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[57] ABSTRACT 
A novel method for the measurement of the Thiele­
Small small-signal parameters of a moving-coil electro­
magnetic transducer driver is disclosed. The technique 
is based on a time domain analysis of the transient re­
sponse of a loudspeaker voice coil circuit to a current 
step of excitation. By sampling the damped sinusoidal 
transient generated by such an excitation, the loud­
speaker parameters can be calculated from a linear pre­
dictive analysis of the recorded data. 

9 Claims, 5 Drawing Figures 
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TIME DOMAN MEASUREMENT OF MOVING 
COIL LOUDSPEAKER DRIVER PARAMETERS 

BACKGROUND OF THE INVENTION 5 

1. Field of the Invention 
The present invention relates .in general to a novel 

method for the measurement of the Thiele-Small small 
signal parameters of a ·moving-coil electromagnetic 10 
transducer. The measurement method is based on a time 
domain analysis of the transient response of the loud­
speaker voice coil circuit to a current step of excitation. 
The damped sinusoidal transient generated by such an 
excitation is sampled and recorded. The loudspeaker 15 
parameters are then calculated from a linear predictive 
analysis of the recorded data. 

2. Description of the Prior Art 
Fundamental to the successful low frequency design 

of any loudspeaker system which employs a moving- 20 
coil electromagnetic transducer is· a knowledge of its 
Thiele-Small small-signal electroacoustic parameters. 
In multiway systems, such as two-way and three-way 
loudspeakers, the low frequency response of the upper 
frequency drivers (e.g., the mid-range and ·tweeter 25 
units) is not as important a design consideration as that 
of the woofer. This is because the upper frequency 
drivers are always crossed over to a lower frequency 
driver. In the case of the woofer, however, its perfor­
mance determines the ultimate low· frequency response 30 
of the system. Therefore, . it demands a more· careful 
electroacoustic design. 

The system enclosure or box interacts with · the 
woofer to play an important role in the low frequency 
performance of the system. The proper design of the 35 

enclosure for a given driver requires a knowledge of the 
driver small~signal parameters. With these parameters, 
the enclosure parameters such as volume, vent tuning 
frequency in the, case of a vented box system, passive 

40 radiator design in the case of passive radiator system, 
etc., can be determined in such a way that the low 
frequency system response can be accurately controlled 
for optimum performance. The driver small-signal pa­
rameters which must be known are the free-air fre- 45 
quency of resonance, the electrical quality factor, the 
mechanical quality factor, and the equivalent volume of 
air which when compressed has the same mechanical 
spring constant as the driver suspension. 

Conventional techniques for the measurement of the 50 
small~signal parameters of a .driver art<. based on sinusoi­
dal steady-state measurements. The equipment required 
to make thes.e measurements includes an impedance 
bridge, oscillator, frequency counter, voltmeter, and 
oscilloscope. Measurements are made at three different 55 
frequencies, both in free air and with the driver 
mounted on a sealed box with a known volume. The 
parameters are calculated from the data obtained. Be­
cause the calculations can involve differences between 
frequencies that are. closely spaced, discrepancies can 60 
result. In addition, the accuracy of the measurements 
can be perturbed by the voice-coil inductance which is 
neglected in the theory but is present in the measure­
ments. There are accurate sinµsoidal techniques which 
can be used to circumvent the effects of the voice-coil 65 
inductance that use series-parallel coupled coils in the 
voice-coil circuit and AC bridge techniques. These tests 
using advanced methods are difficult and time consum-

2 
ing and as a result are very costly to perform. Addition­
ally, these advanced methods are difficult to automate. 

