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ABSTRACT

The realisation of a functional Sound Port would be aided considerably if a
bi-directional transducer were available. Electrodynamic transducers are
capable of being used as the basis of a such a transducer. An analogue circuit
model has been established which can be used to simulate both directions of
their operation with reasonable accuracy. An 'in progress' design for a
method of recovering the microphone signal from the speaker signal is
presented. Initial results suggest the concept is valid but expose practical
difficulties.
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1. INTRODUCTION

1.1. The Sound Port

The Sound Port is a telecommunications device which enables the transmission and
reception of sound in both directions between two distant rooms. The device is a 'virtual
hole' in the supposed adjoining wall between the two locations. Entire wavefronts are
transmitted providing the cues necessary to identify where in the remote room the sound
sources are located and to characterise the room's acoustics.

In Figure 1 wavefronts are shown travelling from a source in the left room into the right
room. This is the direct sound. In addition, wavefronts reflect off rigid surfaces
producing complex propagation patterns. From the myriad possible paths, three
particular cases can be identified (there are many others).

1. From source, through hole to observer
2. From source, reflected in local room, through hole to observer
3. From source, through hole, reflected in remote room, back through hole to source

The first path provides the necessary spatial cues to allow the observer to determine the
direction the sound is coming from. The second set conveys a sense of the acoustic of
the left room to the observer. The third case adds to those reflections which do not pass
through the hole, thus the right room appears to the source to be an extension of the left
room.
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Figure 2 - Sound Port acts as a virtual hole between two remote rooms
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Figure 1 - Path of wavefronts from one room through a hole
into an adjoining room. N.B. Reflected wavefronts have not
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This flow of sound occurs naturally through a space between two adjacent rooms. The
aim of the Sound Port is to reproduce this transparently between two non-adjacent rooms
(Figure 2).

1.2. Background

A principle called Wave-Field Synthesis, which employs large numbers of microphones
and loudspeakers arranged in arrays, has been used to transmit wavefronts between
distant locations. If a simple 1-to-1 mapping of transducers is used then the Sound Port
can be seen as the sum of a large number of holes or 'sound pipes' (Figure 3).

If communication were only required in one direction then a microphone at one end and
a loudspeaker at the other would be sufficient. However, for full duplex communication,
that is sound travelling in both directions down the virtual pipe at the same time, this is
not sufficient. One could envisage using complimentary microphone-loudspeaker pairs,
however, for reasons as will be explained later this may not be the best solution.

Amore elegant solution would be construct a sound pipe from a pair of transducers
which can operate in both directions at the same time, i.e. a pair of bi-directional
transducers. It is the purpose of this project to research such a transducer and to attempt
to produce a prototype.

1.3. Requirements

The fundamental requirement is for a transducer with a single surface which measures
the pressure on it due to incident sound waves and outputs this as a proportional
electrical signal. At the same time it should also be capable of producing a sound
pressure which is proportional to an electrical input signal. Thus, the transducer should
simultaneously function as a microphone and loudspeaker.

Further requirements for the transducer are identified in section 5 as a result of the
literature review (section 2).

1.4. Report Structure

An analysis of the literature relevant to the development of the Sound Port is reviewed in
section 2. A set of aims and objectives are set out in section 3. Electrodynamic theory is
analysed in further depth leading to the production and verification of a transducer
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Figure 3 - Sound Port made up of a number
of 'sound pipes'



model in section 4. In section 5 a system specification is developed and a design concept
is established. The resulting requirements for a transducer are identified in section 6 and
a suitable transducer selected and methods of optimising it's performance explored.
Section 7 details the development of an experimental prototype system which is
evaluated in section 8. Conclusions and recommendations for further work are presented
in sections 9 and 10 respectively.

1.5. Terms of Reference

An analysis of the signals travelling into, out of and through a bi-directional transducer
has the potential to get confusing if some basic terminology is not first established. The
device which forms the subject of this report is an electrical - acoustic transducer and can
be viewed, as shown in Figure 4, as having an input and output on both sides.

On the electrical side there is a loudspeaker input which the transducer converts into the
loudspeaker output, or radiated sound. In the opposite direction, the transducer detects
the incident sound, or microphone input, which it converts to an electrical signal, the
microphone output.

Note that according to the main requirement of the project, while the loudspeaker output
and microphone input are shown as two separate signals, the interface with the acoustic
domain is via a single diaphragm.

The presence of some proportion of the loudspeaker input at the microphone output is
referred to as the crosstalk.
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Figure 4 - Transducer with electrical input and output on left and acoustic input and
output on right
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2. LITERATURE REVIEW

The purpose of the Sound Port is to communicate sound transparently between two
locations which are some distance apart. The problem incorporates aspects of spatial
audio and telecommunications. Literature from both fields is relevant in setting the
context of this project. It is also helpful to look at the specific technologies used for
sound transducers in order to identify which may be the most appropriate.

2.1. Spatial Audio

In the 1930's the researchers at Bell Laboratories were interested in how we perceive
where sound comes from, that is, how we determine where the source of a sound is
located. In his paper, 'Auditory Perspective,' Snow describes the basis for the Sound
Port,

“...when one listens to music, such as a symphony orchestra, one hears sound that – at
least originally – passes through the opening between stage and auditorium. If this
space were filled by an array of microphones, therefore, each of which was electrically
connected by an individual circuit to a loud speaker similarly placed before an audience
at a distant point, the audience would then hear – assuming perfect transmission –
exactly what they would have, had they been listening directly.”

(Snow, 1934)

The aim is the reproduction at a remote location of sound which passes through a gap.
'Perfect transmission' is assumed. Therefore, the transducers would not colour the sound
in any way and all sound incident on the microphone array would be passed to the
loudspeaker array. This in turn, infers that both direct and reflected waves are included.

