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and large amounts of negative  feedback are used, almost  any 
transistor that meets  these constraints will be satisfactory. 
If higher p output transistors are used, there will  be a cor- 
responding decrease in THD due to the increase in  loop gain 

The pA739C dual monolithic operational amplifier  was 
used  because of its low cost, ease of compensation, 140-dB 
channel separation and large (4 10 V) output voltage capa- 
bility. If lower output power is desired or if higher B output 
transistors are used, an MC1303L can be a pin-for-pin alter- 
nate choice. The resistor in series  with the output of the 
monolithic amplifier  buffers the diode capacitance and  pro- 
vides a minimum load impedance when Ql or Q2 zeners. 

[see (311. 
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Abstract 

The  low-frequency  performance of direct-radiator  loudspeaker  systems 
can  be  accurately  specified  and is quantitatively  related to the  basic  pa- 
rameters  of  the  system  components.  These  systems  function at low fre- 
quencies 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  parameters, 
which are  simple to evaluate,  determine the  system  low-frequency re- 
sponse,  efficiency,  and  power  ratings. 

Glossary of Symbols 
B Magnetic flux density in driver air gap. 
c Velocity  of sound in air, = 345 m/s. 

CAB Acoustic compliance of air in enclosure. 
CAP Acoustic compliance of passive radiator suspension. 
CAS Acoustic compliance of driver suspension. 
C,WS Mechanical compliance of driver suspension, = CA~/SDZ. 

CMES Electrical capacitance due to driver mass, =MAsSD~/B~P.  
e, Open-circuit output voltage of source. 
f Natural frequency variable. 

fs Resonant frequency of driver. 

k, System displacement constant. 

fCT Resonant frequency of driver in closed test box. 

C(s) Response function. 
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I Length of  voice-coil conductor  in magnetic field. 
L ~ E S  Electrical inductance due to driver compliance, = CASB~P/SDZ. 

MACT Acoustic mass of driver in closed test box including air load. 
MAP Acoustic mass of port or passive radiator including air load. 
MAs Acoustic mass of driver diaphragm assembly including air 

MMS Mechanical mass of driver diaphragm assembly including air 
load. 

load, = MAsSD~. 
PA Acoustic output power. 

Pe Nominal electrical input power. 
PAR Displacement-limited acoustic power rating. 

P ~ R  Displacement-limited electrical power rating. 
P s ( ~ ~ ~ )  Thermally limited maximum input power. 

Q Ratio of reactance to resistance (series circuit) or resistance 

QE Q of driver at fs considering system electrical resistance (Ro 
to reactance (parallel circuit). 

+RE) only. 
QECT  Q of driver at f C T  considering electrical resistance RE only. 

QES Q of driver at f s  considering electrical resistance RE only. 
QM Q of driver at fs considering system nonelectrical resistances 

Q M ~ T  Q of driver at j& considering nonelectrical resistances only. 
QMS Q of driver at fs considering driver nonelectrical resistances 

only. 

only. 
QT Total Q of driver at fs including all system resistances. 

RAB Acoustic resistance of enclosure losses due to internal energy 

R A ~  Acoustic resistance of enclosure losses due to leakage. 
RAP Acoustic resistance of port or passive radiator losses. 
RAS Acoustic resistance of driver suspension losses. 
RAT Acoustic resistance of total driver losses. 

RES Electrical resistance due to driver suspension losses, =B2P/ 

absorption. 

RE Dc resistance of driver voice coil. 

SD~RAS. 
Rfl Output resistance of source or amplifier. 

RMS Mechanical resistance of driver suspension losses, = RAsSDZ. 
RAR Acoustic radiation resistance. 

s Complex frequency variable, =u+jw. 

T Time constant, = 1/2~J 
u Linear velocity. 
U Volume velocity. 

SD Effective surface area of driver diaphragm. 

VAS Volume of air having same acoustic compliance as driver sus- 
pension, = pOc2C~s. 

VD Peak displacement volume of driver diaphragm, = S D X ~ , ~ .  
x Linear displacement. 

xmaX Maximum allowable peak displacement of driver diaphragm. 
X($) Displacement function. 

Zvc(s) Voice-coil impedance function. 
q Efficiency. 

70 Reference efficiency. 
pa Density of air, = 1.18  kg/mS. 

Authorized licensed use limited to: Central Fed de educacao technologica de Bahia. Downloaded on May 14,2010 at 17:03:46 UTC from IEEE Xplore.  Restrictions apply. 



210 IEEE TRANSACTIONS ON AUDIO AND ELECTROACOUSTICS DECEMBER i971 

QP) Static displacement sensitivity of unenclosed driver expressed 
in meters per  watt]’”. 

w Radian freyuency variable, &tf. 

1. Introduction 

A. Loudspeakers 

It is quite possible that the vagueness  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  meaning. Despite conflicting at- 
tempts 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 adjective. For the sake of clarity, this 
paper  uses the common but  more specific terms below. 

A source is a device,  usually  an  electronic  power  amplifier, 
which  supplies  electrical  energy at a specified  voltage  or 
power  level. 

