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The parameters of moving-coil loudspeaker drivers are typically determined using direct electrical

excitation and measurement. However, as electro-mechano-acoustical devices, their parameters

should also follow from suitable mechanical or acoustical evaluations. This paper presents the

theory of an acoustical method of excitation and measurement using normal-incidence sound trans-

mission through a baffled driver as a plane-wave tube partition. Analogous circuits enable key pa-

rameters to be extracted from measurement results in terms of open and closed-circuit driver

conditions. Associated tools are presented that facilitate adjacent field decompositions and deriva-

tions of sound transmission coefficients (in terms of driver parameters) directly from the circuits.

The paper also clarifies the impact of nonanechoic receiving tube terminations and the specific ben-

efits of downstream field decompositions. VC 2013 Acoustical Society of America.

[http://dx.doi.org/10.1121/1.4803900]

PACS number(s): 43.38.Ja, 43.20.Ye, 43.20.Mv, 43.55.Rg [DDE] Pages: 223–236

NOMENCLATURE

B¼Magnetic flux density in the magnet air gap

c¼Speed of sound in air

cd ¼Speed of sound in the downstream tube air

CMS¼Mechanical compliance of the driver suspension

cp¼Specific heat for air

cu¼Speed of sound in the upstream tube air

d¼Depth of the porous receiving-tube termination

dm¼Microphone separation distance in the two-

microphone transfer-function technique

êg¼Complex open-circuit voltage amplitude of a sig-

nal generator

f ¼Frequency

f0¼ In vacuo resonance frequency of the driver dia-

phragm and suspension system

j¼
ffiffiffiffiffiffiffi
�1
p

k¼Acoustic wave number
~k ¼Complex acoustic wave number (accounting for

propagation losses) in the plane wave tubes
~k
0
m¼Complex acoustic wave number within the termi-

nation material

l¼Effective length of the voice-coil conductor in the

magnet air gap

Ld ¼Length of the receiving tube

LE¼Effective electric inductance of the driver voice

coil

MMD¼Effective mechanical mass of the driver diaphragm

assembly without fluid loading

p̂ðxÞ¼Complex acoustic pressure amplitude at a point x
in a one-dimensional sound field

hp̂ðxÞiS¼Cross-sectional spatially averaged complex acous-

tic pressure amplitude at a point x in a one-

dimensional sound field

p̂d ¼Complex amplitude of the total acoustic pressure

on the downstream face of a device under test

hp̂diS¼Spatially averaged total complex pressure ampli-

tude on the downstream face of a device under test

p̂d;i¼Complex amplitude of the acoustic pressure inci-

dent upon the receiving tube at the downstream

face of a device under test

p̂d;r ¼Complex amplitude of the acoustic pressure

reflected from the receiving tube at the down-

stream face of a device under test

p̂i¼Complex amplitude of the acoustic pressure inci-

dent upon a device under test

p̂iðxÞ¼Complex amplitude of the incident acoustic pres-

sure at a point x in a one-dimensional sound field

p̂u¼Complex amplitude of the total acoustic pressure

on the upstream face of a device under test

hp̂uiS¼Spatially averaged total complex pressure ampli-

tude on the upstream face of a device under test

Pr¼Prandtl number for air

p̂rðxÞ¼Complex amplitude of the reflected acoustic pres-

sure at a point x in a one-dimensional sound field

p̂t¼Complex amplitude of the acoustic pressure trans-

mitted past a device under test

hp̂THiS¼Cross-sectional spatially averaged Thevenin

equivalent acoustic pressure

a)Portions of this work were presented in “Derivation of moving-coil loud-

speaker parameters using acoustical testing techniques: Theoretical devel-

opments,” 145th Meeting of the Acoustical Society of America, Nashville,

TN, April 2003 and “An acoustical measurement method for the derivation

of loudspeaker parameters,” 115th Convention of the Audio Engineering

Society, New York, October 2003.
b)Author to whom correspondence should be addressed. Electronic mail:

tim_leishman@byu.edu
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p̂u;i¼Complex amplitude of the acoustic pressure inci-