SUMMARY OF THE INVENTION 

Accordingly, one object of this invention is to pro­
vide a novel technique for the measurement of loud­
speaker driver small-signal parameters which is based 
on the transient response of the driver mechanical sys­
tem. A current step excitation is used to induce a tran­
sient mechanical displacement in the voice-coil posi­
tion. A digital data acquisition system is then used to 
record the voltage induced in the voice-coil circuit. 
From the data obtained, three of the four small signal 
parameters can be calculated. By repeating the proce­
dure a second time with the driver mounted on a sealed 
box with a known volume, the fourth parameter can be 
calculated. Because many sampled data points from the 
transient waveforms enter into the calculations, the 
statistical uncertainty of the calculated parameters is 
low. Because the voice-coil excitation is a current step, 
the parameters are obtained independently of the voice­
coil inductance. The calculations have been experimen­
tally implemented on a digital computer using the linear 
predictive analysis techniques of digital signal process-
ing theory. · 

The method of the present invention is simple and can 
be implemented with a microprocessor configuration. 
The extremely short time, compared to conventional 
techniques, that is required to make a measurement on a 
given driver make the technique adaptable to assembly 
line testing. In such cases, the mechanical moving mass 
of the driver is normally accurately controlled so that 
the need to make the second measurement can be elimi­
nated. Thus it is conceptually possible to document the 
parameters of each driver on an assembly line by mak­
ing a single rapid measurement using the technique of 
the present invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

A more complete appreciation of the invention and 
many of the attendant advantages thereof will be 
readily obtained as the same becomes better understood 
by reference to the following detailed description when 
considered in connection with the accompanying draw­
ings,· wherein: 

FIG. 1 illustrates an electro-mechano-acoustical cir­
cuit for a moving-coil loudspeaker driver according to 
the present invention; · 

FIG. 2 illustrates an electrical equivalent circuit 
model of the circuit shown in FIG. 1;· 

FIG. 3 illustrates the interconnection of the circuit of 
FIG. 2 with a digital data acquisition circuit according 
to the present invention; 

FIG. 4 illustrates typical measured voltage data ob­
tained using the system of FIG. 3; and 

FIG. 5 illustrates a comparison of the measured data 
in interval D of FIG. 4 with a sequence of samples 
calculated according to the present invention. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

LOUDSPEAKER DRIVER EQUIVALENT 
CIRCUIT 

The basic electro-mechano-acoustical circuit of a 
moving coil loudspeaker driver is known in the art. 
These prior art circuit models, however, use mobility 
type circuits in the mechanical and acoustical parts of 
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the model. Because most analyses on the circuits are 
performed after a dual or impedance type of circuit has 
been formed, it is convenient to revise the model so that· 
only impedance type circuits are used. This is possible if 
a gyrator model of the driver voice coil and magnet is 5 
used rather than the conventional ideal transformer. 
FIG. 1 illustrates such a circuit model. The circuit is 
divided into three parts: electrical, mechanical, and 
acoustical. .The electrical part shows the driver con­
nected to a generator with open circuit voltage Vg, 10 
output impedance Rg, and output current ig. RE and LE 
are the voice-coil resistance and inductance, respec­
tively. A gyrator G with impedance Bl couples the 
electrical circuit. to the mechanical circuit, where B is 
the magnetic flux density in the air gap and I is the 15 
length of voice co.ii wire that cuts this uniform magnetic 
field. 

sity of air and c is the velocity of sound in air. A fqurth 
driver parameter is often definecl. This'is the total qual-
ity factor which is given by: · · 

Qrs=QE:sQMs)QEs+QMs (8) 

TIME DOMAIN RESPONSE OF THE 
ELECTRICAL CIRCUIT TO A CURRENT STEP 

In FIG .. 2, the signal source has been. replaced by a 
DC source. of voltage V gin series with a known resistor 
of value Rg. A switch S 1 is connected between the 
source and the loudspeaker voice coil. The transient 
voltage signal generated in the voice coil when this 
swjtch is opened is the signal from which the loud-
speaker parameters are calculated. -

The first step in the measurement technique of the 
present invention is the \:letermination of the DC voice 
coil resistance RE. After the switch S1 is closed and all 
transients have decayed to zero, the DC source current 
that will flow in the voice coil is given by: · 

(9) 