A loudspeaker driver is a transducer mechanism  which 
converts electrical  energy into mechanical and/or acoustical 
energy. The commonest  type of driver and  the one dealt 
with  in this paper  is the moving  coil  or  electrodynamic driver 
consisting of a voice  coil located in a permanently magne- 
tized air gap  and attached to a suspended diaphragm or 

A bufJEe 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 enclosure 
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  electrical  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 aper- 
tures 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  nondirec- 
tional. 

‘L cone.” 

B. Loudspeaker System Design 

Direct-radiator loudspeaker  systems  have  been  in  use for 
about half a century. During this time, much  knowledge of 
the behavioral properties of various types of direct-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 information for passive-radiator  systems 
cannot be found in  published 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 con- 
trast to this empirical  design  process  is the synthesis of many 
other engineering systems; this begins  with the desired  sys- 
tem performance specifications  and leads directly to speci- 
fication of the system  components. 

The latter approach requires the engineer to have  precise 
knowledge of the relationships between  system performance 
and  component specifications. The  method of analysis 
described  in this paper is a means of obtaining this knowl- 
edge  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. 

C. Loudspeaker System Sensitivity and Efficiency 

An ideal microphone converts sound pressure into voltage 
with equal sensitivity at all  frequencies. Recording and  re- 
producing systems are designed to process  signal  voltages 
representing sound pressure without distortion. To complete 
the  sound-reproduction process, an ideal  loudspeaker  system 
should convert voltage into sound pressure  with  equal  sensi- 
tivity 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  system 
may thus be  regarded as the design of a high-pass  filter 
[I], [2]. The principal difference  is that  the loudspeaker sys- 
tem  designer has very limited control over the “circuit” con- 
figuration; his  design  freedom is limited to obtaining the best 
possible  performance by manipulation of the system  com- 
ponent values. 

The frequency  response of an electrical  filter  is  normally 
described in terms of a dimensionless  voltage  or  power ratio. 
Because a loudspeaker system  is a transducer, its sensitivity 
versus frequency  response is the ratio of two  unlike quanti- 
ties, sound pressure and voltage.  However, the loudspeaker 
system  response  can  also  be  defined  in  terms of a dimension- 
less  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 dis- 
tance is proportional to the square root of the acoustic  power 
radiated by the system [3, p. 1891. The electrical  power  deliv- 
ered into a fixed  resistance by the source is proportional to 
the square of the source output voltage. Thus  the ratio of 
the actual system acoustic output  power to the electrical power 
delivered into  aJixed resistance by the same source represents 
exactly the square of the system  sensitivity ratio (i.e., the 
system  frequency  response)  except for a constant factor. If 
the fixed  resistance  is  chosen to fairly represent the input 
impedance of the loudspeaker  system, the value of the 
power ratio in the system passband is the nominal  electro- 
acoustic  conversion efficiency of the system. 

This method of defining loudspeaker efficiency i s  quite 
similar  in  principle to the power  available efficiency definition 
used  by  Beranek 63, p. 1901 in that  both reveal the exact 
frequency  response of the system. The principal advantage 
of the  method used  here  is that  the calculated passband 
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efficiency of the system  is independent of generator output 
resistance and realistically relates the acoustic power capa- 
bility of the system to  the electrical  power rating of its 
source. 

II. Small-Signal  Performance  Relationships 

A. Acoustic Output Power 

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

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. 931. The acoustic output 
is thus nondirectional and  is  equivalent to  that of a single 
simple source having a strength Uo equal to the vector  sum 
of the individual aperture volume  velocities,  i.e., 

uo = U D  f up 4- U L .  (1) 

P A  = [ uo /"An, (2)  

where PA is the acoustic output power and RAE is the resis- 
tive part of the radiation load on the system. 

Equation (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 aper- 
ture spacings to  become important. 

In a recent paper, Allison and Berkovitz  [5]  have demon- 
strated 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. 2161 is 

The acoustic power radiated by the system  is then 

RAR = ~ O W ~ , / ' ~ T C ,  (3) 

where po is the density of air; w is the radian frequency; and 
c is the velocity of sound in air. 

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

Because  mass cannot be  created or stored at the enclosure 
boundaries, and because the sound pressure  is  normally 
much  less than the atmospheric pressure, conservation of 
mass  requires that 

u o  = - UB, (4) 

where UB is the total volume  velocity entering the enclosure. 
Equation (4) holds even if the enclosure  is internally divided. 
If the enclosure contains several  cavities, then 

UB = U B I  U S 2  u B 3  d- ' * J ( 5 )  

Fig. 1. Generalized 
direct-radiator  loud- 
speaker system. 

Equations (l), (4),  and  (5) are general and  hold for any 
number of cavities and apertures and any interconnection 
of these.  They are vector equations which require that the 
relative phase of the various components be taken  into ac- 
count. 

Although (4)  is  very  simple, it is  of  key importance in the 
analysis of direct-radiator loudspeaker systems  using an 
enclosure. In combination with  (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  en- 
closures by Beranek [3, p. 2441, de Boer [l], and  others; 
it is  equally true for all direct-radiator system enclosures 
[4, eq. (72) El. 