In the quote, Snow is essentially describing a first principles approach to what would
later be coined the Sound Port. However, at the time, large numbers of channels and
transducers were impractical and so an engineering simplification using just two or three
were instead tested. The results led to two channel stereo sound. Since then a number of
other spatial audio systems have been developed, such as Dolby Stereo and Ambisonics.
However, the accuracy of the spatial image in all these systems is dependent on the
position of the listener in the room. (Boone et al, 1995).

The concept of large transducer arrays was revisited in the 1980's. A technique called
Wave-Field Synthesis (Berkhout, 1988) exploits Huygen's principle that if the pressure
and velocity of the air on a surface is known then the pressure at any point within that
surface can be determined (Buchner et al, 2002). The important implication of this is
that a wavefront which is sampled by a microphone array can be reproduced exactly
using a loudspeaker array. This provides a mathematical justification that the intuitive
approach suggested by Snow was valid. Figure 5 shows diagrammatically the concept of
recreating a wave-field using an array of loudspeakers that has been measured using an
array of microphones.
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A sizeable amount of research has investigated various aspects of Wave-Field Synthesis.
The experiments in (Boone et al, 1995) showed that sources which were not directly
behind the loudspeaker array (Sound Port) suffered from a shadowing effect and
diffraction in the destination room. Although this was undesirable for the paper's authors
this is precisely the behaviour one would expect from a Sound Port and re-enforces that a
first principles approach is valid. The other major outcome of (Boone et al, 1995) was
that spatial aliasing becomes a problem at frequencies where the wavelength is smaller
than half the loudspeaker spacing. This is the spatial equivalent to the Nyquist sampling
theorem. A direct consequence is that a design decision will have to be made between
larger speaker diaphragms capable of better bass performance and spatial accuracy at
high frequencies.

The scope of wave-field synthesis extends beyond direct one-to-one mapping of
microphones and loudspeakers and can be used to recreate or generate virtual 3D
environments, for example, (Van Der Wal et al, 1996), (Ward and Abhayapala, 2001),
(Bleda et al, 2003) and (Teutsch et al, 2003). However, this is beyond the requirements
of the Sound Port. The aim is to attach two acoustic spaces together, not place them on
top of each other.

2.2. Telecommunications

The work described in section 2.1 is primarily concerned with the detection and
reproduction of sound in only one direction, and not necessarily at the same time. To
produce a full-duplex communications channel a number of issues must be considered.

2.2.1. Bandwidth

When a large number of transducers are used a large amount of information is
necessarily acquired. If this is to be transmitted over digital networks then it is desirable
to compress this in some way. A scheme is developed in “Coding Principles for Virtual
Acoustic Openings,” (Härmä, 2002), which exploits the highly redundant nature of the
information.

2.2.2. Time Delay

It has been shown for telecommunications that it is difficult to sustain a conversation if
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Figure 5 - Sampling and reproduction of
wavefronts (from Berkhout, 1988)



the round-trip delay of the audio is more than 100 ms (Pearce, 2005). For the Sound Port
the aim is to be able to hear the effect of an incident sound reflecting in the destination
room and travelling back through the Sound Port. This imposes a much tighter
restriction on the system delay since the human brain resolves time delays of more than
30 ms as being echoes (Howard and Angus, 1996). Clearly a real acoustic opening
would have zero transmission delay so the delay introduced by communications lines
must be kept as short as practically possible.

2.2.3. Echoes

Further to the requirement for minimum delay to avoid reverberant sound being
interpreted as echoes, the acoustic coupling of incident signals must be considered.
Figure 6 shows possible paths that sound waves could take in a room. Path A represents
a reflected wavefront. Direct reflections are observed first and are called early
reflections. These along with the reverberant sound (where multiple reflections have
taken place) are what imparts the acoustic of the room onto the signal. Path B represents
direct acoustic coupling of the output signal from a loudspeaker to an adjacent
microphone. This is undesirable as we would expect forward going waves to move away
from the hole not be fed directly back down it.

Acoustic echo cancellation is the subject of much research for teleconferencing and
hands-free telephony applications (Jeannès et al, 2001). The majority of techniques
involve some estimation of the impulse response of the room, which is then simulated
using an FIR filter. By feeding the loudspeaker signal through the filter and subtracting
it from the microphone signal the idea is that the part of the microphone signal that is an
echo (undesired) will be removed. In practice the impulse response of the room is
continuously changing and adaptive filter techniques must be used to vary the gain of the
filter. Furthermore, processing and memory limitations restrict the number of FIR co-
efficients that can be used, thus there is a residue left.

The use of this type of echo cancellation is not suitable for the Sound Port for two
fundamental reasons:
a) The impulse response of the room is a desired characteristic of the sound.
b) The convolution of each loudspeaker signal with the impulse response of the room at
each microphone is likely to become computationally prohibitive for large arrays.
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Figure 6 - Coupling paths between loudspeaker and
microphone (Jeannès et al, 2001).



2.3. Bi-directional Transducers

For a 'sound pipe,' a possible approach to overcoming the problem of acoustic echo as
described in section 2.2.3 could be to use a single, bi-directional transducer that acts as
both microphone and loudspeaker. The output signal would radiate away from the device
while the input signal would be all sounds coming from the room including source
signals and reflections, as desired. Of course, this does not completely solve the problem
as a Sound Port employing an array of bi-directional transducers would still suffer from
coupling between adjacent 'pipes.' However, if some form of convolution approach were
then taken, the number of permutations would be reduced.

As far as it has been possible to establish, a bi-directional sound transducer as is
envisaged has not yet been created. The nearest similar device which has been identified
is a headphone system which uses the driver unit as a microphone during 'off' cycles as
part of a noise cancellation system (Todter et al, 1999). This does not satisfy the
requirement to operate in both directions simultaneously. The development of a bi-
directional transducer should therefore begin by identifying an existing technology on
which to base a design.