dent upon a device under test from the upstream

side

p̂u;r ¼Complex amplitude of the acoustic pressure

reflected from the upstream face of a device under

test

RðxÞ¼Complex pressure-amplitude reflection coefficient

at a point x in a one-dimensional sound field

RATT ¼Acoustic resistance of the receiving tube termina-

tion after being translated to the magnet and frame

(or diaphragm) of the driver under test

RATT;LF¼Acoustic resistance of the receiving tube termina-

tion in the low-frequency limit after being trans-

lated to the magnet and frame (or diaphragm) of

the driver under test

RE¼DC electric resistance of the driver voice coil

Rg¼ Internal electric resistance of a signal generator

RMS¼Mechanical resistance of the driver suspension

RT ¼Complex pressure-amplitude reflection coefficient

of the receiving-tube termination

S¼ Inside cross-sectional area of the plane-wave tubes

Sd ¼ Inside cross-sectional area of the downstream

plane-wave tube

SD¼Effective cross-sectional area of the driver

diaphragm

Su¼ Inside cross-sectional area of the upstream plane-

wave tube

TL¼Transmission loss

ûðxÞ¼Complex particle velocity amplitude at a point x in

a one-dimensional sound field

hûðxÞiS¼Cross-sectional spatially averaged complex parti-

cle velocity amplitude at a point x in a one-

dimensional sound field

ÛðxÞ¼Complex volume velocity amplitude at a point x in

a one-dimensional sound field

Ûd ¼Complex volume velocity amplitude at the down-

stream face of a device under test

ÛD¼Complex volume velocity produced by the driver

diaphragm

Ûu¼Complex volume velocity amplitude at the

upstream face of a device under test

hWiit¼Time-averaged sound power incident upon a

device under test

hWtit¼Time-averaged sound power transmitted past a

device under test

XATT ¼Acoustic reactance of the receiving tube termina-

tion after being translated to the magnet and frame

(or diaphragm) of the driver under test

XATT;LF¼Acoustic reactance of the receiving tube termina-

tion in the low-frequency limit after being trans-

lated to the magnet and frame (or diaphragm) of

the driver under test

XE¼Electric reactance of the driver voice coil

XM ¼Mechanical reactance of the driver diaphragm and

suspension

XM;HF¼Mechanical reactance of the driver diaphragm and

suspension in the high-frequency limit

XM;LF¼Mechanical reactance of the driver diaphragm and

suspension in the low-frequency limit

ZA¼Acoustic impedance

ZAðxÞ¼Acoustic impedance at a point x in a one-

dimensional sound field

ZA;d ¼Acoustic impedance looking into the receiving

tube from the downstream face of a device under

test

ZA;iðxÞ¼ “Incident” component of the acoustic imped-

ance at a point x in a one-dimensional sound

field

ZA;rðxÞ¼ “Reflected” component of the acoustic impedance

at a point x in a one-dimensional sound field

ZAT ¼Acoustic impedance of the receiving tube

termination

ZATH ¼Thevenin equivalent acoustic impedance

ZATT ¼Acoustic impedance of the receiving tube

termination after being translated to the magnet

and frame of the driver under test, ¼ Z0ATT if the

magnet and frame of the driver are acoustically

unobtrusive

Z0ATT ¼Acoustic impedance of the receiving tube termina-

tion as seen by the driver diaphragm, ¼ ZATT if the

magnet and frame of the driver under test are

acoustically unobtrusive

ZA;u¼Acoustic impedance looking into the upstream

face of a device under test from the source tube

ZE¼ Internal blocked electric impedance of the driver

voice coil

ZET ¼Electric impedance inserted between the driver ter-

minals for a specific test condition

ZM ¼Mechanical impedance, mechanical impedance of

the driver diaphragm and suspension

ZSðxÞ¼Specific acoustic impedance at a point x in a one-

dimensional sound field

ZS;a¼Apparent specific acoustic impedance

ap¼Total propagation absorption (attenuation) coeffi-

cient in the plane-wave tubes

aT ¼Absorption coefficient of the receiving tube

termination

b¼Substitution in the formulations of XE

c¼Ratio of specific heats for air

g¼Coefficient of shear viscosity for air

j¼Thermal conductivity for air

N0 ¼Specific flow resistance of the termination

material

q0¼Ambient density of air

qd ¼Ambient density of air in the downstream tube

qu¼Ambient density of air in the upstream tube

x¼Angular frequency, ¼ 2pf
r¼Porosity of the termination material

s¼Sound transmission coefficient

sCC¼Sound transmission coefficient when the driver ter-

minals are closed circuited

sOC¼Sound transmission coefficient when the driver ter-

minals are open circuited

sOC;0¼Sound transmission coefficient at resonance when

the driver terminals are open circuited

sSL¼Sound transmission coefficient of an ideal single-

leaf partition (or open-circuit loudspeaker), with

cross-sectional area SD ¼ S
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I. INTRODUCTION

Many methods have been devised over the years to mea-

sure the properties of moving-coil loudspeaker drivers. They

are often expressed in terms of Thiele–Small or related

parameters to facilitate efficient modeling and design of

complete loudspeaker systems.1–10 Their assessment typi-

cally involves some form of direct electrical excitation or

measurement, or both. However, because drivers are electro-

mechano-acoustical devices, they should also lend them-

selves to parameter evaluations through appropriate

mechanical or acoustical excitation and measurement. Since

these latter approaches have not been fully developed, this

paper takes a step to address the deficiency by introducing

the theory of plane-wave tube sound transmission measure-

ments of drivers, enabling their parameters to be determined

through acoustical excitation and measurement alone.

Currently, the most common methods of evaluating

small-signal driver parameters involve multi-step mechani-

cal or acoustic perturbations of electric impedance measure-

ments taken at driver terminals. The moving mass and

suspension compliance of a driver are determined from reso-

nance frequencies evaluated with and without the perturba-

tions in place. The added-mass technique, discussed by

Beranek11 and others, requires a known, appreciable mass to

be carefully attached to a diaphragm with appropriate distri-

bution and driver orientation. The closed-box technique, dis-

cussed by Thiele1 and others, requires the use of an airtight

box with a known enclosed volume after a driver has been

mounted to it. Both approaches can be time consuming and

problematic in implementation, with relative bias errors of-

ten reaching 10% or higher.12,13

The parameters may also be determined through alterna-

tive means, such as simultaneous measurement of dissimilar

dynamic signals. Christophorou proposed the simultaneous

measurement of electric impedance and diaphragm velocity

(via a mounted accelerometer).14 Others employed laser ve-

locity transducers to measure diaphragm velocities or micro-

phones to measure enclosed or near-field acoustic

pressures.15–18 Each involved transfer functions between an

electric input signal and a measured mechanical or acoustic

output signal. Optimization techniques have also been devel-

oped to derive small-signal parameters from isolated electric

impedance measurements.19–24 Despite the potentials of all

these methods, the perturbation techniques are still widely

used, likely because of their ubiquity and the persistence

of traditional methods, or the fact that they are relatively

simple (not requiring specialized equipment or computer

programming).

Because the various techniques require electric signals

applied to driver voice coils or electrical measurements

taken at driver terminals, or both, the mechanical parameters

are determined through the tacit assumption that the electro-

magnetic force factor (Bl product) has been accurately

determined. However, the latter can depend significantly

upon diaphragm displacement, with relative measurement

bias errors also tending to be high.12,13 The measured me-

chanical parameters may thus become contaminated through

the use of electric signals and measurement techniques.

Furthermore, electric impedance measurements can suffer

contamination from environments that are acoustically noisy

or that fail to meet free-field conditions.11,14,21 They also

suffer from random errors that often require repeated assess-

ments to yield acceptable parameter values.13

Several authors have explored variations of loudspeaker

parameters over common diaphragm excursion ranges.25–27

Clark proposed a useful electric impedance-based measure-

ment system to assess parameters with static pressure dis-

placing a driver diaphragm from equilibrium.16 His

approach included six methods to determine the position-

dependent suspension compliance. One did not require the

application of an electric signal to the voice coil, but instead

involved acoustic excitation of the driver mounted on the

wall of a test chamber by another loudspeaker inside. A

transfer function was then evaluated using the near-field

acoustic pressure outside the chamber as the output. While

the method thus involved a form of sound transmission

through the driver, it did not quantify the transmission in a

definitive sense. Instead, its purpose was simply to estimate

the resonance frequencies of the system under various dia-

phragm displacements and from them determine the

position-dependent suspension compliance.

While additional background could be offered,13 the

foregoing should enable one to appreciate the significance of

the approach presented in this paper. It is based on the

well-known fact that acoustic properties of materials (e.g.,

acoustic impedances, reflection coefficients, absorption coef-

ficients, transmission coefficients, etc.) may be conveniently

determined when they are measured as terminations to or

partitions between plane-wave tubes. Particularly efficient

methods of assessment involve the two-microphone transfer

function technique,28–33 which decomposes adjacent one-

dimensional sound fields into incident and reflected compo-

nents to yield the acoustic characteristics of interest. It stands

to reason that the properties of a moving-coil driver might

likewise be assessed under similar circumstances (i.e., when

mounted as a termination to a plane-wave tube or a partition

between adjacent plane-wave tubes). They could also be

assessed when the driver is configured with different electri-

cal conditions (e.g., with terminals open or closed circuited).

Because such electric perturbations are consistent, easily

controlled, and automated without mechanically disturbing

the driver, this special application of plane-wave tube meas-

urements should provide an important and useful option in

the practical characterization of drivers.