B. Electrical Input Power 

The  nominal electrical input power to a loudspeaker sys- 
tem  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. (lo)]. Thus 

where PE is the  nominal electrical input power; eg is the 
open-circuit output voltage of the source; R, is the output 
resistance of the source; and RE is the  dc resistance of the 
driver  voice  coil. The value of RE is  typically about 80 per- 
cent of the rated driver  voice-coil  impedance. 

American  [6],  British [7], and  lnternational [8] standards 
make use  of variously  defined rating impedances  in calculat- 
ing the nominal  input power to a loudspeaker driver. Be- 
cause the calculated acoustic output power of the system 
depends  on RE and not on  the fictitious rating impedance, 
the definition  used  here  simplifies the expression for theo- 
retical system  efficiency  derived  below. This difference must 
be  remembered if the  computed piston-range reference 
efficiency  of a system  (Section V) is to be  compared with the 
efficiency measured  according to  the methods of one of the 
above standards. 

C. Efficiency 

From (2) and (6), the nominal power transfer ratio or 
efficiency r]  of a loudspeaker system  is 

where  each term  on the right-hand side of (5) represents the r]  = - PA = 1 U o  j2RAR (Rg + E d Z  . 
volume  velocity entering each individual cavity. PE  eg2RE (7) 
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Fig. 2. Acoustical analogous circuit 
of generalized  direct-radiator loud- 

speaker system. 

The evaluation of this efficiency  expression for a given  sys- 
tem  requires a knowledge of the relationship between Uo 
and e,. This relationship is found by  examining the acoustical 
circuit of the system. 

The development of acoustical circuits is  described in 
excellent detail by Olson [91 and by Beranek (3, ch. 31. Fig. 2 
is the acoustical analogous circuit (impedance  type) for the 
generalized  loudspeaker  system of Fig. 1 [4, Fig. 151. In 
Fig. 2 the symbols are defined as follows. 

Magnetic flux  density  in the driver air gap. 
Length of the voice-coil conductor in the  magnetic 
field  of the air gap. 
Effective projected surface area of the driver 
diaphragm. 
Acoustic  mass of the driver diaphragm assembly 
including  voice  coil and air load. 
Acoustic  compliance of the driver  suspension. 
Acoustic  resistance of the driver  suspension  losses. 
Acoustic  compliance of the air in the enclosure. 
Acoustic  resistance of the enclosure  losses due to 
internal energy absorption. 
Acoustic  resistance of the enclosure  losses due to 
leakage. 
Acoustic  mass of the port or  passive radiator in- 
cluding air load. 
Acoustic  compliance of the passive radiator sus- 
pension. 
Acoustic  resistance of the port or  passive radiator 
losses. 

Starting from  the circuit of Fig. 2, the acoustical analogous 
circuits of most common direct-radiator systems can be 
obtained by removing  or short-circuiting appropriate ele- 
ments. Note  that for the analogy  used in this circuit, voltages 
represent acoustic pressures and currents represent volume 
velocities. The  method of obtaining the system  efficiency 
expression from analysis of the system  acoustical circuit is 
illustrated following  for the simple  infinite-baffle  system. 

The acoustical analogous circuit of an infinite-baffle loud- 
speaker 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 repre- 
senting the interior of the enclosure to make the enclosure 
dissipation zero and  the enclosure  compliance  infinite. The 

Fig. 3. Acoustical analogous 
circuit of an infinite-baffle 

loudspeaker system. 

resulting circuit is shown in Fig. 3. A simplification has been 
made  in this circuit by combining the remaining series 
resistances to form the total acoustic resistance 

From circuit  analysis of Fig. 3, 

where 

and s is the complex  frequency  variable. 
For steady-state excitation, s=jw and (5) and (9) may be 

combined  with (7) to yield the infinite-baffle  efficiency 
expression 

where G( j w )  is G(s) from (10) with s=jw. Note  that G ( j w )  
contains all the frequency-dependent terms of (1 1); the 
remainder of the expression contains only  physical,  numeri- 
cal, and driver constants. 

The last part of (1 l), 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 normalized  sensitivity 
or sound pressure  frequency  response, is thus simply I G( j w )  I ; it can  be seen from (IO) 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 (9) and (1 1); only the function G(s) is  different 
for each  system. 

G(s), the system response function, contains complete in- 
formation  about  the  amplitude  and  phase cersus frequency 
responses and  the transient response of the system. G(s) is 
always a high-pass  filter function with a value of unity in the 
passband.  Thus  the constant part of (1 1) is the system  pass- 
band efficiency. 
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D. 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 imped- 
ance to affect the analysis are neglected. One of these  ele- 
ments is the radiation resistance. Although this resistance is 
responsible for the radiated power and is therefore included 
in (2), it is in fact quite small compared to  the other im- 
pedances  in the acoustical circuit l2, p. 4893. This is fortunate 
for purposes of analysis  because the radiation resistance is 
not constant but varies  with  frequency squared. Also  ne- 
glected  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  frequency, it may  vary, in the case 
of the driver,  with mounting location or mounting condi- 
tions. This must  be remembered  when  dealing  with the actual 
system and measuring its parameters. 