2.4. Transducer Technologies

Loudspeakers and microphones can operate on a number of different principles. Olson
(Olson, 1947) provides a comprehensive introduction to the various groups.
Electrostatic and electrodynamic transducers give superior performance compared to
carbon and piezoelectric devices. Electrostatic microphones are arguably preferable to
electrodynamic types in terms of frequency response and sensitivity, however, the main
concern for a bi-directional transducer is consistency of operation in both directions.

Electrostatic microphones have only two plates with one also acting as the diaphragm.
Electrostatic speakers on the other hand employ a diaphragm which is suspended
between two charged plates. It is desirable for this project that a commercially available
driver be used for experimentation. The construction of a hybrid electrostatic
microphone/loudspeaker would require a completely new mechanical system to be
developed, which is infeasible with the resources and expertise available.

Electrodynamic transducers, on the other hand, have essentially the same construction
regardless of the direction of energy transformation. It is this reversibility that suggests
electrodynamic transducers offer the most promising route for investigation.

2.5. Summary of Literature

• Transducer arrays can be used to detect and recreate wavefields allowing spatial
accuracy regardless of listener position.

• Spatial accuracy is limited by the dimensions/spacing of transducers.
• Acoustic echo and delay are potentially significant factors in an acoustic
telecommunications system.

• A bi-directional transducer could assist in the acoustic feedback problem.
• There have not been any previous implementations of a bi-directional transducer.
• An electrodynamic based system offers the best structure and sound quality for
reversible operation.

Alastair Moore 11 MEng Project Report



3. PROJECTAIMAND OBJECTIVES

3.1. Aim

The aim of the project as specified during the initial stage of the project was:

• To develop a working prototype of a bidirectional transducer capable of
producing sound at the same time as monitoring it.

This was an ambitious target and might have been better specified as:

• To investigate and work towards a bidirectional transducer capable of
producing sound at the same time as monitoring it.

3.2. Objectives

The objectives required to achieve either aim are fundamentally the same. The
difference is that to achieve the first aim all must be completed, whereas to achieve the
second aim only as many of the objectives as are realistic need be fulfilled. Therefore
the project objectives can be restated.

1. Determine a means of extracting the microphone signal from the loudspeaker signal
2. Determine the desired forward and reverse transducer responses
3. Determine theoretical equalisation requirements
4. Determine a requisite set of transducer properties which may satisfy the above
responses (including energy handling requirements/displacement)

5. Find a transducer with the requisite parameters
6. Determine the required properties (including if required at all) of a negative
impedance amplifier.

7. Design, build and test a negative impedance amplifier with the required properties
8. Test/characterise forward operation
9. Test/characterise reverse operation
10.Test combined operation
11.Determine actual equalisation requirements
12.Design, build and test suitable filters
13.Integrate filters with negative impedance amplifier and transducer.
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4. ATRANSDUCER MODEL

To determine a means of determining the microphone signal from a transducer that is
simultaneously being used as a loudspeaker (objective 1) requires an understanding of
the operation of a transducer. In this section, a model is developed based on (Olson,
1947). This is the standard way of modelling loudspeakers, however, to allow simulation
in a standard analogue circuit simulator, the less common alternative representation of
acoustic impedance has been adopted. Furthermore, to enable simulation of the
microphone characteristics of a transducer, the driving force due to the incident sound
has been added to the model.

4.1. Construction

Loudspeakers and microphones are constructed by suspending a coil of wire in a
magnetic field and attaching it to a rigid diaphragm. Figure 7 shows a simplified
diagram of an electrodynamic transducer.

This structure is modified to give the optimum properties depending on the transducer's
application. For a loudspeaker, where the goal is to fill a room with sound, a large and
therefore relatively heavy diaphragm is used. Furthermore, the structure must allow
sufficient diaphragm excursions to create the required pressure levels. Microphones,
conversely, are made exceptionally light so that only very slight variations in air pressure
result in sufficient movement of the diaphragm to produce an electrical signal. The
physical processes through which this occurs are discussed in the following sections.

4.2. Electromagnetic Energy Conversion

The basic principles of electromagnetics are assumed knowledge, however, for
completeness the two fundamental significant properties are presented (Liljencrants and
Granqvist, 2004). Figure 8 shows a further simplified version of Figure 7 (with the
directions of each vector shown).
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Figure 7 - Cross section of a simplified electrodynamic transducer showing the voice coil
suspended in the air gap between two magnetic poles and with an attached diaphragm -
adapted from (Ståhl, 1981)



The vectors shown in Figure 8 are defined in Table 1.

Table 1 - Table of Selected Electromagnetic Quantities

Symbol Quantity

B Magnetic Field Strength

i Current through wire

Fi Force on wire

v Velocity of wire

ev Voltage induced across ends of wire

Any cross section through the transducer is equivalent to Figure 8 since the coil of wire
is always at right angles to the direction of the magnetic field. The interactions can be
described:

• If a voltage is applied across the ends of the wire, current, i, flows through it,
producing an electromagnetic force, Fi, which causes the wire to move with respect to
the magnet. The force is proportional to the strength of the magnetic field, B, the
length of the wire in the field, l, and the current through the wire, i.

Eq. 1

• Any movement of a wire through a magnetic field cuts magnetic flux and thus
induces a voltage, ev, across the ends of the wire. The voltage produced is
proportional to the velocity and length of the wire and the strength of the magnetic
field

Eq. 2

This voltage induced by movement of the wire acts in the opposite direction to the
applied current, thus there is a 'back emf'. The net result is that in order to determine the
exact current through a transducer the amount of back emf must be known. The amount
of back emf produced is proportional to the velocity of the wire through the field. The
velocity of the wire in turn depends on the applied force (assumed to be constant) and the
opposing force offered by the mechanical structure of the transducer. This varies with
frequency.
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Figure 8 - Directions of force on a current carrying wire suspended in a magnetic
field (motor) and induced voltage across a wire moved through a magnetic field
(generator) – adapted from (Liljencrants and Granqvist, 2004)
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To solve the differential equations that describe the interactions within the mechanical
structure would be an arduous process. Fortunately, a number of analogies have been
developed which allow the mechanical and acoustic parts of the system to be modelled as
electrical components.

