to Fig. 6, this means that in all cases

1+ Zyn/Zsa

k,X(s) = . .
’ 5Chs Zapt Zast ZynZas/Zan

(38)

The resulting expression is then split into a constant fac-
tor k, and a frequency-dependent factor X(s) normal-
ized to unity at zero frequency.

For the infinite-baffle system, circuit analysis of Fig.
3 reveals that the displacement constant is unity and the
displacement function is

1
2T+ sTg/Qr+1

The steady-state magnitude |X (jw)| of this function is
plotted against normalized frequency in Fig. 8. For this
simple system, the curves are exact mirror images of
those of Fig. 7.

X(s) = (39)

DISPLACEMENT-LIMITED POWER RATINGS

Electrical Power Rating

A useful indication of the sinusoidal steady-state dis-
placement-limited electrical input power capacity of a
loudspeaker system is obtained by assuming linear dia-
phragm displacement for large input signals and limit-
ing the peak value of x;, in Eq. (36) to x,,,.. Thus

1 X ax =
Ppp = — I: - =Y ] (40)
2 Ux(P)kx NX(]“’)mmx
where
Ppy displacement-limited electrical input power
rating in watts
[X(jo)|mexy maximum magnitude attained by system dis-

placement function, i.e., its value at.the fre-
quency of maximum diaphragm displace-
ment.

Substituting Egs. (35) and (37) into Eq. (40),

fS QI‘}S I/']):2
VASk.r2 !X(]w) ’nme -

Pgr = mpyc? (41)

Acoustic Power Rating

The displacement-limited electrical power rating of a
loudspeaker system places a limitation on the continuous
power rating of the amplifier to be used with the system.
This power rating, together with the reference efficiency
of the system, then determines the maximum continuous
acoustic power that can be radiated in the flat (upper)
region of the system passband. Thus, using Egs. (32)
and (41), the steady-state displacement-limited acoustic
power rating P,p of the loudspeaker system is

dwe IV
Pyp = e (42)
c k.I’_ | X (jo) Inmxb

This rating may easily be converted into a sound pres-
sure level rating for standardized radiation and measure-
ment conditions, e.g., [8, sec. 3.16]. The factor 4=3p,/c
has the value 0.42 for SI units, i.e., for f¢ in Hz and
Vpin m3,
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Power Ratings of Infinite-Baffle System

The displacement-limited acoustic power rating of a
driver mounted on an infinite baffle is found by setting
k, = 1in Eq. (42). Thus,

473 p, F V2
Pirar, = : . = (43)
o ¢ X (o) |

For a given value of V. the acoustic power rating is a
strong function of the driver resonance frequency. It is
also sensitive to Qp through |X(jo)|,.« (see Fig. 8),
but is maximized for Q= 0.71.

As an example, consider an infinite-baffle system hav-
ing a resonance frequency of 50 Hz and a second-order
Butterworth response. If the driver is a 12-inch unit
(effective radius 0.12 m) capable of == 4 mm peak dis-
placement, then V', = 0.18 dm?, and the acoustic power
rating is P,;, = 0.086 watt. This is equivalent to a sound
pressure level rating of 101.5 dB at a distance of 1 meter
[3, p. 14].

Setting &, equal to unity in Eq. (41), the displace-
ment-limited electrical power rating of the infinite-baffle
system is

fS QES I/I)2

St A d— (44)
VAS 1 X(]a’) !mnx2

— )
Prrg, = 7poc?

This equation demonstrates quantitatively the well-known
fact that a woofer designed for acoustic-suspension use
(i.e., with very low resonance and high compliance) has
a low (input) power handling capacity, compared to
that of a conventional woofer, if it is operated in air
or on an infinite baffle.

The electrical power rating of the system in the above
numerical example depends on the value of driver com-
pliance. If the total moving mass of the driver has a
typical value of 30 grams, the driver compliance, from
Eq. (12), must be Vs = 0.1 m?3. Ignoring mechanical
losses and taking Qpy = Q4 = 0.71, the electrical power
rating from Eq. (44) is then Py, = 5 watts. Comparing
P .1 with Py, or using Eq. (33), the reference efficiency
of the driver is o, = 1.7%.

Note that the same ratings also apply to an infinite-
baffle system using an 8-inch driver (effective radius
0.08 m) capable of == 9-mm peak displacement (so that
V, = 0.18 dm?) and having the same resonance fre-
quency, acoustic compliance, and Q.