· . In the mechanical part of the circuit, force is equiva­
lent to voltage and velocity is equivalent to current. 
The force fn is the. force generated on the voice coil by 20 
the current ig and the velocity un is the velocity with 
which the voice coil moves. The elements MMs. RMs. 
and CMs are the total mechanical mass, resistance, and 
compliance, 'respectively, that' are associated with the 
driver voice coil, cone, and suspension. The mechanical 
circuit is connected to the acoustical circuit by an ideal 
transformer T with a turns ratio of Sn: 1, where SD is the 
effective piston area of the driver 'diaphram. In the 
acoustical part of the circuit, pressure is equivalent to 
voltage and volume velocity is equivalent to current. 30 
The pressure PD is the acoustic pressure at the driver 
cone and the volume velocity Ui:>is the volume velocity 
emitted. The impedance ZAL is the series combination 

25 where V vc is the DC voltage across the voice coil. This 
equatfon can be resolved for RE to obtain: 

of the acoustical impedances seen by the front and rear 
of the driver cone. At and near the low frequencies of 35 
resonance exhibited by most drivers, the air load impe­
dance ZAL in FIG- 1 is replaced by a single inductor 
which represents the air load mass on the driver dia­
phragm. I11 loudspeaker parameter measurements, it is 
standard practice to reflect this inductor into the me- 40 
chanical circuit and add it fo MMsso that MMsbecomes 
the mechanical mass of the driver diaphragm including 
air load. · 

The electrical equivalent circuit is formed by reflect­
ing all elements in the circuit of FIG. 1 into the electri- 45 
cal part of the circuit as shown to the right oftermals 
b-'b' in.FIG. 2, where: 

CMEs=MMsfB212 

REs= B2ii !RMS 

(!) 

(2) 50 

(3) 

(10) 

At some time, denoted by t=O, the switch S1 in FIG. 
2 is opened. It follows from a straightforward analysis 
that the transient voltage generated across the voice­
coil terminals is given by: 

(11) 

where 8(t) is the unit impulse function. This impulse in 
voltage is caused by the voice-coil inductance LEwhich 
must dissipate its stored energy because it is abruptly 
open c.ircuited. The exponentially damped sinusoidal 
component of Vvc(t) is the voltage induced by the mo­
tion of the voice coil. The parameters A, a, and Wd in 
the equation are given by: 

Ac=Igo/Wc/CMES 

a= 1!2REsCMES 

(12) 

(13) 

(14) 

where wsis the free~air frequency ofresortance given by 
Equation (4). It follows from these relations thatifA, a, 

·and WdCan be determined from a measurement ofvvc(t), 
then the circuit elements REs, LcES, and· CMES can be The low frequency, small-signal parameters of the 

dfiver are' related to these elements by the equations: 

. · w:s= l/VLcEsCMES (4) 

(5) 

55 calculated. A method for determining A; a; and Wd, 
based on a linear prediCtive analysis of the voice-coil 
voltage, is described below. With the calculated values 
of RE, REs, LcEs, and CMES, Equations (4)-(6) can be 
used to calculate ws, QEs, and QMS· · 

(6) 60 

(7) 

To determine VAS. the volume. Compliance of the 
driver; it is necessary to make a second· measurement. 
This measurement is made with the driver mounted on 
a tightly sealed box having a known volume V n: Such a 

where ws is the free-air frequency of resonance in ra- box is referred to hereinafter as a compliance box. The 
dians/sec, QEsis the· electrical quality factor, QMsis the 65 equivalent circuit of the driver mounted on this box is 
mechanical quality factor, .and VAS is . the acoustical the same as that given in FIG. 2 except that the element 
compliance ofthe driver suspension expressed as an values are different. A determination of these values 
equivalent volume of air. In Equation (7), Po is the den- from a second measurement of Vvc(t)' can be used to 



5 
4,284,860 

calculate the driver frequency of resonance on the box 
wcr and the electrical quality factor on the box QEcT 
from Equations (4) and (5), respectively. VAs is then 
given by: 

6 
of the step response because these are the measured 
quantities .. Instead, the fact that the sampled step re­
sponse model satisfies such a difference equation sug­
gests that estimates of a1 and a1 can be obtained by 