4.3. Electrical Analogies of Mechanical and Acoustic Systems

Transducers convert energy between electrical and acoustic domains. In the electrical
domain there are three basic circuit components which describe frequency impedance
relationships. The differential equations used to describe the movement of mechanical
objects (solids) and air (fluid) conform to the same three fundamental frequency
relationships (Olson, 1947). Therefore, equivalent circuit components can be defined.
The quantities listed in Table 2 are those described by Olson. However, some of the
symbols have been updated to reflect current convention.

Table 2 - Analogous properties of electrical, mechanical and acoustical systems

Electrical Mechanical Acoustical

Quantity Symbol Quantity Symbol Quantity Symbol

Electromotive
Force

e Force Fm Pressure P

Current i Velocity v Current Flow U

Resistance RE Resistance RM Resistance RA

Capacitance CE Compliance CM Capacitance CA

Inductance LE Mass MM Inertance
(Acoustic
Mass)

MA

These analogies can be used to describe loudspeakers and microphones.

In the 50's the concept of air suspension was established. This required loudspeaker
boxes to be designed to match the characteristics of the specific transducer being used.
Seminal papers by Thiele and Small (Thiele, 1971, Small, 1972 & 1973) established the
parameters that were important. These parameters are used throughout the industry to
design loudspeaker systems and simulate their behaviour.

Similar, analogy based descriptions of microphones exist but are not as well documented
and, as manufacturers tend to supply fully assembled microphones, the detailed physical
parameters are not specified.
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4.4. An Impedance Based Model

This section builds up a model of an electrodynamic transducer using the analogies
presented in Table 2. The electrical part is introduced first and then the mechanical and
acoustic parts are added. Appendix A contains a glossary of the components found in the
various incarnations of the model. The theory and figures are based on (Liljencrants and
Granqvist, 2004)

4.4.1. Electrical Impedance

The voice coil is a piece of wire and therefore has an associated electrical resistance and
an inductance. This can be modelled as a resistor in series with the inductance. Figure 9
shows these components along with a lumped impedance, ZM, which represents the effect
of the mechanical part of the system and causes the phenomenon described as the back
emf.

It should be noted that the inductance of the voice coil is not a 'well behaved' inductor in
that its impedance does not rise by a full 20 dB/decade. Thus, the equivalent inductance
is stated at a particular frequency, which may or may not be specified. Below this
frequency the inductance will be greater than suggested by the model whilst above it the
model will be more inductive than the voice coil really is.

4.4.2. Mechanical Impedance

The mechanical parts of the transducer can be broken down into the three constituent
parts shown in Table 3.

Table 3 - Impedances of mechanical parts of transducer

Symbol Description

MMS Mass of the voice coil, diaphragm and suspension

RMS Resistance of suspension and any enclosed air

CMS Compliance (springiness) of the suspension and any enclosed air

Substituting these with electrical components according to Table 2 results in a series
resonant circuit, which is coupled to the electrical impedance via a gyrator as shown in
Figure 10. A gyrator represents the wire in the magnetic field and indicates the
transformation of an electrical voltage into a mechanical velocity. The effect of the
acoustic interface of the system is represented, for now, as a lumped impedance, ZA.

Alastair Moore 16 MEng Project Report

Figure 9 - Electrical impedance of transducer



By taking account of the impedance transformation that the gyrator produces it is
possible to move the mechanical components across to the electrical side. In general the
transformation is:

Eq. 3

Therefore the following transformations occur with scaling by a factor (Bl)2:

Series mass -> parallel capacitance
Series resistance - > parallel admittance
Series compliance -> parallel inductance

Thus the transducer can also be represented as in Figure 11.
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Figure 10 - Electrical and mechanical impedances in native domains

Figure 11 - Electrical and mechanical transducer impedances transformed to electrical domain
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4.4.3. Acoustical Impedance

The electrical and mechanical parts of the transducer have been dealt with. Now it is
necessary to look at how the acoustic and mechanical parts of the system are coupled
together. Intuition says that movement of the diaphragm causes the air to move, and vice
versa, and that the bigger the area of contact between the diaphragm and the air, for a
given vibration, the bigger the coupling will be. This can be modelled by a transformer
with a turns ratio of S:1, where S is the effective surface area of the diaphragm.

The impedance seen on the acoustic side of the transformer depends on the geometry of
the radiating surface and the volume into which sound is radiating. It is normal to
consider a loudspeaker mounted in an infinite baffle radiating into a hemispherical
volume (Figure 12).

The shape of a loudspeaker cone is complex making a detailed theoretical analysis of the
radiation difficult. It is therefore customary to represent a speaker mounted in an infinite
baffle as a flat circular disc instead (Figure 13).

This is often referred to as a vibrating piston in an infinite plane and the acoustic
radiation impedance has a standard result.
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Figure 12 - Loudspeaker in infinite baffle radiating into
hemispherical volume

Figure 13 - Piston vibrating in an 'infinite' plan



Eq. 4

where
ρ0: density of air
c: speed of sound
S: surface area of piston
k: wave number (given by /c)ω
ω: angular frequency
r: radius of piston
J1(), K1(): two types of Bessel function

This has real and imaginary parts as plotted in Figure 14.
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Figure 14 - Radiation impedance of a circular piston in an infinite plane
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The radiation impedance of a piston is actually very similar to that of a pulsating sphere
(Figure 15 and Figure 16).

Eq. 5

where r is now the radius of the sphere.