Assumptions and Corrections

The accuracy of the calculated displacement-limited
power ratings depends on the assumptions that the dia-
phragm displacement is linear up to x,,, and that the
source power bandwidth extends down to the frequency
of maximum displacement. Both assumptions may lead
to corservative ratings.

For example, the infinite-baffle system described above
reaches maximum displacement only at very low fre-
quencies. This system might typically be driven by an
amplifier with a low-frequency power bandwidth (—3
dB) of 30 Hz. If the plot of | X (jw)! (with constant volt-
age drive) for Q; = 0.71 in Fig. 8 is multiplied by the
normalized power output curve of this amplifier, the re-

sulting maximum value of |X(jo)| falls from unity to

about 0.7. A more realistic set of power ratings for this..

loudspeaker system would thus be Py, = 10 watts and
P,p = 0.17 watt.

Similarly, if x,,,. is defined at a displacement beyond
the linear range of the driver, then the actual input
power required to reach this peak displacement will be
higher than the calculated value. A correction factor can
easily be computed from the actual displacement «versus

input characteristic of the driver.

CONCLUSION

The low-frequency response, efficiency, and power
ratings of a direct-radiator loudspeaker system are de-
termined by the parameters of the system components.
These relationships are reciprocal; specification of the
system performance places definite requirements on the
component parameters. The most important system com-
ponent is the driver, which is completely described only
when a sufficient number of small-signal and large-signal
parameters are specified.

An interesting result of the analysis in this paper is
that the driver diaphragm area §; does not appear ex-
plicitly in the small-signal response, small-signal effi-
ciency, or displacement-limited power ratings of a loud-
speaker system. This means that it is theoretically pos-
sible to design drivers of different diameter with identi-
cal values of the parameters fg, Qus Orss Vs, and V.
Used in identical enclosures, these drivers must give
identical small-signal performance and displacement-
limited power capacity. The principal differences are that
the larger driver will cost more but require less dia-
phragm displacement and thus produce less modulation
distortion for a given acoustic output [117, [12].

Although the electrodynamic moving-coil driver has
been manufactured throughout the world for decades,
hardly a single manufacturer provides complete low-fre-
quency parameter information with his products, or has
ever been asked to do so. In the future, trial-and-error
design of loudspeaker systems using available drivers
will increasingly be replaced by system synthesis based
on final performance specifications and resulting in speci-
fic driver parameter requirements. Driver manufacturers
must be ready to meet demands of this kind and to pro-
vide complete parameter information with their prod-
ucts.

The parameters used to describe driver behavior in
this paper are not the only consistent set that can be
used. However, they do have the advantage of being
easy to measure and to comprehend, and, as later papers
will show, they are well suited for use in the analysis
and design of complete systems.

APPENDIX

DRIVER PARAMETER MEASUREMENTS

Driver Q
From Egs. (13) and (14),
Rps
Ouxs — fes (45)
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The ratio of voice-coil maximum impedance to dc re-
sistance, from Fig. 5, is therefore

Rpg+ Rg s
ro = ES F=1+Qns (46)
RE QI‘]S
from which *
Ous
Qus = . (18)
ro—1

Also, the total driver ¢ with a zero-impedance source
(R, = 0) is given by

Q.\ISQEb _ QMS

Org = (47)
Ous + Qus ro
Eqg. (16) now becomes
ro+ Ons STy + 1/5Ty)
Zyo(s) = Ry . e " - i (48)
I+ Oy (5Tg+ 1/5T)
and
rg?+ Ous® (0/og—o0g/0)?
|Zye(jo) 2 = Ry LT (49)
1+ 0ys?(0/0s—wg/w)®
At any two frequencies w; < w, such that w0, = wg?,

it ¢an be shown using (49) that the impedance m: ini-
tudes will be equal. Let this magnitude be defined by

|Zve (o) | = [ Zye(jwg) | = riRp. (50)
Then
| Zyo(joy 2)|2 = 12 Ry*?
ro? + Qus? I (“"z—““H)/wsl2

= Rp* : — (51)
I+ Qus® [(wz_wl)/ws]‘

and thercfore

@y /_"0:_”1[
Ous = / . (52)
oy~ Y r2—1
If r, = \ ra, Eq. (52) reduces to
fsVro
Qus = (17)

f:'_f1 '

Choosing ry = \/—r; not only makes the calculation sim-
ple but provides good measurement accuracy because f,
and f, are reasonably well separated and are located in
regions of high slope on the impedance curve.