V As= V B[wcrlws QEcrlQEs-1]. (15) 
5 seeking a second order linear predictor, i.e., by seeking 

a set of coefficients that minimize the mean-square pre­
diction error that is defined by: 

LINEAR PREDICTIVE ANALYSIS 

In order to apply the techniques of digital signal 10 
analysis to the measurement procedure disclosed above, 
it is necessary to describe the voice-coil voltage re­
sponse as a discrete-time sequence of samples. In an 
implementation of the procedure, it is difficult, if not 
impossible, to sample the impulse that occurs at the time 15 
origin of the voice-coil step response. Therefore, it will 
be assumed that the sampling for t>O is begun at some 
time t=o-, where O<o-<T, and Tis the sampling per­
iod. This accounts for any asynchrony between the 
operation of the switch and the sampling times. Thus 20 
the discrete-time model for the sequence of samples of 
the step response is: 

Vvc (n) = v,cl.nT + u) • 
= -Ae-a(nT+<Tlsinwd(nT + u), n 1::; 0 

(16) 

25 

where n is an integer. Although the impulse does not 
appear in this equation, evidence of it does appear in the 
experimental data to be presented. However, in the 
analyses performed on these data, approximately the 

30 first half-cycle of data is discarded in order to eliminate 
all effects of the impulse and any nonlinearities caused 
by the large initial displacement of the voice coil. This 
also eliminates errors caused by the assumption that the 
voice coil and magnet can be modeled as having a loss-

35 less inductance. In reality this inductance is very lossy 
and it cannot dissipate its stored energy instantaneously. 

The z-transform of the discrete time sequence given 
by Equation (16) is: · 

where the coefficients of z are given by: 

bo= -Ae-a<T sin WdU 

aj=-2e-aT cos WdT 

(17) 40 

(18) 

45 
(19) 

(20) 

n1 +N-1 • • • (23) 
e2 = l: [v,c<.n) + .B1vvc<.n - I) + .B2vvc<.n - 2)]2 

n=n1 

whete Vvc(n) is the sequence of samples of the measured 
voice-coil step response. In Equation (23), {31 and !32 are 
predictor coefficients which are to be found so as to 
minimize e2; n1 is an integer such that n1 ?;:;2 as suggested 
by Equation (22); and N is the total number of samples 
involved in the analysis; This approach to the analysis is 
called the covariance method of linear predictive analy­
sis. 

The prediction error ~2 is minimized when 
ae2/a{31 =0 and ae2/a{32=0. For these conditions to 
hold, it follows that {31 and !32 must satisfy the equation: 

(24) 

</>21.81 +</>22/3z= -</>02 (25) 

where the coefficients <f>ii are computed from: 

(26) 
n1+N-I 

</>ii= · l: v,c<.n - 1)vvcl.n - J) i = 0, I, 2 and}= I, 2 
n=n1 

Equations (24) and (25) can easily be solved in closed 
form for {31 and 132 as follows: 

1
-</>01 </>121 

.81 = -</>02 </>22 

· 1 </>11 </>121 
</>21 </>22 

(27) 

I </>11 -</>011 
.82 = </>21 -</>02 

I </>11 </>121 
</>21 </>22 

(28) 

If the measured samples Vvc(n) exactly fit the model, 
i.e., Vvc(n)=Vvc(n) where Vvc(n) is given by Equation 

a2=e-2aT (21) (16), then it follows from Equation (22) that the solution 
· 50 of Equations (24) and (25) will be !31 =a 1 and !32 = a1 and 

It follows from these relations that if the coefficients of the mean-squared prediction error will be identically 
z are determined, it is possible to calculate A, a and Wd: zero. In practice, however, measurement noise, nonlin-
Estimates of the coefficients a1 and a1 can be obtained earities in the driver, and inaccuracies in the model will 
from a linear predictive analysis of the measured dis- prevent an ideal result. But the values obtained lead to 
crete time sequence. From their values, a and Wdcan be 55 a least squares fit to the measured data that can be used 
calculated from Equations (20) and (21). The quantity A to accurately estimate the .parameters a and Wd. From 
can be determined by matching the energy of the mea- Equations (20) and (21), it follows that these estimates 
sured sequence to that which would be predicted from are: · 
the model with the given values of a and Wd. 