The expression for the radiation impedance of a pulsating sphere can be manipulated into
the form of a parallel inductor and resistor, representing the mass and resistance of the air
(see Appendix E). The more commonly used model of radiation impedance is an
inductor in series with a resistor whose impedance varies as the square of frequency,
however this was not used due to the difficulty in simulating such a component. (See
appendix E for more information.)
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Figure 16 - Normalised radiation impedance of a pulsating sphere in free space
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For low frequencies (kr < 0.5), the similarity between the sphere and the piston mean that
the sphere model can be used in place of the piston model provided the radius is scaled to
take account of the different surface areas for the different shapes.

Therefore the radiation impedance of a loudspeaker diaphragm in an infinite baffle can
be modelled as shown in Figure 17, where

Eq. 6

Eq. 7

Figure 18 shows the impedance of the loudspeaker including the acoustic impedance
modelled by a parallel resistance and inertance.

As before, this can be transformed to be entirely in the electrical domain. The conversion
to the mechanical domain first involves a scaling due to the transformer then the
conversion to electrical follows the impedance relations:

Parallel inertance -> Series capacitance
Parallel resistance -> Series admittance

The resulting electrical domain model is shown in Figure 19.
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Figure 18 - Electrical, mechanical and acoustic impedance in native domains

Figure 17 - Acoustic impedance seen by diaphragm,
which is represented as a pressure source, P_D
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The output sound pressure is thus the current through the acoustic resistance, that is the
real part of the acoustic impedance. According to Ohm's Law, the voltage across REL also
gives a measure of the output sound pressure.
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Figure 19 - Electrical, mechanical and acoustic impedance of transducer transformed to electrical
domain
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4.5. Complete Transducer Model

By taking into consideration a voltage source as the electrical driving force and a
pressure source as the acoustic driving force, a complete model of an electrodynamic
transducer can be constructed (Figure 20).

Transformed entirely into the electrical domain, Figure 20 becomes Figure 21.

This model can be entered into an analogue circuit simulator to model the behaviour of
an electrodynamic transducer.
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Figure 21 - Full model of transducer in electrical domain

Figure 20 - Full model of transducer in native domains
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4.6. Model Verification

Before the model established in the previous section can be used with any confidence the
results it produces must be compared to actual measurements of real transducers. Three
drivers were selected at random from a distributor's website. Using the Thiele-Small
parameters provided by the manufacturers' data sheets, model circuits were determined.
These model circuits were entered into a simulator and the loudspeaker responses
compared to those provided by the manufacturers. Since loudspeakers are not generally
intended to be used as microphones, it was not possible to compare the simulated results
for the microphone responses to manufacturers' data.

4.6.1. Determination of Model Parameters

Manufacturers provide data for their drivers, however, each part of the system is
normally described in terms of its native parameters. For example mass, compliance (or
equivalent volume) and mechanical resistance. A spreadsheet was created to quickly
calculate all the required electrical analogy component values. Appendix B details the
formulae used.

4.6.2. The Simulation Process

The equivalent circuits were entered into the OrCad Capture program (see Appendix D).
An ac simulation profile was created which stimulates the model across frequencies from
20 Hz to 20 kHz. The output voltage across the radiation resistance was taken as a
measure of the output sound pressure.
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4.6.3. Scan Speak 13M 8640

The simulation circuit model for a midrange driver is shown in Figure 22.

The simulated loudspeaker frequency response and impedance has been plotted against
those provided in the manufacturer's data sheet1 in Figure 23.

The shape of the simulated frequency response is a smoothed version of the expected
response up to about 200 Hz. Above this the manufacturer's measurement flattened off
more than the simulation predicts with a difference of up to 3 dB. Above 3 kHz the plots
vary significantly.

The impedance curves are quite well matched with the resonant peak amplitude and
frequency corresponding well.

1 Available from: http://www.tymphany.com/scanspeak/scanspeak.php?line=Midrange
Last viewed: 11/06/05
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Figure 22 - Circuit model for Scan Speak 13M 8640 transducer

Figure 23 - Simulated vs data sheet frequency response and impedance of Scan Speak 13M
8640 transducer
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4.6.4. Scan Speak 13M 8636

The simulation circuit model for a second midrange unit is shown in Figure 24.

The simulated loudspeaker frequency response and impedance has been plotted against
those provided in the manufacturer's data sheet2 in Figure 25.

In a similar way to the first, the simulated and data sheet responses match closely in the
lower frequency range, this time up to 400 Hz. Above this the flattening of the measured
curve leads to a 2.5 dB difference compared to the simulated curve.

The simulated impedance again matches the resonant frequency well, although the
magnitude is less accurate.

2 Available from: http://www.tymphany.com/scanspeak/scanspeak.php?line=Midrange
Last viewed: 11/06/05
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Figure 24 - Circuit model for Scan Speak 13M 8636 transducer

Figure 25 - Simulated vs data sheet output frequency response and impedance of Scan
Speak 13M 8636 transducer
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4.6.5. Peerless CT62

The simulation circuit model for a tweeter is shown in Figure 26.

The simulated loudspeaker frequency response and impedance has been plotted against
those provided in the manufacturer's data sheet3 in Figure 27.

Again the simulated response is much smoother than the real measurement, however,
with this driver the peak of the simulated response is 3 dB below the data sheet level.
This gets worse as frequency increases.

The impedance curves are well matched.

3 Available from: http://www.d-s-t.com/link/peerless/data/801730.htm Last viewed: 11/06/05
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Figure 26 - Circuit model for Peerless CT62 transducer

Figure 27 - Simulated vs data sheet output frequency response and impedance of
Peerless CT62 transducer
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4.6.6. General Observations

In general the slope of the simulated responses match very closely the slope of the data.
Around the corner frequency the manufacturers' curves tend to flatten off whereas the
simulations rise to a peak and then fall away. The presence of the peak leads to a
difference between the curves. In all cases, the high frequency response dropped in the
simulation more than in the provided data. This can be attributed to the non-ideal
inductance which actually exists in the voice coil and which therefore does not have
quite as much impact as the one in the model.