111. Small-Signal  Parameters 

The response function and other describing equations of 
a loudspeaker system  generally contain driver, enclosure, and 
source parameters. Knowledge of these relationships 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 sys- 
tem parameters lies  in the system  electrical equivalent circuit. 
This is the  dual of the system acoustical analogous circuit 
and may  be  derived from it; its formation is  well  explained in 
[9]  and [3, ch. 31. Once the circuit is determined, straight- 
forward circuit analysis  yields the relationship between the 
impedance measured at the voice-coil terminals of the actual 
system and  the physical components which constitute the 
system. It is thus possible to determine  the system param- 
eters from  measurement of the voice-coil circuit impedance. 

E---m CMES LCES RES 

_ - -  

Fig. 4. Electrical equivalent circuit o f  
a moving-coil  electrodynamic  driver. 

describe the driver in terms of the four basic parameters used 
by Thiele [2] which are related to those above but are easier 
to measure  and to work  with.  These are the following. 

1) fs: The resonant frequency of the moving  system  of the 
driver,  defined  by (12) and usually  specified for the driver in 
air with no baffle (fSA) or on a specified  baffle ( fSB), 

2) VAS: The acoustic compliance of the driver, expressed 
as an equivalent  volume of air according to (1 5).  

3) QMS: The  ratio of driver  electrical equivalent frictional 
resistance to reflected motional reactance at fS, defined by 

4) QES: The  ratio of voice-coil dc resistance to reflected 
motional reactance at fS, defined by (14). 

The  parameters QMS and QES correspond to Thiele's Qa 
and Qe. 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 QM and  QE--cor- 
responding to Thiele's Qa and Qe (total)--defined at  the end 
of this section. 

1) 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: CMES is an electrical 
capacitance due to  the driver mass, = M A s S ~ ~ / B ~ P ;  LCES is 
an electrical inductance due to the driver compliance, 
= CA,YB~P/SD~; and RES is an electrical resistance due  to  the 
driver suspension  losses, = B'P/SD~RAS. 

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

In Fig. 4, the driver reactances form a resonant circuit 
which has a resonant frequency ws = 27 f,, or a characteristic 
time constant TS, given  by 

(13). 

T,g2 = 1/ws2 = CMSSLCES GASMAS.  (12) 
A. Driver Parameters 

The  fundamental driver parameters which control system 
small-signal performance  are RE, (BO, SO, C M S ,  M,wS, and 
RMS, where CMS is the mechanical  compliance of the driver 
suspension, = CAS/SD2; M,vs is the mechanical mass of the 
driver diaphragm assembly  including  voice coil and air 
load, = MASSD~; and RlwS is the mechanical  resistance of the 
driver suspension  losses, = RAsSD~. 

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 

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

Q M S  = WSCMESRES = ~/(wsCASRAS) .  (13) 

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

QES = OSCMESRE = LOSREMASSD~/(B~L~) .  (14) 

The  parameter V A ~  is a volume of air having the same 
acoustic compliance as the driver suspension. Thus [3, 
p. 1291 

V A S  = POc2CAS. (15) 

2) Driver  Voice-Coil  Impedance  Function: The  impedance 
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Fig. 5. Driver  voice-coil  impedance  mag- 

nitude. 

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

The steady-state magnitude I Zvc(jw)1 of (16) is plotted in 
Fig. 5 ; this has  the form of a resonance  curve  which  is dis- 
placed upwards by an  amount RE. 

3) Measurement o f  Driver Parameters [2, p .  5031: 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 
resonant frequency f s  is  easily  located  where the measured 
impedance is a maximum.  If the ratio of the maximum  voice- 
coil impedance to the dc resistance RE is  defined as yo, and 
the  two frequencies f < f s  and f > f s  are found where the 
impedance magnitude is d\/YORE, then as shown in the 
Appendix, 

and 

To obtain the value of VnS, 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 aper- 
ture.  The  above driver parameters are then remeasured and 
values obtained for the new resonant frequency fCr and the 
electrical Q,  QECT. Then, as shown  in the Appendix, 

where Vr is the net internal volume of the test box. 

5. Source Parameters 

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

The frequency  response of a  good  audio amplifier  is 
usually  wider  and flatter than  that of the  loudspeaker system, 

and  thus  the frequency-response function obtained 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 RE and therefore affects the sys- 
tem  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 RE. This condition is  usually  assumed  in 
the design of general-purpose loudspeaker 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 adjusting R, 
to provide the desired total Q. Using suitable feedback tech- 
niques, R, may  be made positive,  zero,  or  negative. 

1) Measurement of Amplifier Source Resi.rtance: The value 
of R, may  be found by driving the amplifier  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 eo, the loaded output voltage  is EL,  and the load 
resistance  is RL, then 

eo - e L  

e L  
12, = I ~ L  __- . (20) 

If there is no measurable  difference  between eo and eL, R, 
may  be  considered zero as far as its effect  on total Q is 
concerned. Accurate  measurement is not required  in this 
case, as it  is the total resistance (&+RE) 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 the system Q at low frequencies, the 
value  measured at 50 Hz is more meaningful. 