By making use of the time delay property of z-trans- 60 
form theory, it follows from Equation (17) that the 
sequence Vvc(n) must satisfy the difference equation: 

vvcl.n)+a1vvcl.n-l)+a2vvc<.n-2)=0 for n1::;2 (22) 

It follows from this equation that for n?;:;2, vvc(n) can be 
exactly predicted from only the two immediate past 
samples. It is not desired, however, to predict samples 

65 

I 
a = - zr In (.82) 

(29) 

. I [ -.81 J "'d = T cos-
1 ~ .8

2 

(30) 

The amplitude parameter A can be estimated in sev­
eral ways. One approach is to simply equate the energy 
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of the measured sequence Vvc(n) to the energy of the 
model sequence Yvc(n). This approach leads to the equa­
tion: 

consists of a device for implementing the computations 
specified by the above analysis. This can be achieved 
with a microprocessor, since the computations are rela-
tively simple and they can easily be carried out in only 

(31) 5 a few seconds on even the simplest microprocessor. The 
required program can be stored in a read-only memory 
of only a few thousand words. 

where a and Wd are given by Equations (29) and (30). 
Another approach is to find the value of A that mini­
mizes the mean-square error: 

In FIG. 3, with switch S1 closed and approximately 
200 mA of DC current through the voice coil, the ana-

10 log-to-digital converter 10 is used to sample the voltage 
at terminals a-a' in FIG. 2 for about 0.5 second. Then 
the A-to D converter 10 is switched via S2 to terminals 
b-b', also for about 0.5 second. With the A-to-D con-
verter still connected to terminals b-b', the switch S1 is 

ni +N-1 A (32) 15 opened and the transient voltage waveform that occurs 
EA2 = l: [v,c(n) + Ae-a(nT+o->sinwd(nT + o-)]2 is sampled for about 1 second. A typical sequence of 

n=n1 

again with a and Wd equal to the estimated values. The 
value of A that minimizes EA2 is given by: 

A = -[-n-in_:~-:-n~:,.,-~....,v;_c<_n_)e_-_a_(n_T_+_cr_>s...,in-. w._d(_n_T_+ ___ u_)-J· . (
33

) 

l: [e-a(nT+cr>sinwd(nT + u)]2 

n=n1 

To evaluate either Equation (31) or (33), it is necessary 
to estimate er, the offset between the sampling times and 
the instant of the opening of switch S1. This can be done 
by simply locating the samples that span the interval 
containing the second zero consisting of Vvc(n). At rea­
sonably high sampling rates, sin wd(t+rr) can be as­
sumed to be a straight line between these two samples, 
and thus linear interpolation suffices to find the position 
of the zero crossing between them. This knowledge is 
sufficient to permit the alignment of the model sequence 
Vvc(n) with the measured sequence Vvc(n). 

MEASUREMENT PROCEDURE AND 
MEASUREMENT EXAMPLES 

An automated measurement system based upon the 
above described circuit model and analysis will now be 
described. FIG. 3 illustrates the interconnection of the 
loudspeaker driver circuit of FIG. 2 with a system for 
evaluating the analysis equations. This system will be 
referred to as the signal processing system. In FIG. 3, 
the signal processing system is shown as including an 
analog to digital converter 10 . coupled to the loud­
speaker circuit at terminals a-a' and b-b' through a 
suitable switching means diagramatically illustrated as 
switch Sz. The analog to digital converter samples the 
voltage levels appearing at the terminals at a known 
rate. The digital samples from the analog to digital 
converter 10 are supplied to a memory and analysis 
system 20. The samples are recorded and the necessary 
calculations are performed on the recorded samples in 
unit 20. The analog to digital converter should have at 
least 12-bits of amplitude resolution so as to accurately 
represent the transient response samples. The sampling 
rate should be 10-20 times the natural frequency of the 
loudspeaker driver. In the results to be described, the 
sampling rate was 500 samples/sec. The signal process­
ing system must be capable of storing the samples corre­
sponding to a time interval of not more than 1-2 sec. 
Thus a memory of less than 1000 12-bit words is re­
quired to store the digitized waveforms required for the 
analysis. The remainder of the signal processing system 

samples measured from a commercially available 12-
inch loudspeaker driver is shown in FIG. 4. (The sam­
ples are connected by straight lines for convenience in 

20 plotting). 
The units of amplitude depend upon the relationship 

between numbers in the memory and analysis system 20 
and the voltage at the input to the A-to-D converter 10. 