It would have been possible to expand the model of the voice coil inductance by building
up a parallel structure but it was decided that this would unnecessarily complicate
matters.

It should also be remembered that the model is only accurate for kr < 0.5. As this
frequency is exceeded, the results become less reliable.

4.7. Simulated Microphone Frequency Response

Manufacturers, unsurprisingly, do not provide data for how their loudspeakers will
behave if used as a microphone. However, from the circuit model developed in section
4.5 the current source that represents the acoustic pressure couples directly to the
mechanical impedance, thus bypassing the high pass filter of the acoustic impedance. It
is therefore reasonable to expect that the frequency response of the microphone direction
of operation will differ from the loudspeaker frequency response by 6 dB/octave (the
slope of a high pass filter). This would therefore result in a band pass response with a
gradient of ±6 dB/octave either side the resonant peak.

The microphone output from a Peerless CT62 transducer as modelled by the circuit in
Figure 28 gives the frequency response shown in Figure 29. The 20 MΩ resistor across
the voice coil (R1 on the left hand side of Figure 28) is used to simulate an open circuit.
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Figure 28 - Simulation model for microphone response of Peerless CT62 transducer



As expected this is a band pass response centred at the resonant frequency, which for this
driver is quoted as 1500 Hz (http://www.d-s-t.com/link/peerless/data/801730.htm).

4.8. Summary

In this section the operation of an electrodynamic transducer has been described and a
model has been presented. Given the required parameters, the model allows the
behaviour of a real electrodynamic transducer to be predicted using an analogue circuit
simulator. The results show that the model provides a good overall indication of the real
world loudspeaker behaviour but it becomes less reliable at high frequencies. The model
was also used to give an indication of the expected microphone frequency response.

Now that the behaviour of electrodynamic transducers is understood, a design for a bi-
directional transducer can be developed.
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Figure 29 - Simulated frequency response of Peerless CT62 transducer
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5. CONCEPTIALDESIGN OFABI-DIRECTIONALTRANSDUCER

In this section the requirements of a bi-directional sound transducer for use in a Sound
Port are specified. A conceptual circuit arrangement for the simultaneous production and
detection of sound is presented along with additional circuit blocks needed to satisfy the
requirements.

5.1. Requirements

At this stage in the development of the Sound Port there are few specific requirements.
However, it is useful to be aware that, as was observed in section 2, the overall delay in
the system is likely to be crucial. Also, although a single bi-directional transducer is
being developed here, the need to use many together should be taken into consideration.

In response to these general requirements some specific requirements can be established:

1. The design should be based entirely in the analogue domain to avoid digital
conversion and processing delays.

2. The device should produce and detect sound simultaneously through a single
diaphragm.

3. Separate line level loudspeaker input and microphone output should be provided.
4. The total transfer functions (electrical <-> acoustic) of the loudspeaker and
microphone parts of the design should be flat (±3 dB) within limits, provisionally 200
Hz – 5 kHz.

From the transfer functions observed in section 4 it is clear that equalisation of the
loudspeaker and microphone signals will be required. However, the requirement for a
flat frequency response is secondary to the greater technical challenge of determining
what the microphone input is at the same time as producing sound through a single
transducer. Therefore the design process will first address how the area of greater
technical risk can be achieved before looking at how the performance can be improved.

5.2. Design Concept

In section 4.2 it was observed that incident sound pressure results in a proportional
current through the voice coil. It was also noted that, when a loudspeaker signal voltage
is applied across the voice coil, a current flows through the voice coil which is a function
of the impedance of the transducer. Assuming that a driver is linear, the microphone
signal should be the difference between the actual current through the voice coil and the
applied voltage divided by the impedance.

Therefore, if the microphone signal is to be determined the impedance of the transducer,
as seen by the loudspeaker signal, must be known.

In section 4.5 a model of the transducer impedance was presented. If the model was
constructed out of real circuit components and the same voltage was applied to the model
as was applied to the real transducer then the difference between their currents would, in
theory, be proportional to the microphone signal. Unfortunately, the accuracy of the
model is unlikely to be high enough. Differences in the currents due to the loudspeaker
signal through the real and model driver would be interpreted as part of the microphone
signal, which is clearly undesirable.
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However, the concept leads to an interesting question; what if a real transducer were used
in place of the circuit model? The second transducer would have to be acoustically
isolated from the first one but the actual movement of the mechanical parts would mean
that any non-linearities in the system would also be cancelled.

For this concept to work, some means of measuring the current in each transducer must
be found. This is a relatively simple problem. A resistor could be used in series with
each transducer and the difference between the two resulting voltages taken as a measure
of the microphone signal. This concept is shown in Figure 30.

This concept was simulated using the circuit show in Figure 31. The differential output
produced had the same frequency response as the simulated microphone output of a
single driver (see Figure 32 and Figure 29).
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Figure 30 - Microphone signal determined from the difference
between Vsig and Vref where only the right transducer is exposed to
the microphone input sound pressure

Figure 31 - Simulation circuit with two transducer models and current sensing resistors. Both
transducers are driven with the same loudspeaker signal, e_E, but only the right transducer is
subjected to sound pressure, I_EP. The measured microphone signal is taken as the difference
between V_sig and V_ref.



Of course, simulating the design using perfect circuit models does not take account of
inevitable small differences between the transducers. In order to determine how much
effect these differences will make real transducers must be used.
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Figure 32 - Simulated microphone frequency response when taken as difference between Vsig
and Vref

10 100 1000 10000

-60

-55

-50

-45

-40

-35

-30

-25

-20

-15

-10

-5

Simulated microphone frequency response of difference between Vsig and Vref

Frequency [Hz]

N
or
m
al
is
ed
L
ev
el
[d
B
]



5.3. Equalisation

The conceptual design simulated in section 5.2 forms the basis of how a bi-directional
transducer may be realised. However, the simulations in section 4.6 and 4.7 suggest that
to fulfil the requirement for a flat frequency response, specified in section 5.1,
equalisation of the signals will also be required. Therefore, the conceptual design can be
expanded to indicate equalisation filters on the loudspeaker input and the microphone
output, as shown in Figure 33.