The idea for the method stemmed from work in the field

of active sound transmission control involving loudspeakers

as actuators in active segmented partitions.34–37 While

underlying theoretical and experimental tools were devel-

oped to assess normal-incidence transmission losses and

other properties of partitions using plane-wave tubes, the

evaluation of loudspeaker driver parameters was not part of

the effort. Some of the established concepts were later

applied to loudspeaker measurements,13,38 but without suffi-

cient development or explanation. The purpose of this paper

is then to formally present, expand, and clarify the analytical

tools needed to derive common parameters from the normal-

incidence sound transmission through a driver, while
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exploring key methodological capabilities and limitations.

The sound transmission coefficient or transmission loss is of

particular interest because it does not require knowledge of

an exact driver diaphragm location (i.e., its effective acoustic

position) in the plane-wave tube system to produce accepta-

ble values.

As part of the development, the paper introduces a

useful method to decompose one-dimensional sound fields

represented by analogous circuits into forward and backward-

propagating components. This enables efficient modeling of

sound transmission through general electro-mechano-acousti-

cal devices, including but not limited to loudspeaker drivers.

It also enhances the understanding of plane-wave tube mea-

surement effects, including those associated with nonanechoic

terminations and downstream field decompositions.

The method presented herein is not intended to replace

tools currently available to measure driver parameters, but to

complement them. It differs in kind from these tools in the

sense that it employs both acoustical excitation and measure-

ment. It enables frequency-dependent characterization of

key mechanical properties without measurement errors intro-

duced by inaccurate or inconsistent electromagnetic driver

parameters. These properties include the isolated mechanical

impedance ZM of the driver diaphragm and suspension, its in
vacuo resonance frequency f0, the mechanical resistance RMS

of the suspension, the moving mass MMD of the diaphragm

assembly (independent of fluid loading), and the mechanical

compliance CMS of the driver suspension. The method also

offers a theoretical alternative to the measurement of electro-

magnetic driver parameters, including the Bl product, the

electric reactance XE of the voice coil, and the effective elec-

tric inductance LE of the voice coil. Other small-signal pa-

rameters may be derived from these properties. The method

can easily overcome the effects of ambient noise and does

not require three-dimensional free-field conditions.

The approach could serve as a valuable diagnostic tool

in the evaluation of malfunctioning drivers or those found to

have abnormal parameter values via electrical testing.

Because it requires no externally applied electric voice-coil

signals or electrical measurements, it is also well suited for

the evaluation of passive radiator parameters. This may be

one of its most important advantages, as methods for meas-

uring the mechano-acoustic properties of fully assembled

passive radiators are ostensibly lacking.

This paper accordingly introduces a specialized method

of loudspeaker driver and passive radiator parameter meas-

urements, and a means whereby values determined from

electrical measurements may be substantiated. The following

sections explore the approach through analogous circuit

modeling and associated parameter derivations from sound

transmission coefficients. The consequences of nonanechoic

downstream tube terminations and downstream field decom-

positions are also clarified through theoretical analysis and

numerical examples.

II. ANALOGOUS CIRCUITS

The proposed measurement method is based on the sys-

tem depicted in Fig. 1 (see the nomenclature section for clar-

ifications). From left to right, it includes (1) an excitation

source with arbitrary internal impedance, (2) an upstream

(source) tube, (3) a partition consisting of the driver under

test in a rigid baffle, (4) a downstream (receiving) tube, and

(5) a receiving tube termination of arbitrary acoustic imped-

ance ZAT . The driver under test is assumed to have an open

basket or frame (typical of most low-frequency and full-

range drivers), so sound can transmit effectively through it.

Flush-mounted microphones are positioned at least one

effective tube diameter away from the closest tube end.32

The microphones in each pair are spaced a distance dm

FIG. 1. Diagram of the proposed plane-wave tube transmission loss measurement system for the evaluation of loudspeaker driver parameters.
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from one another following the bandwidth guideline

0.05(c/dm) � f � 0.4(c/dm) to prevent excessive measure-

ment error in the two-microphone transfer function tech-

nique.31 Additional microphones may be introduced to

provide other spacings and spliceable measurement data that

extend the bandwidth from the lowest frequency of interest

to the cutoff frequency of the first tube cross mode. These

spacings and the required source and termination section

lengths govern the overall length of the system. While a sin-

gle system may be used to measure many different drivers,

its dimensions must ultimately depend upon the require-

ments of those drivers. The following section discusses the

modeling of the system, one part at a time.

A. Measurement system modeling

In practice, the excitation source is a moving-coil loud-

speaker itself, which may be adequately modeled using a

classical analogous circuit.11 The circuit is connected to a

network representing the upstream plane-wave tube.39

However, the resulting combination of the two sections may

be modeled more succinctly with a Thevenin equivalent cir-

cuit. The latter then connects to a network representing the

baffled driver under test, which in turn connects to a network

representing the downstream tube. The leftmost portion of

the downstream tube involves a varying cross-sectional area

caused by the presence of the baffle opening, driver frame,

magnet, etc. The various constrictions might be modeled

using a series of plane-wave-tube circuits with varying

cross-sectional areas.40 However, these and other effects

near the driver might be represented more generally through

a two-port network.41 The portion of the tube beyond the

frame and magnet structure would again be modeled using a

one-dimensional plane-wave tube network connected to the

acoustic termination impedance ZAT . For further simplifica-

tion, an impedance ZATT could represent the termination im-

pedance translated through the downstream tube to the plane

immediately adjacent to the driver structure.41 Once this im-

pedance is carried through the constriction two-port network,

it represents the receiving-space impedance Z0ATT seen by

the driver diaphragm. The downstream field is typically

probed to the right of that network.

The diaphragm may generally be considered to have a

smaller effective area SD than the cross-sectional areas S of

the source and receiving tubes. Its coupling to the tube fields

may be modeled to a first approximation (i.e., in the long-

wavelength limit) using simple area gyrators with gyration

constants 1/SD. (The transitions between the smaller and

larger areas could be modeled more accurately using junc-

tion impedances,41 but they are neglected here for clarity.)

Many analogous driver circuits have been proposed

over the years, but we here employ a classical model in con-

junction with the area gyrators to represent the baffled driver

under test. For passive tests, an arbitrary electric impedance

ZET would be inserted between the driver terminals to create

a specific test condition. It would thus combine in series

with the internal blocked electric impedance ZE of the voice

coil. For the open-circuit case, ZET !1, while for the

closed-circuit case, ZET ! 0. Other conditions, including

active conditions, could also be considered as perturbations.