25 
It can be seen, however, that amplitude quantities al­
ways enter as ratios in the previously described analysis 
equations so that it is not necessary to precisely cali­
brate the A-to-D converter. 

The use of 200 mA initial current in the voice coil 

30 was a compromise in the experimental verification. This 
is definitely not "small signal" for many drivers and can 
cause a temporary creep in the zero or rest position of 
the cone. For the experimental system which was set up 
for general signal processing experiments, less than 200 

35 mA of initial current did not make adequate use of the 
dynamic range of the A-to-D converter and resulted in 
a poor signal-to-noise ratio in the measured data. How­
ever, in an implementation of this invention, it would be 
possible to adjust the voltage range of the analog to 

40 digital converter so that much lower initial currents 
could be used while still utilizing the full dynamic range 
of the analog to digital converter. 

The DC source voltage V g (in arbitrary units) is esti­
mated as the average of the sequence values in the inter-

45 val labled A in FIG. 4. Likewise, the DC voltage at the 
voice-coil terminals V vc is estimated as the average of 
the sequence values in interval B. These estimates of V g 

and V vc are used in Equation ( 10) and (9) to calculate the 
voice-coil resistance RE and the current Igo· 

50 The interval labeled C in FIG. 4 is the time interval 
from the time of opening of the switch S1 to the next 
zero crossing of the waveform. This interval is not used 
in the estimation of the loudspeaker parameters in order 
to avoid problems that might be caused by the voltage 

55 impulse due to L£. Experience with the measurement 
procedure has shown that this time interval seems also 
to be influenced by nonlinear effects which are appar­
ently caused by the large initial displacement of the 
voice coil and the effects of modeling the inductance of 

60 the voice coil and magnet as a lossless inductor. Thus, 
both of these effects are eliminated by omitting interval 
C from the analysis. 

The interval labeled Din FIG. 4 is used in the linear 
predictive analysis. This interval extends from the sec-

65 ond zero-crossing of the waveform for as many samples 
as desired. The basic equations for this analysis are 
Equations (26), (27) and (28). In these Equations, the 
lower limit of summation is denoted by n1 where n1 ;;;2. 
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10 
phones used to detect earthquakes and prospect for oil. 
The basic principles described above therefore apply 
directly to the calibration of such devices and an auto­
matic device based upon these principles would have 
application in this area as well. Indeed, by a straightfor­
ward generalization of the basic analysis equations, 
systems of higher order than 2 could be automatically 
analyzed. 

In implementing the analysis, n1 is the sample index of 
the first sample past the second zero-crossing. The ex­
tent of the interval, i.e., the value of N, is arbitrary. 
However, it is sufficient to use only two or three oscilla­
tions of the step response as depicted in FIG. 5. Here 5 
the solid curve is the sequence of measured step re­
sponse values connected by straight line for plotting. In 
this particular case N =43. The predictor parameters /31 
and /32 are estimated from this data, and then a and Wd 
are estimated using Equations (29) and (30). Then using. 10 _________ T_A_B_L_E_I --------
the estimated values of a and Wd, the parameter A is 
estimated using either Equation (31) or (33). The verti­
cal lines in FIG. 5 represent the model sequence Vve(n) 
as estimated from the measured data. It is evident that 
the model fits the measured data very wen: 15 

The interval labeled E in FIG. 4 is the interval after 
the transient step response has died out. This interval is 
used to estimate the DC offset that may be present in the 
A-to-D converter. The average value of samples in this 
interval is subtracted from the entire waveform of FIG. 20 
4 as a correction for the DC offset. It is important to do 
this because the DC offset affects both the estimation of 
the predictor parameters /31 and /32 and the estimation of 
the time shift er. 