As shown above, the frequencies f, and f, where the

the measured voice-coil impedance magnitude is \/ﬁrT,RE
should satisfy the condition

V71f_: = fs.

For most real drivers this is not precisely so because the
fundamental driver parameters, particularly compliance
and mechanical resistance, vary slightly with frequency
or diaphragm excursion. Also, the voice-coil inductance,
if large, will skew the curve slightly. However, for most
well-designed drivers, the result computed from (53) is
within about 1 Hz of the measured value. Eq. (53) is
thus a useful check to catch measurement errors or to
identify drivers which cannot be represented accurately
by a set of constant-value parameters.

(53)

Driver Compliance

A simple unlined test enclosure at atmospheric pres-
sure has an acoustic compliance C,;, related to its net
internal volume ¥V, by [3, p. 129]

Car = Viy/poc®.

A driver having total acoustical mass M,y and com-
pliance C .4 has a self-resonance defined by

(54)

Tg? = 1/wg® = M,sCas. (12)

When this driver is mounted in the closed test box, a
new resonance will be measured which is given by

CABCAS

Ten* = 1jwen? = Myop ———
Cant Cuy

(55)
where M, is the new total moving mass resulting from

any change in the value of the diaphragm air load mass.
Then

Py— M Ciae
(J.):‘ AS I:l+ Ah]. (56)
wg~ M e Can
From Eq. (14),
Qrs = wgRpM (S,,2/ (B212). (57)
Similarly,
Ouor = werReM o812/ (B21?). (58)
Therefore,
MA.\‘ — w(‘TQl‘}S (59)
MA(‘T @y Qm r
and combining Eqgs. (56) and (59),
1+ CAS — w("l‘Ql‘}(‘T' (60)
Can w0y Qs
From Eqs. (15) and (54),
Cas Vas
= (61)
Can Ve
and therefore
VAS — “’(‘TQIG(”I‘ -1 (62)
VT wNQICS
or
JerQrer
Vas =Vyp ———1]. (19)
fsQus

The nitial driver measurements (f, .nd Q) may be
made with a baffle of any size or with no baffle. It is
advisable, however, especially with low-resonance driv-
ers, that the driver have its axis horizontal for both sets
of measurements to avoid excessive static diaphragm dis-
placement due to gravity.

Energy absorption in the test enclosure walls affects
only the measured value of Q. and thus has no effect
on the compliance calculation. However, absorbing mate-
rial placed inside the enclosure can affect the value of
Cp and should therefore not be used.

It is particularly important to avoid leaks in the test
enclosure because these can also change the effective
value of C,y and seriously reduce the accuracy of the
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measurement. The test enclosure must be constructed
carefully, and the driver under test must be checked for
a tight seal at the mounting gasket. Some drivers have a
built-in leakage path around the voice coil, others
through a porous edge-suspension material. Measure-
ments ore these drivers must be used with caution. To
test for leakage, apply an input signal of about 10 Hz at
moderate level and listen carefully all around the en-
closure and driver for “breathing” indicative of a leak.

Measurement Technique

Loudspeaker impedance measurements are commonly
taken with either constant-voltage [3, p. 503] or com-
stant-current [10, p. 13] drive. If the driver is perfectly
lincar or the measuring level is low enough, the two
methods should give the same result. The constant-volt-
age method has the advantage of more nearly duplicat-
ing the usual operating conditions of the driver.

Accurate measurement of small-signal parameters re-
quires a signal level that is small enough for all voitage
and current waveforms to be undistorted sinusoids. Use
an oscilloscope to observe waveforms and adjust the sig-
nal level accordingly. It is often necessary, particularly
with unloaded high-compliance drivers, to measure pa-
rameters at an input level of 0.1 watt or less.

Measure the driver voice-coil resistance accurately
with a dc bridge. A dummy resistance of the same value
can then be made up and used as a calibrating load on
the equipment for measuring impedance.

Do not trust the frequency scale of audio-sweep type
beat frequency oscillators. For maximum accuracy, take
frequency readings with a frequency or period counter
or from the scale of a stable, accurately calibrated sine-
wave generator.
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