The driver circuit is combined with elements represent-

ing other portions of the measurement system as shown in

Fig. 2. To simplify the representation, one may begin by

pulling elements through the transformer and gyrators to the

acoustic impedance domain. If the driver frame and magnet

structure are assumed to be acoustically unobtrusive, the

circuit reduces to the acoustic impedance representation of

Fig. 3, with Z0ATT ¼ ZATT ¼ RATT þ jXATT . (Measurements

have suggested that this assumption is reasonable for many

drivers and frequencies of interest.36,37)

To reduce the circuit even further, the mechanical driver

parameters may be combined into a single mechanical im-

pedance ZM¼RMSþ j(xMMD� 1/xCMS)¼RMSþ jXM. In

addition, the transmission loss of an electro-mechano-acous-

tic filter should be independent of its effect on the excitation

source and upstream field (behaving as a filter in isolation).42

As a result, the Thevenin equivalent circuit may be replaced

(for convenience in theoretical sound-transmission formula-

tions) with another equivalent circuit representing a con-

stant-incident-pressure source and a semi-infinite source

tube. If these changes are made, the complete circuit reduces

FIG. 2. Multiple-domain analogous circuit

representing a moving-coil loudspeaker

driver under test in a plane-wave tube

transmission loss measurement system.

Several circuit reduction steps have

already been implemented as described in

the text.

FIG. 3. Acoustic impedance circuit representing a moving-coil loudspeaker

driver in a plane-wave tube transmission loss measurement system.

Acoustic filtering caused by constrictions of the loudspeaker frame and mag-

net structure has been neglected.
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to the form shown in Fig. 4. As described later, these circuits

enable one to establish useful relationships between the

sound transmission through the baffled driver and its

parameters.

In Figs. 2–4, the total acoustic pressures are expressed

as spatially averaged quantities. At some point x in the

upstream or downstream field, the cross-sectional distribu-

tions of the total complex acoustic pressure p̂ðxÞ, particle ve-

locity ûðxÞ, and specific acoustic impedance ZSðxÞ may not

be uniform in what is normally considered a one-

dimensional system. Even if a rigid-walled tube is excited

below its first cross-mode cutoff frequency, a nonuniform

source, termination, or obstruction may produce cross-

sectional field nonuniformities. However, because evanes-

cent higher-order modes typically decay out over short

distances, only plane waves propagate along the greater

length of the tube. In addition, evanescent modes do not con-

tribute appreciably to the complex volume velocity.41 The

propagating plane-wave component extrapolated to a point

of nonuniformity has a complex pressure amplitude equiva-

lent to the cross-sectional spatially averaged pressure at that

point.41,43 At a sufficient distance from the irregularity (e.g.,

one effective tube diameter away32), it is therefore possible

to ignore the transitional region and treat the former as a

vibrating piston with cross-sectional uniformity.43 In reality,

this distance depends upon the desired level of evanescent

mode attenuation, the analysis frequency, and its proximity

to the cutoff frequency of the first cross mode. As the analy-

sis frequency approaches the cutoff frequency, the distance

must be increased to maintain the attenuation.

For general axial positions, it is appropriate to substitute

spatially averaged acoustic quantities hp̂ðxÞiS and hûðxÞiS,

and the apparent (not spatially averaged) specific acoustic

impedance ZS;a ¼ ZAS ¼ ZM=S for their local counterparts.

In the following analysis, we drop the angled brackets

denoting spatial averaging (in essence assuming cross-

sectional uniformity) with the understanding that cross-

sectional spatial averages provide the most favorable general

descriptions for the plane-wave tube system. In the acoustic

impedance analogy, spatially averaged pressure and volume

velocity are the preferred variables for potential and flow,

respectively.

B. One-dimensional wave decomposition

As developments in this section will show, one-

dimensional sound fields associated with electro-mechano-

acoustical systems may be readily separated into forward

and backward propagating wave components. This enables

one to conveniently deduce acoustic pressures incident upon,

reflected from, and transmitted past points of interest. While

traditional analytical formulations of this sort are often cum-

bersome or impractical for complicated systems (like that

described herein), analogous circuit representations can

greatly simplify the work.

Suppose a one-dimensional sound field exists in a region

adjacent to one or more electro-mechano-acoustical devices

in a system. The acoustic impedance ZAðxÞ and either the

total acoustic pressure p̂ðxÞ or volume velocity ÛðxÞ are also

known at a position x in the field. The incident and reflected

acoustic pressures p̂iðxÞ and p̂rðxÞ may be easily derived

from these quantities. To see this, one first writes the total

acoustic pressure as

p̂ðxÞ ¼ p̂iðxÞ þ p̂rðxÞ ¼ p̂iðxÞ 1þ p̂rðxÞ
p̂iðxÞ

� �

¼ p̂iðxÞ½1þ RðxÞ� ¼ p̂iðxÞ 1þ
ZAðxÞ �

q0c

S

ZAðxÞ þ
q0c

S

2
64

3
75

8><
>:

9>=
>;

¼ 2p̂iðxÞ
ZAðxÞ

ZAðxÞ þ
q0c

S

2
64

3
75; (1)

where R(x) is the complex pressure-amplitude reflection

coefficient evaluated at the position x, q0 is the ambient den-

sity of air, and c is the speed of sound. It follows that

p̂iðxÞ ¼
p̂ðxÞ

2
1þ q0c

ZAðxÞS

� �
(2)

and

p̂rðxÞ ¼
p̂ðxÞ

2
1� q0c

ZAðxÞS

� �
: (3)

Because the total pressure is the sum of the incident and

reflected pressures, the problem may be represented in analo-

gous circuit form as shown in Fig. 5, where ZAðxÞ is parti-

tioned into two components corresponding to the two pressure

components as ZAðxÞ ¼ ZA;iðxÞ þ ZA;rðxÞ. In this case,

ZA;iðxÞ ¼
ZAðxÞ þ

q0c

S
2

(4)

and

ZA;rðxÞ ¼
ZAðxÞ �

q0c

S
2

: (5)

From the circuit diagram it is also clear that

FIG. 4. Simplified acoustic impedance circuit representing a passive

moving-coil loudspeaker driver in a plane-wave tube transmission loss

measurement system. The upstream tube has been replaced with a constant-

incident-pressure source and a semi-infinite tube for convenience in

calculations.
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p̂iðxÞ ¼ ÛðxÞZA;iðxÞ ¼
ÛðxÞ

2
ZAðxÞ þ

q0c

S

h i
(6)

and

p̂rðxÞ ¼ ÛðxÞZA;rðxÞ ¼
ÛðxÞ

2
ZAðxÞ �

q0c

S

h i
: (7)

Hence, using only basic information readily available from an

analogous circuit, it is possible to decompose the total acous-

tic pressure at a given field point into forward and backward-

propagating components in a straightforward manner. This

saves considerable effort in mathematical analysis and com-

putation, and is particularly beneficial for intricate systems

involving multiple physical domains (i.e., acoustical, mechan-

ical, and electrical). Moreover, because of the widespread

availability of numerical circuit analysis tools, it facilitates

rapid evaluation of even very complicated systems. The fol-

lowing section demonstrates how the approach simplifies the

prediction of normal-incidence sound transmission through an

electro-mechano-acoustical device.