Once the parameters a, Wd, and A are obtained, then 25 
CMES can be obtained from Equation. (12). Then REs 
can be obtained from Equation (13), wscan be obtained 
from Equation (14), and LcEs can be obtained from 
Equation (4). From these computed values, it is then 
possible to compute QEs, QMs, and Qrsusing Equations 30 
(5), (6), and (8), respectively. 

Alternatively, QEs may be calculated without the 
intermediate step of calculation CMES, RMES, and LcEs 
by combining Equations (12) and (14) with equation (5) 
to produce the following: 

(34) 

Similarly, QMsmay be calculated directly by combining 
equation (13) and (14) with equation (6) as follows: 

(35) 

35 

40 

The equivalent volume of air VAS can also be com­
puted using Equation (7) if the area of the driver Sn and 
the Bl product are known. In general, this will not be 45 
the case. However, VAS can be calculated using Equa­
tion (15) by repeating the measurements with the loud­
speaker driver mounted on an air-tight compliance box 
of known volume. 

The small-signal parameters of several drivers have 50 
been measured and compared to the values obtained 
using prior art techniques. Good agreement was ob­
tained· in each case with the exception that QMsconsis­
tently calculated smaller using the transient method. 
The cause of this discrepancy is not known, and further 55 
research is needed to determine which ·technique is 
more accurate.· A comparison of the parameters mea­
sured for a particular driver by both the transient and 
sinusoidal techniques is given in Table I. 

Obviously, numerous (additional) modifications and 60 
variations of the present invention are possible in light 
of the above teachings. It is therefore to be understood 
that within the scope of the appended claims, the inven­
tion may be practiced otherwise than as specifically 
described herein. It inay also be pointed out that there 65 
are many other electro-mechanical .d.evices that can be 
represented with good accuracy by the circuit model of 
FIG. 2. Notable examples are the seismometers or geo-

Philips AD122250/W8 12" Woofer 
Transient Transient 

Para- Sinusoidal Measurement Measurement 
meter Measurement #1 #2 Average 
fs 23.2 Hz 23.4 Hz 23.6 Hz 23.5 Hz 
Qes .34 .32 .36 .34 
QMs 3.1 2.5 2.8 2.6 
VAS 10.6 ft 3 10.0 ft3 

What is claimed as new and desired to be secured by 
Letters Patent of the United States is: 

1. A method for measuring the small-signal parame­
ters of a moving-coil electromagnetic transducer driver, 
comprising: 

mounting said driver in free air; 
coupling the electrical input terminals of said driver 

to a series circuit including a switching means, a 
source of DC voltage, and a series resistance; 

closing said switching means such that a DC current 
flows through said series circuit including said 
driver; 

measuring the DC source voltage V g appearing 
across the output terminals of said DC voltage 
source; 

measuring the. DC voltage V vc appearing across the 
terminals of said driver; 

calculating the voice coil resistance RE of said driver 
and the steady state current Igo flowing in said 
series circuit using said measured voltages V g and 
Vee; • 

opening said switch; 
measuring the AC voltage Vvc(t) appearing across the 

terminals of said driver as a function of time; 
determining the amplitude coefficient A, the attenua­

tion factor a, and the frequency Wd of said mea­
sured AC voltage; and 

calculating the free-air frequency of resonance ws, 
the electrical quality factor QEs, the mechanical 
quality factor QMs, and the total quality factor Qrs 
for said driver using said amplitude coefficient, said 
attenuation factor, and frequency. Wd. 

2. A method for measuring the small-signal parame­
ters of a moving-coil electromagnetic transducer driver 
as recited in claim 1, further comprising: 

mounting said driver on an air-tight compliance box 
of a known volume; 

repeating said measuring and calculating steps; and 
calculating the acoustical compliance VAS of the 

driver suspension expressed as an equivalent vol­
ume of air. 