C. 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 enclosure  com- 
ponents. 

The  most  important property of the enclosure  is its physi- 
cal volume VB which  determines the compliance CAB. If the 
component  MA^ is  present  in the system,  with  or without 
CAE,  the enclosure  will  exhibit a resonant frequency f s  (or 
time constant TB). If CAP is present, an additional resonant 
frequency fp (or time constant Tp) is introduced. The en- 
closure or aperture losses  may  be accounted for by  defining 
Q’s for the various branches at specified  frequencies ( f n  
or fp). 

1) Measurement of Enclosure Parameters: In general, the 
change  in the driver voice-coil  impedance that occurs  when 
the driver is  placed  in the enclosure permits identification of 
the enclosure parameters. Because the relationships are 
different for every type of enclosure,  they are not presented 
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here but will be included  in later papers describing  each 
type of system. 

D. Composite System Parameters 

In  the analysis of direct-radiator loudspeaker systems,  cer- 
tain  combinations of the  component  parameters occur nat- 
urally-and  consistently-in the system  describing functions. 
One of these  is the ratio of driver compliance to enclosure 
compliance, CAS/CAB. This parameter, the system compliaace 
ratio, is of fundamental  importance to direct-radiator 
systems  using an enclosure. It appears in the analyses pub- 
lished by Beranek [3, ch. 81 and Thiele  [2], and in the 
equivalent stiffness ratio  form SB/SS used  by Novak [IO]. 
The  importance of this parameter to system performance 
justifies  giving it a simplified symbol; in later papers  the 
symbol a! introduced by  Benson [4, eq. (91)]  will  be  used. 

In tuned-enclosure systems, the frequency ratio fB/ fs 
occurs naturally in the analysis. This is the system tuning 
ratio; Novak [IO] has given  it the symbol h. 

In every type of system, the driver parameter QES is 
altered by the presence of the source parameter Ro to form a 
system parameter 

Fig. 6. Simplified acoustical 
analogous  circuit  corresponding 
to Fig. 2. 

1 
ZAS(S)  = RAT + S M A S  + __ * (24) 

sCRS 

Z A B ,  the impedance of the branch representing the en- 
closure interior, is normally  given  by 

1 
Z A R ( S )  = RAD + __ . ( 2 3  

SCAB 

ZAA is the impedance of all the enclosure apertures (except 
that for the driver) which contribute to  the  total  output 
volume  velocity. Note  that UA in  Fig. 6 is equal to the sum 
of UL and UP in Fig. 2. ZAA is  determined  by the specific en- 
closure  design. 

The response function is then in all  cases 

The effective  value of (&+RE) includes  any  significant G ( ~ )  =S1vAs - (26) resistance present in  connecting leads and crossover in- 
ductors. 

Similarly, the driver parameter QMS is  modified  if the B. Simplifying the Response  Function 
system acoustical analogous circuit has an acoustic  resis- 
tance due to the enclosure  in  series  with RAS. The new  system 
parameter Qnf is  usually found by measurement. 

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

QEQM 

&E + Q M  
QT = 

IV. Frequency  Response 

A. The  Response  Function 

The response function G(s) of a loudspeaker system  may 
be obtained from  the complete efficiency expression as illus- 
trated in  Section  I1 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. 

pg ,  the acoustic driving  pressure, is given by 

ZAs, the  impedance of the driver branch, is  normally  given 
bY 

The response function obtained from the system acoustical 
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 combina- 
tions of the acoustical masses,  compliances, 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. Be- 
cause the coefficients must have dimensions of time only, 
it is always  possible to redefine  them in terms of  system time 
constants (or resonant frequencies) together with such 
dimensionless quantities as Q’s, 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 response 
function G(s) is  given  by (IO). This expression  is  simplified 
by substituting 

Ts2 = CASMAS (12) 

and 

QT = ~/(wsCASRAT), (27) 

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

C. Using the  Response  Function 

Once the system  response function is  known, the response 
of  any  specific  system  design can be  caIculated if the system 
parameters are known  or can be  measured so that the cor- 
responding 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  coefficient 
values  (i.e., parameter values) produce  the  most desirable 
response characteristics. This sounds like a formidable and 
time-consuming task suitable for computer application, but 
fortunately the response shapes of greatest interest to the 
loudspeaker system  designer, e.g., those providing  flat 
response  in the  passband, have  already  been  studied  exten- 
sively  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 amplitude re- 
sponse  over a maximum bandwidth,  but there may  be  cases 
where the designer requires an optimized transient response 
or delay characteristic. Whatever criterion is used, it is 
translated into a set of optimum  polynomial 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 adjustment 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  (28). The general form of this 
class of response function as used  by  filter  designers  is 

where To is the  nominal filter  time constant and al is a damp- 
ing, or shape, coefficient. 

The  behavior of (29) is  well  known and  thus reveals the 
behavior of the infinite-baffle  system  when Ts= To and 
QT= 1,’~~. Using standard curves for (29), the steady-state 
magnitude 1 G(jw)l of (28) is plotted in  Fig. 7 for several 
values of QT. The curve for QT= 0.50 corresponds to the 
condition for critical damping of the resonant circuit. The 
curve for Q~=0.71 is a maximally  flat (Butterworth) align- 
ment which has no amplitude peaking. The curves for 
QT = 1 .O, I .4, and 2.0  have amplitude peaks of approximately 
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Fig. 7. Normalized  frequency  re- 
sponse of on  infinite-baffle loud- 
speaker system. 