C. General prediction of normal-incidence sound
transmission

Transmission loss (TL) is a key measure in the predic-

tion and evaluation of sound transmission through acoustic

filters, materials, mufflers, partitions, and other elements. It

is typically defined as

TL ¼ 10 log10

1

s

� �
; (8)

where s is the sound-power transmission coefficient, defined

as the ratio of time-averaged sound power transmitted

through the device hWtit to the time-averaged sound power

incident upon it hWiit.
41,44 It quantifies sound-reducing prop-

erties as though they were independent of excitation sources

and source spaces. Transmission loss analyses often assume

constant incident pressure fields and anechoic transmitting

fields.42,45

Normal-incidence transmission loss is an important spe-

cific measure. If one assumes normal plane-wave propaga-

tion on either side of an electro-mechano-acoustical device

under test, s may be characterized as

s ¼ hWtit
hWiit

¼ qucuSd

qdcdSu

jp̂tj2

jp̂ij2
; (9)

where qucu and qdcd are the characteristic fluid impedances

of the upstream (source) and downstream (receiving) fields,

respectively, and Su and Sd are their cross-sectional areas.

Because the adjacent fields may be separated into forward

and backward-propagating components as described earlier,

it is a straightforward matter to predict the transmission loss

using analogous circuits. However, if a constant incident

pressure source is used as in Fig. 4, there is no need to

decompose the upstream field.

Consider an arbitrary passive, active, or active/passive

device (black box) separating a source space and receiving

space, as depicted in Fig. 6. The acoustic impedance looking

directly into the upstream face of the box is ZA;u. The acoustic

impedance looking into the receiving tube from its down-

stream face is ZA;d . The (spatially averaged) total acoustic

pressures on the two faces are represented by p̂u and p̂d,

respectively, while the corresponding volume velocities are

Ûu and Ûd . The acoustic pressure incident upon the box and

that transmitted past the box (i.e., the acoustic pressure inci-

dent upon the receiving space) are then solved using Eq. (6)

with appropriate upstream and downstream values.

Substituting the resulting expressions into Eq. (9) yields the

following normal-incidence sound transmission coefficient:

s ¼ qucuSd

qdcdSu

���� Ûd

Ûu

����
2 ZA;d þ

qdcd

Sd

ZA;u þ
qucu

Su

�������
�������
2

: (10)

The volume velocity ratio in this expression is advantageous

because in the solution of simultaneous circuit loop equa-

tions, Cramer’s rule typically produces denominators for the

volume velocities that are identical. In some cases, the vol-

ume velocities themselves are identical. As a result, the ratio

often leads to simpler mathematical representations. In addi-

tion, ZA;u generally incorporates ZA;d in some fashion. This

may lead to further simplifications and clarify how the

receiving space termination impedance affects the calculated

transmission loss of the black box. Nevertheless, as men-

tioned earlier, one usually assumes that receiving spaces are

free fields such that ZA;d ¼ qdcd=Sd for one-dimensional sys-

tems. In this case, it is also true that p̂t ¼ p̂d. These results

consequently affect Eq. (10).

FIG. 5. Acoustic impedance circuit showing the decomposition of incident

and reflected acoustic pressure at a point x in a one-dimensional acoustical

section of an electro-mechano-acoustical system. At this point, the acoustic

impedance is partitioned into two components as ZAðxÞ ¼ ZA;iðxÞ þ ZA;rðxÞ.

FIG. 6. Acoustic impedance circuit of an arbitrary black box (two-port net-

work) separating an upstream (source) space and a downstream (receiving)

space.
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If the source and receiving spaces have identical

characteristic impedances and cross-sectional areas, i.e., if

qucu ¼ qdcd ¼ q0c and Su ¼ Sd ¼ S, Eq. (10) simplifies to

s ¼
���� Ûd

Ûu

����
2 ZA;d þ

q0c

S

ZA;u þ
q0c

S

�������
�������
2

: (11)

Both this expression and Eq. (10) may be easily applied to a

variety of normal-incidence sound transmission problems

D. Normal-incidence transmission coefficient
of a baffled loudspeaker

To explore the normal-incidence transmission coeffi-

cient of the baffled loudspeaker, we return to the analogous

circuit in Fig. 4, incorporating the assumption that the frame

and magnet structure are acoustically unobtrusive at all fre-

quencies of interest. The circuit yields several useful

relationships:

ZA;u ¼
ZM

SD
2
þ ðBlÞ2

ðZE þ ZETÞSD
2
þ ZATT ; (12)

ZA;d ¼ ZATT ; (13)

Ûu ¼ Ûd ¼ ÛD: (14)

(If the filtering of the frame and magnet structure are to be

considered, one must substitute Z0ATT for ZATT .) Use of these

relationships in Eq. (11) leads to the inverted transmission

coefficient

1

s
¼ 1þ

ZM þ
ðBlÞ2

ðZE þ ZETÞ
ZATTS2 þ q0cS

S

SD

� �2

�������
�������
2

: (15)

As indicated earlier, several conditions may be consid-

ered for the electric test impedance ZET. If the driver termi-

nals are open circuited, ZET !1 and the inverted

coefficient becomes

1

sOC
¼
����1þ ZM

ZATTS2 þ q0cS

S

SD

� �2����
2

: (16)

If the driver terminals are closed circuited, ZET ! 0 and the

inverted coefficient becomes

1

sCC
¼ 1þ

ZM þ
ðBlÞ2

ZE

ZATTS2 þ q0cS

S

SD

� �2

�������
�������
2

: (17)

All three forms may be profitably compared to the inverted

transmission coefficient for an ideal single-leaf partition (or

ideal open-circuit loudspeaker) with cross-sectional area

SD ¼ S and an anechoic receiving tube termination

ðZATT ¼ q0c=SÞ:34,41

1

sSL
¼
����1þ ZM

2q0cS

����
2

: (18)

III. NONANECHOIC DOWNSTREAM TERMINATIONS
AND DECOMPOSITIONS OF DOWNSTREAM FIELDS

When Chung and Blaser introduced the concept of

normal-incidence transmission loss measurements using the

two-microphone transfer function technique,29,30 they pro-

posed an experimental arrangement involving both upstream

and downstream microphone pairs for field decompositions.

The downstream pair was included in the arrangement de-

spite the presence of a supposedly anechoic receiving tube

termination. The authors acknowledged the fact that nonane-

choic terminations detrimentally impact measured data, but

stated, “The anechoic end condition [was] not the require-

ment in the… method.” Because no further explanation was

given, one is left to question the rationale of their down-

stream measurement approach.

A passive anechoic termination typically falls short of

producing ideal absorption at some frequencies. The absorp-

tion coefficient of a porous wedge-like termination progres-

sively drops below 0.99 at frequencies below its anechoic

“cutoff frequency.” A downstream microphone pair might

then be used to decompose the receiving tube field into the

steady-state pressure components incident upon and reflected

from the termination, allowing the incident component to act

as the transmitted pressure. However, because transmission

loss measurements inherently require the loading of an ideal

anechoic receiving space,42 one must question whether the

downstream field decomposition really produces better experi-

mental results or not. Is the pressure component incident upon

the termination a better representation of the ideal transmitted

pressure than the total downstream pressure itself? Would the

use of the latter and a simple assumption of an anechoic ter-

mination make a difference for better or worse?