3. A method for measuring the small-signal parame­
ters of a moving-coil electromagnetic transducer driver 
as recited in claim 1 wherein the measurement of said 
AC voltage Vve(t) appearing across the terminals of said 
driver, comprises: 

coupling an Analog-to-Digital converter across the 
terminals of said driver; 

sampling said AC voltage Vvc(t) at a known rate; and 
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recording said samples. 
4. A method for measuring the small-signal parame­

ters of a moving-coil electromagnetic transducer driver 
as recited in claim 3, wherein: 
· said attenuation factor a of said AC voltage is deter- 5 

mined from said recorded samples using the equa­
tion: 

a= l/2T In (lh) 

said frequency Wd of said AC voltage is determined 10 

from said recorded samples using the equation: 

I [ -/31 J Wd = y cos- 1 ~ 

132 
15 

where: 

where: 
Vvc(n)=measured samples 
a=attenuation factor 
T=sampling period 
cr=time at which sampling was begun 
Wd=frequency of said AC voltage. 
7. A method for measuring the small-signal parame­

ters of a moving-coil electromagnetic transducer driver 
as recited in claim 1, wherein: 

said voice coil resistance RE of said driver is calcu­
lated using the equation: 

said steady state current Igo is calculated using the 
equation: 

lgo=Vg-YvclRg 

where: 
20 Rg=series resistance of the series circuit 

1
-</>01 <1>121 
-</>02 </>22 

/31=---~ 

I </>11 </>121 
</>21 </>22 

I </>11 -</>01 I 
</>21 -</>02 

/32=---~ 

I </>11 </>121 
</>21 </>22 

ni+N-1 
</>ij = ~ v,c(n - 1)v,c(n - 1) i = 0, I, 2;} = I, 2 

n=n1 
V,c(n) = Measured Samples 

Vg=DC voltage measured across the terminals of 
said DC source 

Vvc=DC voltage measured across the terminals of 
said driver. 

25 8. A method for measuring the small-signal parame-
ters of a moving-coil electromagnetic transducer driver 
as recited in claim 1, wherein: 

30 

said free-air frequency of resonance ws is calculated 
using the equation: 

ws=Vw;+a2 

said electrical quality factor QEs is calculated using 
the equation: 

5. A method for measuring the small-signal parame- 35 
ters of a moving-coil electromagnetic transducer driver 

QEs=lgoREIWdAvw;+a2 

said mechanical quality factor QMsis calculated using 
the equation: 

as recited in claim 3, wherein: 
said amplitude coefficient A of said AC voltage is 
· determined from said recorded samples using the 

equation: 40 
QMs= l/2aV w;+a2 

where: 
Vvc(n)=measured samples 
a=attenuation factor 
T=sampling period 
<T=time at which sampling was begun 
Wd=frequency of said AC·voltage. 
6. A method for measuring the small-signal parame­

ters of a moving-coil electromagnetic transducer driver 
as recited in claim 3 wherein: 

said amplitude coefficient A of said AC voltage is 
determined from said recorded samples using the 
equation: 

[ 

ni+N-1 ] ~ v,c(n)e-a(nT+u>sinwd(nT + u) 
n=ni 

A= - ni+N-1 
~ [e-a(nT +u>sinwd(nT + u)]2 

n=ni 

45 

said total quality factor Qrs is calculated using the 
equation: 

Where: 
RE=voice coil resistance 
lg0 =steady state current 
A=amplitude coefficient of said measured AC volt-

50 age 
a=attenuation factor of said measured AC voltage 
Wd= frequency of said measured AC voltage. 
9. A method for measuring the small-signal parame­

ters of a moving-coil electromagnetic transducer driver 
55 as recited in claim 2, wherein: 

60 

65 

said acoustical compliance of the driver suspension 
expressed as an equivalent volume of air VAS is 
calculated using the equation: 

where: 
V n=volume of compliance box 
ws=free-air frequency of resonance 
wcr=driver frequency of resonance on said box 
QEcr=electrical quality factor on said box. 

• * • • • 
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