1 dB, 34 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 param- 
eters accordingly; he can also see at a glance the effects of 
parameter tolerances. 

V. Reference Efficiency 

The first part of the efficiency  expression for a loudspeaker 
system, (1 l), contains only  physical constants and driver 
parameters, while the last part, the system  response 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 efficiency  of the system.  This 
reference  efficiency,  designated v0, is  given  by 

In terms of the fundamental driver parameters, this is 

po B212 So2 

~ T C  RE M , w , g 2  
170 = _ . - - . ~  * (31) 

It must be  remembered that MAS and MMs include  relevant 
air-load masses and any deliberate mass  loading  imposed by 
the enclosure. 

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

The reference efficiency  of the system can  thus be  calculated 
from  the basic  driver parameters discussed  in  Section 111. 
This result is surprising at first,  because  these parameters 
can be  determined from simple  electrical  measurements. 
This means that the system piston-range electroacoustic 
efficiency can be found  without any direct mechanical, 
magnetic, or acoustical measurements. 

Note  that (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 4~ sr free  field,  while  (32)  assumes the 
radiation load of a 2n sr free  field. The latter is  used  here 
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because it is more nearly representative of the radiation load 
presented to a loudspeaker system  by a typical listening room 
[51. 

The physical constants in (32) have a value of 9.6X 
in the  International System, and this value  may be used to 
compute efficiency  if fs is expressed in hertz and V A S  is 
expressed in cubic meters.  However, the value of VAS for 
most drivers is more conveniently  expressed in liters (one 
liter= l e 3  m3). Thus for Vas in liters, 

Alternatively, if VAS is  expressed  in cubic feet, 

(34) 

The calculated  value of efficiency  may be converted into 
decibels  (10 loglo ?lo) or percent (100 v0). The reference effi- 
ciency of direct-radiator systems  is quite low,  typically of the 
order of 1 percent. 

The resonant frequency of a loudspeaker driver is  usually 
measured  with the driver mounted on a standard test baffle 
having an  area of a few square meters [7, sect. 3b], [8, sect. 
4.4.11. Alternatively,  some manufacturers 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 resonant frequency, Q, and  reference 
efficiency for an air-load mass equivalent to  that of an en- 
closure; this condition is most nearly approached by a finite 
“standard” 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  efficiency can still 
be found  from (32) if the values of fs and QES are measured 
under mass-loaded conditions. The efficiency reduction will 
be proportional to  the square of the mass  increase, as shown 
by  (30). 

VI. Large-Signal  Performance 

A. Power  Ratings and Large-Signal Parameters 

Loudspeaker standards such as [6], [7], and [8] provide 
only a general guide for the establishment of loudspeaker 
(driver) 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 high  frequencies,  where little diaphragm displacement  is 
required of the driver, the power handling 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 
drioer, regardless of the system  design. This input power 
rating is  designated PE(max). 

At low  frequencies, much  more  diaphragm displacement 
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 displace- 
ment-limited input power rating is  often  less than PE(max). 
Because diaphragm displacement  is a function of enclosure 
design, the displacement-limited  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  set 
according to any of a number of criteria. Among these are: 
1) prevention of suspension damage; 2) limitation of fre- 
quency-modulation distortion [ 1 11 ; 3) limitation of non- 
linear (harmonic  and  amplitude-modulation) distortion 

For  the  purposes of this paper, it is  assumed that a peak 
displacement  limit can be established; this limit is designated 

The  fundamental large-signal parameter of a driver at low 

P21. 

Xmax. 

frequencies  is then 

V D  SD&mas. (35)  

This parameter, the diaphragm peak displacement volume, is 
the volume of air displaced  by the driver diaphragm in mov- 
ing from rest to its peak  displacement  limit. It describes the 
volume  displacement limitation and therefore the volume 
velocity versus frequency limitation of the driver. The practi- 
cal usefulness  of this parameter is illustrated in Section VII. 

Thus, in addition to the driver small-signal parameters dis- 
cussed earlier, the system  designer must  know (or specify) 
the large-signal parameters PEcmax) and VD. 

B. Diaphragm Displacement 

The small-signal diaphragm displacement of a loudspeaker 
system driver is  determined from the system acoustical 
analogous circuit. The circuit is  first  analyzed to obtain the 
diaphragm volume  velocity UD; division  by Su then gives 
the  diaphragm velocity uu, and a further division by s (i.e., 
integration) yields the diaphragm displacement xD. The 
diaphragm displacement  expression  is  always of the  form 

X D  = P E ’ i 2 ~ z ( P ) k z X ( s ) 7  (36) 

where PE is the  nominal  input power  defined by (6); u,(~) is 
the static (dc)  displacement  sensitivity of the unenclosed 
driver, expressed in meters  per wattllz and given  by 

C,vS2B212 ‘ 1 2  V A S  

ax(p) = [ RE 1 = [27rpOcY~QE~S~2 ]’!”; (37) 

k, is a system  displacement constant of unity or less, and 
X(s) is a 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  displacement 
constant k, and the displacement function X(s) is evaluated 
by either of two methods. In  the first method,  the displace- 
ment expression (36) is established as described above  and 
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Fig. 8. Normalized  diaphragm dis- 
placement of a driver mounted on an 
infinite baffle. 

divided by  using  (6) and (37). In the second method, 
the acoustical analogous circuit is analyzed for the ad- 
mittance seen  by the generator and this quantity is  divided 
by SCAS; referring to Fig. 6, this means that  in all  cases 

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

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

I 
X(s) = ~- -- . 

s'TS2 + sl'S/&T f 1 
(39) 

The steady-state magnitude I X(ju)j 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. 