A. Analytical formulations

Consider the case of the open-circuit driver in the test

system, with the inverted transmission coefficient given in

Eq. (16). Constant upstream incident pressure and down-

stream pressure decomposition were used in the derivation

of the expression. The result is theoretically equivalent to

that produced by the two-microphone transfer function tech-

nique when both upstream and downstream microphone

pairs are used to separate the incident (right-going) pressure

components. Again, the component incident upon the receiv-

ing tube serves as the transmitted pressure.

How does this compare to the case in which one simply

assumes the termination is anechoic then uses the total

downstream pressure (i.e., without downstream decomposi-

tion) on the transmitting side of the driver as the transmitted

pressure? The total pressure p̂d ¼ ÛDZATT follows from Fig.

4. Using this for p̂t in Eq. (9) leads to an alternative expres-

sion for the inverted transmission coefficient
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1

sOC
¼ 1

4
1þ

ZM
S

SD

� �2

þ q0cS

ZATTS2

�������
�������
2

: (19)

By way of comparison to this and Eq. (16), the correct

expression (assuming a truly anechoic receiving field) is

1

sOC
¼ 1þ

ZM
S

SD

� �2

2q0cS

�������
�������
2

; (20)

which follows directly from both Eqs. (16) and (19) when

ZATT ¼ q0c=S. When ZATT becomes larger than this, the first

formulation in Eq. (16) tends to be too small, but the second

formulation in Eq. (19) tends to be even smaller. When ZATT

becomes smaller than this, the first expression tends to be

too large, but the second expression tends to be even larger.

This clearly suggests that the first formulation, involving

both upstream and downstream field decompositions (as pro-

posed by Chung and Blaser) tends to produce smaller mea-

surement errors than the second approach. Interestingly, this

result contradicts the assertion of other authors, who stated

that the concept of downstream decomposition was simply

erroneous.46 However, the development here shows only one

example related to specific plane-wave tube partitions.

Additional exploration is required before a more general

conclusion can be drawn.

B. Numerical example

A simple numerical example of a nonideal frequency-

dependent termination impedance follows by assuming the

termination is a porous layer of depth d and using the viscous

Rayleigh model for porous materials to roughly characterize

its behavior.47 If the cross-sectional area of the termination

is S, its acoustic impedance is approximately

ZAT ¼ �j
q0c

rS
1� j

N0

q0x

� �1=2

cot ~k
0
md; (21)

where r is the porosity, N0 is the specific flow resistance of a

characteristic pore, and

~k
0
m ¼ k 1� j

N0

q0x

� �1=2

(22)

is the complex acoustic wave number within the material.

The pressure-amplitude reflection coefficient looking into

the termination is then

RT ¼
ZAT �

q0c

S

ZAT þ
q0c

S

; (23)

and the absorption coefficient is

aT ¼ 1� jRT j2: (24)

Propagation losses over the length of the tube may also be

addressed through the introduction of a complex wave num-

ber ~k ¼ k � jap, where ap is the total propagation absorption

(attenuation) coefficient.48 However, for many practical tube

lengths, cross-sectional areas, and terminations, the effects

of these losses are negligible.

Table I lists several properties of a small driver and a

plane-wave tube measurement system, including a nonideal

absorptive termination. The frequency-dependent absorption

coefficient of the termination is shown in Fig. 7. The ideal

transmission loss of the driver (i.e., that evaluated with an

ideal anechoic termination) and those resulting from Eqs.

FIG. 7. Absorption coefficient of a hypothetical receiving tube termination

for a plane-wave tube measurement system. Properties of the porous termi-

nation are listed in Table I.

TABLE I. Example properties of a loudspeaker driver, measurement system, and air within the measurement system.

Loudspeaker driver Measurement system Air

Parameter Value Property Value Property Value

Bl 3:10 T m S 7.85� 10�3 m2 q0 1.21 kg/m3

CMS 5.00� 10�4 m/N Ld 1.00 m c 343 m/s

f0 105 Hz d 1.00 m c 1.402

LE 0.300 mH r 0.95 g 1:85� 10�5 Pa s

MMD 4.58� 10�3 kg N0 1000 kg=m3 s cp 1:01� 103 J=kg K

RE 6.50 X j 0:0263 W=m K

RMS 0.575 kg/s Pr 0.710

SD 5.30� 10�3 m2
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(16) and (19) with the nonideal termination are given in

Fig. 8. They include minor propagation losses in the tube. As

suggested earlier, the first measurement formulation in Eq.

(16) effectively involves both upstream (through a constant

incident pressure source) and downstream field decomposi-

tions. It tends to produce smaller extremes in measurement

error than the second formulation in Eq. (19), which involves

the isolated upstream incident pressure and the total down-

stream pressure for the transmitted pressure. For either esti-

mate, the figure demonstrates the likelihood of greater errors

for frequencies with less absorption and the need to maintain

the anechoic termination behavior to as low a frequency as

possible. Despite the use of both upstream and downstream

field decompositions, the presence of an anechoic receiving

tube termination remains important.

The absorption of even a very deep, porous, wedge-like

termination rolls off at sufficiently low frequencies (e.g.,

when its depth becomes small compared to wavelength). For

drivers with very low resonance frequencies, the method

could thus require a very long measurement apparatus. (For

example, in preliminary measurements, the authors

employed a 2.5 m resistive termination.13,38) Effective meas-

urements can be made with these terminations, but if their

lengths become problematic, the two-load method could pro-

vide a robust solution.49,50 The latter enables the assessment

of transmission coefficients that would have been measured

under more ideal conditions using relatively short termina-

tions. Resonant passive absorbers, hybrid passive absorbers,

active absorbers, or hybrid active/passive absorbers could

also be developed to provide good results.

IV. DERIVATION OF DRIVER PARAMETERS

Once successful transmission loss measurements have

been conducted for open and closed-circuit driver condi-

tions, various loudspeaker parameters can be derived from

the transmission coefficients. The following sections provide

the details of these derivations.