5.3.1. Microphone Output Equalisation

The frequency response of the microphone output for the conceptual design was shown
in Figure 32. This is a first order bandpass response. Therefore a first order band stop
response would be required to equalise it. For practical purposes (to avoid amplifying
only noise) it would be sensible to limit the equalisation to the required bandwidth.
Therefore a filter with a response as shown in Figure 34 will be required. N.B. The
frequency axis has been shown relative to the centre of the resonant peak and the
practical limits applied to the bandwidth are therefore arbitrary.
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Figure 33 - Design concept including equalisation filters on loudspeaker input and microphone
output
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5.3.2. Loudspeaker Input Equalisation

The frequency response of a loudspeaker in the planned configuration (Figure 30) is
expected to be as shown in Figure 35.

This follows a 40 dB/decade gradient below the cut-off frequency and is essentially flat
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Figure 34 - Bode plot showing theoretical (dashed) and practical (solid) microphone
equalisation curve
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Figure 35 - Bode plot of loudspeaker frequency response relative to resonant frequency
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above this. On this basis a filter with transfer function shown in Figure 36 is required to
compensate the loudspeaker signal. Again, some limit may need to be imposed on the
bandwidth of the equalisation, the value of which is arbitrary at this point.

5.4. Summary

A bi-directional transducer design based on two transducers being driven in parallel has
been presented. By acoustically isolating one of the drivers, the microphone signal will
be determined from the difference of currents through the two transducers. This satisfies
the first objective of the project.

1. Determine a means of extracting the microphone signal from the loudspeaker
signal

Furthermore, the need for equalisation has been observed and the general form of the
filters' frequency responses established, meeting objective 3.

3. Determine theoretical equalisation requirements

The next stage is to select a transducer from which to build the design.
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Figure 36 - Bode plot showing theoretical (dashed) and practical (solid) loudspeaker
equalisation curve
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6. SELECTIONAND OPTIMISATION OFATRANSDUCER

The intended use of the bi-directional transducer in a Sound Port places specific
requirements on the individual transducers that can be used. With these in mind a
commercial loudspeaker driver is selected. Measurements are made to compare its
behaviour to that specified by its data sheet and predicted from simulations. Methods for
improving its performance are also investigated.

6.1. Requirements

As mentioned in section 2.4, a commercially available transducer is required as the
design of a custom transducer would be both expensive and beyond the scope of the
project. Furthermore, it would be sensible to use an existing transducer to demonstrate
that the design concept described in section 5 was valid before investing resources in
developing an application specific device.

The selection of a commercial device will therefore be a compromise between a number
of factors. These are described in order of perceived importance. Note that at this stage
in the development of a concept it is not always realistic to demand specific numerical
requirements. Instead, figures should be taken as a guide to desirable properties.

6.1.1. Power Handling

The transducer must be capable of producing a reasonable sound pressure. The loudest
sounds that the human ear can hear without (too much) risk of damage is 90 dB SPL
(Howard and Angus, 1996). Assuming the pressure levels in the local room never exceed
this then the transducers in the remote room need not reproduce anything greater either.
Thus the transducer should be capable of producing about 90 dB SPL pressure at its
surface.

6.1.2. Size

The planned application of the bi-directional transducer is to be part of an array of
transducers which must detect and reproduce wavefronts accurately. In the same way as
the Nyquist theorem requires that a wave be sampled at at least twice the frequency of
the highest frequency component to retain spectral integrity, a similar requirement exists
in space. For a wavefront to be reproduced perfectly it must be sampled (or detected) at
spatial intervals of half the shortest wavelength present. A quick calculation reveals that
to reproduce the full audio spectrum up to 20 kHz would require a maximum distance
between the centre of adjacent transducers of 8.5 mm.

Eq. 8

Finding a transducer of such diminutive dimensions could be problematic so the
important requirement is simply that it be as small as possible.
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6.1.3. Frequency Response

Ideally the frequency response of the system would be flat from 20 Hz to 20 kHz in both
directions. In expectation of this being unrealistic the target frequency response has
already been specified as 200 Hz to 5 kHz.

The transducer response should therefore be flat across this reduced range. However, it
was predicted in section 4 that the microphone and loudspeaker transfer functions of the
same transducer vary by a gradient of 6 dB octave. The requirement must therefore be in
terms of maximum allowable equalisation. Clearly the aim is simply to minimise this
but aiming for less than 30 dB of equalisation would be reasonable.

6.1.4. Sensitivity

There are large losses in both directions of conversion. The larger the sensitivity, the
smaller the difference between the applied current and the induced current will be.
Therefore a high sensitivity is desirable.

6.2. Implications

Requirement 6.1.1 immediately suggests that a loudspeaker rather than a microphone
will need to be used.

To keep the transducer small, a tweeter will be required. This will lead to difficulty in the
frequency response but is a trade-off that must be made. Of using a loudspeaker it seems
logical that the driver will be a better loudspeaker than it is microphone. Thus to achieve
reasonable performance in both directions a transducer which has the minimum
equalisation requirements when acting as a microphone will be selected. The
microphone frequency response is expected to be similar to a 1st order bandpass filter,
that is a resonant peak with 6 dB/octave roll-off either side. Placing the resonant peak of
the microphone response in the centre of the channel band would give a desired
frequency of 1 kHz (geometric mean of 200 Hz and 5 kHz). Note that this does not lead
to the minimum equalisation requirements overall. The most equalisation that would be
required is for the loudspeaker response at 200 Hz (lower frequency limit) which would
require 28 dB of gain applied. (The loudspeaker response slopes at 40 dB/decade or 12
dB/octave so a decade down from 1 kHz at 100 Hz the response is -40 dB. An octave
higher, at 200 Hz, the required equalisation is therefore 28 dB.)