VII. Displacement-Limited Power Ratings 

A. Electrical  Power  Rating 

A useful  indication of the displacement-limited  electrical 
input power  capacity of a loudspeaker  system  is obtained by 
assuming  linear diaphragm displacement for large input 
signals and limiting the peak value of X D  in  (36) to x,,,. 
Thus 

where PER is the displacement-limited  electrical input power 
rating in rms W and I X( jw) I Inax is the maximum  magnitude 
attained by the system  displacement function, i.e., its value 
at  the frequency of maximum diaphragm displacement. 

Substituting  (35) and (37) into (40), 

B. Acoustic  Power  Rating 

The displacement-limited  electrical  power rating of a 
loudspeaker  system  places a limitation on the 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  acoustic  power that will be radiated 
in  the flat  (upper)  region of the system  passband. Thus, using 
(32) and (41), the displacement-limited rms acoustic  power 
rating PAR of the loudspeaker  system  is 

4 d P O  f S 4 V D '  
P A , $  = .--- - ~ -  . (42) 

c 1CZ3 1 X($) l m a 2  
This rating may  easily  be  converted into a sound pressure 
level rating for standardized radiation and measurement 
conditions, e.g., [8, sect. 3.161. 

C. 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, = 1 in  (42). 
Thus 

4 T 3 po j S 4 V D '  
p* il !In ~ . . (43) 

c X(+) l l j t :L,z  

For a given  value of VD, the acoustic  power rating is a strong 
function of the driver resonant frequency. It is  also  sensitive 
to QT through I X(jw) 1 maX (see Fig. S), but is  maximized for 

As an example,  consider an infinite-baffle  system  having 
a resonant frequency of 50 Hz and a second-order  Butter- 
worth response. If the driver  is a 12-in unit (effective radius 
0.12 m) capable of -t 4 mm peak displacement,  then 
VD = 0.18 1, and  the acoustic  power rating is PAR = 0.086 W. 
This is  equivalent to a sound  pressure  level rating of 101.5 
dB  at a distance of 1 m  [3, p. 141. 

Setting k, equal to unity  in  (41), the displacement-limited 
electrical  power rating of the infinite-baffle  system  is 

QT50.71. 

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 g, the driver  compliance, from (12), must be 
VAS = 0.1 m3 or  100 1. Ignoring  mechanical  losses and taking 
QSs= QT=0.71, the electrical  power  rating from (44) is then 
PEz=5 W. Comparing PAR with PER, or using  (33), the 
reference  efficiency  of the driver  is vo  = 1.7  percent. 

Note  that  the same ratings would also apply to  an infinite- 
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baffle  system  using an &-in driver (effective radius 0.08  m) 
capable of k 9 mm peak  displacement (so that VD = 0.18 1) 
and  having the same resonant frequency, acoustic com- 
pliance, and Q. 

D. Assumptions and Corrections 

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

For example, the infinite-baffle  system  described  above 
reaches  maximum  displacement  only at very  low frequencies. 
This system might typically  be driven by an amplifier  with a 
low-frequency  power bandwidth (-3 dB) of 30 Hz. If the 
plot of 1 X(jw)/  (with constant voltage  drive) for QT= 0.71 
in Fig. 8 is multiplied  by the normalized  power output curve 
of this amplifier, the resulting  maximum  value of 1 X(&) 1 
falls from unity to  about 0.7. A  more realistic  set of power 
ratings for this loudspeaker system  would thus be PER = 10 W 
and P ~ ~ = 0 . 1 7  W. 

Similarly, if xmax is  defined at a displacement  beyond the 
linear range of the driver, then the actual input power  re- 
quired to reach this peak  displacement  will  be  higher than 
the calculated  value. A correction factor can easily  be com- 
puted  from  the actual displacement uersus input character- 
istic of the driver. 

VIII. Conclusion 

The low-frequency  response,  efficiency,  and  power ratings 
of a direct-radiator loudspeaker system are determined by 
the  parameters of the system components. These relation- 
ships are reciprocal; specification of the system performance 
places  definite requirements on the component parameters. 
The  most  important system component 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 Sn does  not  appear explicitly  in 
the small-signal  response,  small-signal  efficiency,  or  displace- 
ment-limited  power ratings of a loudspeaker system. This 
means that it is theoretically  possible to design drivers of 
different diameter with  identical  values of the pararnetersfS, 
QTS, VAS, and VD.  Used  in identical enclosures,  these drivers 
would  give identical small-signal performance  and displace- 
ment-limited  power  capacity. The only  difference is that  the 
larger driver will require less diaphragm displacement and 
will thus  produce less modulation distortion [I 11, [12]. 