A. Resonance frequency

The inverted open-circuit transmission coefficient in

Eq. (16) may be expanded as

1

sOC
¼

q0cSþ RATTS2 þ RM
S

SD

� �2
" #2

þ XATTS2 þ XM
S

SD

� �2
" #2

ðq0cSþ RATTS2Þ2 þ ðXATTS2Þ2
: (25)

If the receiving tube termination is truly anechoic or the

transmission coefficient has been carefully measured with

the two-load (or comparable) method (hereafter termed

“ideal measurement conditions”), RATT ¼ q0c=S and XATT ¼ 0

in the expression. After substituting these values, expanding

the expression further, differentiating it with respect to fre-

quency, and setting the result to zero, one finds the minimum

of the inverted transmission coefficient, which corresponds

to the in vacuo resonance frequency of the driver:

f0 ¼
1

2p

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
1

MMDCMS

r
: (26)

Under nonideal measurement conditions, the frequency

corresponding to the minimum of the function will depend

to some degree upon the termination impedance and may

differ somewhat from this result. The effect is illustrated in

Fig. 8, wherein the actual resonance frequency is 105.2 Hz

and the estimated resonance frequency (corresponding to the

minimum in the transmission loss for the first estimate) is

99.1 Hz. The obvious way to correct the discrepancy is to

ensure ideal anechoic behavior in the vicinity of the reso-

nance (or use an ideal implementation of the two-load or

comparable method). However, computational tools, includ-

ing curve-fitting routines, might also be used with for less

ideal conditions to suitably estimate the resonance frequency.

B. Mechanical resistance of the suspension

Because the mechanical reactance of the driver dia-

phragm assembly vanishes at the resonance frequency,

the mechanical resistance of the suspension follows from

Eq. (25) as

FIG. 8. Transmission loss of an open-circuit driver with parameters given in

Table I. Two approximations to the transmission loss are plotted against the

actual transmission loss (i.e., for an ideal anechoic receiving tube termina-

tion). The approximations result from a nonideal termination with the

frequency-dependent absorption coefficient given in Fig. 7. The first approx-

imation, based on Eq. (16), uses both upstream and downstream field

decompositions. The second approximation, based on Eq. (19), uses only an

upstream field decomposition and the total downstream pressure for the

transmitted pressure.
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RMS ¼
SD

S

� �2

6
1

sOC;0
½ðq0cSþ RATTS2Þ2 þ ðXATTS2Þ2� � ðXATTS2Þ2

� 	1=2

� ðq0cSþ RATTS2Þ
 !

; (27)

where sOC,0 is the transmission coefficient at resonance. In

this expression and others that follow, the 6 sign must be

adapted to satisfy physical constraints. It is chosen here to

ensure RMS is positive. While the inclusion of RATT and XATT

partially compensates for nonideal termination behavior

(i.e., via downstream field decomposition), any error in the

foregoing selection of f0 can still lead to an error in sOC,0,

which may in turn produce some error in the value of RMS.

Under ideal measurement conditions, the expression reduces

to

RMS ¼ 2
q0c

S
SD

2 6
1

sOC;0

� �1=2

� 1

" #
: (28)

C. Mechanical reactance, moving mass,
and compliance of the diaphragm assembly

The frequency-dependent mechanical reactance of the

diaphragm assembly may also be solved from Eq. (25) as

XM ¼
SD

S

� �2

6
1

sOC
½ðq0cSþ RATTS2Þ2 þ ðXATTS2Þ2� � q0cSþ RATTS2 þ RMS

S

SD

� �2
" #2

8<
:

9=
;

1=2

� XATTS2

0
B@

1
CA: (29)

The mechanical resistance RMS is first solved as outlined in

the previous section then substituted into this formula. The

6 sign is chosen in this case to ensure the reactance is nega-

tive below and positive above f0. Under ideal measurement

conditions, the expression reduces to the form

XM ¼ 6
SD

S

� �2

� 1

sOC
ð2q0cSÞ2 � 2q0cSþ RMS

S

SD

� �2
" #2

8<
:

9=
;

1=2

:

(30)

In both expressions, RMS is assumed to remain constant over

the measurement bandwidth.

The effective moving mass of the diaphragm assembly

MMD and the effective mechanical compliance of the suspen-

sion CMS are related to one another through Eq. (26) and the

mechanical reactance

XM ¼ xMMD �
1

xCMS
: (31)

They may therefore be estimated through curve fitting or

from asymptotic behaviors of the reactance curve at

stiffness-controlled (low-frequency) and mass-controlled

(high-frequency) extremes:

CMS �
1

xXM;LF
(32)

MMD �
XM;HF

x
: (33)

Values near the lowest and highest valid measurement fre-

quencies may therefore be used (directly or through extrapo-

lation) to approximate the two quantities. Equation (26) may

subsequently be used to validate these values or produce one

parameter after the other has been estimated. (Depending

upon the characteristics of the driver and measurement sys-

tem, one parameter may be easier to estimate using the as-

ymptotic approach than the other.)

D. Force factor (Bl product)

The expression for the inverted closed-circuit transmis-

sion coefficient in Eq. (17) may be expanded as

1

sCC
¼

q0cSþ RATTS2 þ RMS þ
ðBlÞ2RE

R2
E þ X2

E

" #
S

SD

� �2
( )2

þ XATTS2 þ XM �
ðBlÞ2XE

R2
E þ X2

E

" #
S

SD

� �2
( )2

ðq0cSþ RATTS2Þ2 þ ðXATTS2Þ2
; (34)

where RE and XE are the electric voice-coil resistance and reactance, respectively. The Bl product follows directly from this

result as
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Bl ¼ 6
SD

S

� �2

� RATTS2 þ q0cSþ RMS
S

SD

� 	2
 !

RE þ XM
S

SD

� 	2

þ XATTS2

 !
XE

"(

6
1

sCC
f½RATTS2 þ q0cS�2 þ ½XATTS2�2gfRE

2 þ XE
2g

 

�
(

XM
S

SD

� �2

þ XATTS2

" #
RE þ RATTS2 þ q0cSþ RMS

S

SD

� �2
" #

XE

)2!1=2#)1=2

; (35)

where the 6 signs are selected to ensure Bl is real, positive, and relatively invariant over frequency. While the easily measura-

ble RE may be known, the frequency-dependent XE may not be. Nevertheless, because it characteristically becomes very small

in the low-frequency limit,

Bl � 6 RE
SD

S

� �2

� RATT;LFS2 þ q0cSþ RMS
S

SD

� 	2
 !

6
1

sCC
f½RATT;LFS2 þ q0cS�2 þ ½XATT;LFS2�2g

0
@

2
64

8><
>:

� XM;LF
S

SD

� �2

þ XATT;LFS2

( )2
1
A

1=2
3
75
9>=
>;

1=2

: (36)

This expression is conveniently independent of XE and under ideal measurement conditions reduces to the form

Bl�6 RE
SD

S

� �2

� 2q0cSþRMS
S

SD

� �2
 !

6
1

sCC
f2q0cSg2� XM;LF

S

SD

� �2
( )2

0
@

1
A

1=2
2
64

3
75

8><
>:

9>=
>;

1=2

: (37)

E. Voice-coil inductance

Equation (34) may also be solved for XE in terms of the force factor and other parameters:

XE ¼
1

b
�ðBlÞ2 S

SD

� �2

XATTS2 þ XM
S

SD

� �2
" #

6

 
�ðREbÞ2 þ ðBlÞ2 S

SD

� �2
" #2

bþ XATTS2 þ XM
S

SD

� �2
" #2

8<
:

9=
;

8<
:

þ 2 RATTS2 þ q0cSþ RMS
S

SD

� �2
" #

ðBlÞ2 S

SD

� �2

REb

!1=2
9=
;; (38)

where

b ¼ 1

sCC
½ðXATTS2Þ2 þ ðRATTS2 þ q0cSÞ2� � RATTS2 þ q0cSþ RMS

S

SD

� �2
" #2

þ XATTS2 þ XM
S

SD

� �2
" #2

8<
:

9=
;: (39)

Under ideal measurement conditions,

XE ¼
1

b
�ðBlÞ2 S

SD

� �2

XM
S

SD

� �2

6

 
�ðREbÞ2 þ ðBlÞ2 S

SD

� �2
" #2

bþ XM
S

SD

� �2
" #2

8<
:

9=
;

8<
:

þ2 2q0cSþ RMS
S

SD

� �2
" #

ðBlÞ2 S

SD

� �2

REb

!1=2
9=
;; (40)

where

b ¼ 1

sCC
ð2q0cSÞ2 � 2q0cSþ RMS

S

SD

� �2
" #2

þ XM
S

SD

� �2
" #2

8<
:

9=
;: (41)
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If the electric reactance is inductance controlled and the Bl
product is known independently, the voice-coil inductance is

simply

LE ¼
XE

x
: (42)

The 6 sign in Eqs. (38) and (40) are adapted to ensure LE is

positive. Since the classical model11 of the blocked electric

impedance ZE � REþ jxLE often provides an inadequate

representation of its true frequency-dependent behavior, the

method described herein could be applied (e.g., through

curve fitting) to more advanced ZE models, which might

include semi-inductive and other effects.51,52

F. Numerical example

Consider again the hypothetical driver and measurement

system described in Table I, with the nonideal termination

absorption coefficient shown in Fig. 7. The preceding formu-

las and methods may be applied to the inverted transmission

coefficient 1/sOC (from the dashed transmission loss curve in

Fig. 8) to predict the driver parameters as they would follow-

ing an actual measurement. The formulations involving both

upstream and downstream field decompositions produce

more accurate parameter values than those based on the al-

ternative formulations. The former are given in Table II,

along with actual parameter values and percentage errors. In

this example, MMD was determined using the asymptotic

high-frequency relationship in Eq. (33), but with a maximum

simulated measurement frequency of 2 kHz (the approxi-

mate cutoff frequency of the first plane-wave tube cross

mode) and no extrapolation. The value for LE was deter-

mined from Eq. (42) at 1 kHz.

The errors for f0 and RMS would have been smaller had

the receiving tube termination been more anechoic (or the

two-load method been used) in the vicinity of the driver res-

onance frequency. However, curve fitting can improve the

results without system modifications. In some cases, even a

simple fit and calculation iteration can improve the outcome.

For example, by using the asymptotically fitted CMS and

MMD parameter values from Table II, one can reestimate f0
using Eq. (26) and implement the result to recalculate RMS

using Eq. (27) and the original 1/sOC. Subsequent calcula-

tions yield little if any change to the estimated values of CMS

and MMD, but they do improve those of Bl and LE. As shown

in Table III, this second calculation iteration provides pa-

rameter estimates that are consistently within 1% of the

actual values. Thorough curve-fitting methods, such as those

involving constrained optimization for functions of several

variables, might incorporate parameter values from the first

or second iteration as initial estimates then process the data

to produce even more accurate results.

While the parameter formulas appear to be frequency

dependent, they should (in principle) produce correct values

over frequency, including those that should be nearly con-

stant. Of course, this is not exactly the case when prior esti-

mation errors are present. Alternate 6 signs are also

required to satisfy physical constraints over frequency, but

they can be chosen algorithmically according to the guide-

lines given throughout Sec. IV.

V. CONCLUSIONS

This paper has introduced the use of plane-wave tubes

and normal-incidence transmission loss measurements to eval-

uate several classical parameters of moving-coil loudspeaker

drivers. The method may also extend to more elaborate loud-

speaker models and their parameters. It employs only acousti-

cal excitation and measurement (no direct electrical excitation

or measurement) and may thus be used to complement and

validate existing electrical measurement techniques. It natu-

rally extends to the evaluation of passive radiator parameters

and could easily extend to the evaluation of other types of

loudspeaker drivers (e.g., appropriately sized electrostatic

drivers, planar magnetic drivers, etc.).

The measurement method is subject to systematic and

random errors, as are other methods. This paper has explored

one source of systematic error resulting from nonanechoic

receiving tube terminations. Long, well-designed resistive

terminations and downstream field decompositions can pro-

vide good measurement results. The two-load method would

provide a robust solution with shorter terminations. The de-

velopment and use of broadband anechoic terminations

involving resonant or active elements could also be consid-

ered. Curve-fitting routines may be successfully employed

with less ideal terminations and measurement methods to

produce acceptable parameter values.

Other sources of error and their relationships to mea-

surement accuracy and precision merit further investigation

TABLE II. Estimated parameter values, actual parameter values, and

rounded percentage errors for the simulated measurement of the loudspeaker

driver described in Table I. The frequency-dependent inverted transmission

coefficient (corresponding to the dashed transmission loss curve in Fig. 8)

was used with the parameter formulations to produce these values.

Parameter Estimated value Actual value Percentage error

Bl 3:14 T m 3:10 T m 1.3

CMS 5.00� 10�4 m/N 5.00� 10�4 m/N 0.0

f0 99.1 Hz 105.2 Hz 5.8

LE 0.296 mH 0.300 mH 1.3

MMD 4.57� 10�3 kg 4.58� 10�3 kg 0.3

RMS 0.549 kg/s 0.575 kg/s 4.5

TABLE III. Estimated parameter values, actual parameter values, and

rounded percentage errors for the simulated measurement of the loudspeaker

driver described in Table I. In this case, f0 was reestimated via Eq. (26) with

CMS and MMD from Table II, then used to recalculate RMS via Eq. (27). The

results were used in subsequent calculations described in Sec. IV. This sec-

ond calculation iteration yields greater accuracy in all estimates except those

of CMS and MMD.

Parameter Estimated value Actual value Percentage error

Bl 3:13 T m 3:10 T m 1.0

CMS 5.00� 10�4 m/N 5.00� 10�4 m/N 0.0

f0 105.3 Hz 105.2 Hz 0.1

LE 0.298 mH 0.300 mH 0.7

MMD 4.57� 10�3 kg 4.58� 10�3 kg 0.3

RMS 0.576 kg/s 0.575 kg/s 0.2
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and improvement. The use of upstream pressure-amplitude

reflection coefficients has not been discussed in this paper,

but it may prove useful for certain applications, including

the measurement of drivers without open frames. We en-

courage exploration of these and other areas to refine the

method and increase its utility.
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