Although  the electrodynamic moving-coil driver has been 
manufactured  throughout the world for decades, hardly a 
single manufacturer provides complete low-frequency pa- 
rameter information with  his  products-or has ever  been 
asked to  do so. In  the future, trial-and-error design of loud- 
speaker systems  using  available drivers will  increasingly  be 

replaced by  system  synthesis  based on final performance 
specifications and resulting in specific driver parameter 
requirements. Driver manufacturers  must be  ready to meet 
demands of this kind and to provide  complete  parameter 
information with their products. 

The  parameters used to describe driver behavior in this 
paper are not  the only consistent set that could  be adopted. 
However,  they do have the advantage of being  easy to mea- 
sure 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 

A. Driver Q ’ s  

From (13) and (14), 

QMSIQES = RES/RE. (45) 

The ratio of voice-coil  maximum impedance to dc resistance, 
from Fig. 5, is therefore 

from which 

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

QMSQES Q M S  
QTS - - - ---. (47) 

Q M S  + Q E S  ro 

Equation (I  6) now  becomes 

and 

At any two  frequencies w1 < w 2  such that wlwz = us2, it can be 
shown  using  (49) that the impedance magnitudes will be 
equal. Let this magnitude be  defined  by 

Then 
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and therefore Therefore 

If r1 = 46, (52) reduces to 

Choosing rl= d6 not only makes the calculation  simple but 
provides good measurement  accuracy  because fl and f2 
are reasonably  well  separated and are located in regions of 
high  slope on the impedance  curve. 

As  shown  above, the frequencies fl and f2 where the 
measured  voice-coil  impedance magnitude is &,RE should 
satisfy the condition 

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. Equation (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. 

B. Driver Compliance 

A simple  unlined  test  enclosure at atmospheric pressure 
has an acoustic  compliance CAE related to its net internal 
volume VT by [3, p. 1291 

C A B  = VT'/p0c2. (54) 

A driver  having total acoustical  mass MAS and compli- 
ance C ' A ~  has a self-resonance  defined  by 

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

and combining (56) and (59), 

or 

The initial  driver  measurements (fs and QEs) may be 
made with a baffle  of  any  size or with no baffle. It is  advis- 
able,  however,  especially  with  low-resonance  drivers, that 
the driver  have its axis horizontal for both sets of measure- 
ments to avoid  excessive static diaphragm displacement due 
to gravity. 

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

It is particularly important to avoid  leaks  in the test  en- 
closure  because  these can also  change the effective  value of 
CAB  and seriously  reduce the accuracy of the 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-sus- 
pension material. Measurements  on  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 enclosure and driver  for  "breathing"  indicative 
of a leak. 

C. Measurement Technique 

Loudspeaker  impedance  measurements are commonly 
taken with  either  constant-voltage [3, p. 5031 or constant- 
current [lo, p. 131 drive.  If the driver  is  perfectly  linear or 
the measuring  level  is  low  enough, the two methods should 
give the same result. The constant-voltage method has  the 
advantage of most nearly  duplicating the usual operating 
conditions of the driver. 

Accurate  measurement of small-signal parameters re- 
quires a signal  level that is  small enough for all  voltage and 
current waveforms to be undistorted  sinusoids. Use an 
oscilloscope to observe  waveforms and adjust the signal 
level  accordingly. It is  often  necessary, particularly with un- 
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loaded high-compliance  drivers, to measure parameters at 
an input level of 0.1 W 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 fre- 
quency  readings  with a frequency or period counter or from 
the scale of a stable, accurately calibrated sine-wave  genera- 
tor. 
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Abstract 

A description is given  of an unusual pattern recognition  technique which 
has been  used in  an experimental speech  recognition  system. Preliminary 
results obtained  using this technique are reported. 

The speech analyzer produces a multichannel ternary signal a t  its out- 
put, which is the short term digital autocorrelation function of the input 
signal. This output is sampled at  regular intervals and this sampled 
information is transferred to a computer. 
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A new pattern recognition  technique is proposed that avoids the ex- 
haustive  comparison  process associated with pattern matching. The tech- 
nique is similar to a tree-structured process in that decisions are taken 
that exclude certain master patterns from further processing as  it be- 
comes apparent that these are sufficiently  dissimilar to the unknown 
pattern. However, retracing within the structure and the substitution of 
an alternative path are permitted if the current path appears unlikely 
to lead to a correct decision. 

Some preliminary results obtained  using this technique are described. 
These show that a performance  very similar to that obtained from the 
exhaustive comparison  process is attainable with a significant  saving in 
computational effort. The effect of varying certain parameters within the 
recognition  process is also considered  and  some  preliminary optimization 
of parameter values is reported. 

introduction 

That  automatic speech  recognition has been attempted by 
so many  people  is  itself a clue to the  fact  that there is a grow- 
ing requirement for the existence of a machine that can com- 
prehend, even  if  only to a limited  extent, normal  human 
speech. With the increasing number of computers in  use for 
scientific,  commercial, and industrial purposes, there is a 

Authorized licensed use limited to: Central Fed de educacao technologica de Bahia. Downloaded on May 14,2010 at 17:03:46 UTC from IEEE Xplore.  Restrictions apply. 