The sensitivity requirement does not have any direct implications. It is simply preferable
to have higher rather than lower sensitivity if the choice exists.
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6.3. The Selected Transducer

After examining the data sheets of a number of drivers available through the
department's recommended supplier, Danish Speaker Technology4, the Peerless CT62
cone tweeter was identified as being potentially suitable.

This has a case diameter of 62 mm which gives a maximum frequency for no spatial
aliasing of 2.83 kHz. The resonant frequency is 1.5 kHz, slightly above the target of 1
kHz. This means that 40 dB of equalisation is expected to be required at the lower
frequency limit of 200 Hz. However, to improve this would have required a driver with a
larger diaphragm which would have further compromised the maximum frequency
before spatial aliasing.

With the compromise that had to be made between the size and frequency response the
sensitivity was not taken into consideration.

6.3.1. Microphone Response

The microphone response of the CT62 transducer was measured using a software
application called TombStone (see Appendix D) which produces a sinusoidal frequency
sweep and measures the resulting signal level from the CT62 and from a studio reference
microphone (B&K Type 2812).

A screen shot of the measurement is shown in Figure 37. The display window shows
three plots of level against frequency. The measurements are not calibrated, therefore,
the absolute values shown on the y axis are not significant. The black line shows the
microphone response of the CT62 transducer and is calculated from the difference
between the blue and red lines (actual measured signal levels from CT62 and reference
microphone respectively).

4 The company has recently merged and so the address is now www.tymphany.com/products.php.
(Last viewed: 13/05/05)
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The blue line is flat up to about 120 Hz suggesting that the desired signal is below the
noise floor in this region. This means that the slope of the black line below 120 Hz is
unreliable and should be ignored. The signal was lost below the noise floor because the
sensitivity of the CT62 used as a microphone is very low. It was measured to be a
maximum of -64.6 dBV/Pa, compared with -54.5 dBV/Pa for a typical dynamic
microphone5.

Above 200 Hz, the response rises at 6dB/octave as expected. If a straight line average is
taken through the graph from 3 to 12 kHz then this is a slope of -6 dB/octave. However,
this suggests a flat area between just above 1 kHz and 3 kHz. The simulation (Figure 32)
did not have a flat section.

This unexpected response shape could be attributed to the fact that the transducer was
measured without any external baffle whereas the simulation was based on the model of
a piston in an infinite baffle. All finite baffles cause a 6 dB boost (called 'baffle step')
above a certain frequency. The precise frequency and the amount of ripple are
determined by the exact dimensions of the surround.

5 Data sheet value for Shure SM58 from
http://www.shure.com/pdf/specsheets/spec_wiredmics/sm58.pdf. (Last viewed 13/05/05)
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Figure 37 - Screen shot of microphone frequency response measurement made using
TombStone

Blue: Actual measured CT62 signal (flat section below 120 Hz represents noise floor)

Red: Measured reference microphone signal

Black: Measured microphone response of CT62 transducer (difference between blue and red
– invalid below 120 Hz)



Using Edge (see Appendix D) the effect of the speaker's baffle (just the surrounding case)
can be simulated. Figure 38 shows the baffle step function of the case for the CT62
transducer.

This shows that there is a peak in the response at around 4 kHz and that it levels off
above the peak 6 dB higher than below it.

Figure 39 shows the measured microphone response with the baffle step removed. This
is compared to the simulated microphone response. It can be seen that these two plots
(green and blue) are very similar and follow the same gradient either side of the peak.
The peak of the measured response seems to be slightly more damped than the simulated
curve. This causes a difference of up to 6 dB.
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Figure 38 - Simulated baffle response of CT62 transducer using Edge
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Figure 39 - Microphone frequency response of CT62 transducer with adjustment for
baffle step and the simulated response
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6.3.2. Loudspeaker Response

The loudspeaker frequency response of the CT62 transducer was also measured using
TombStone. In this case only the signal from the reference microphone is required as
this gives a direct measurement of the frequency response of the loudspeaker being used
to produce the sinusoidal frequency sweep.

Figure 40 shows a comparison of the data sheet response and the measured response. On
first inspection these plots appear very similar. Both lines follow the same 12 dB/octave
rise. However, around 1.2 kHz the measured response seems to level off. It then rises to
a peak at 4 kHz before levelling off about 6 dB higher than where it was at 1.2 kHz.
The data sheet response, on the other hand, is completely flat once it levels off.

The difference can again be attributed to the baffle step. In Figure 56 the simulated
baffle step function has been removed from the measured frequency response. The
simulated loudspeaker frequency response has also been shown.
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Figure 40 - Loudspeaker frequency response of CT62 transducer as measured and
specified in the data sheet
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With the baffle step removed the measured response is further from the data sheet
response but considerably flatter.

When compared to the simulated frequency response the measured response is very
similar. The main difference is that between 1.4 and 3 kHz the measured response is flat
whereas the simulated response has a slight peak approximately 4 dB higher. This is
similar to the difference between the simulated and measured microphone frequency
responses in the previous section, which would suggest that the model has a slightly
higher Q value than the actual transducer. This could be due to the inductance in the
model being greater than the actual inductance of the voice coil.
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Figure 41 - Loudspeaker frequency response of CT62 transducer as measured with baffle
step removed, simulated and specified in data sheet
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6.4. Equalisation Requirements

In section 4 the forward and reverse frequency responses of an electrodynamic
transducer were simulated. These were shown to differ by a gradient of 6 dB/octave.
This means that the equalisation requirements for each direction of operation will also
differ by 6 dB/octave.

Figure 42 shows bode plots of the microphone and loudspeaker responses on an arbitrary
frequency axis.

The majority of the response in both directions is dominated by the mass and spring
controlled sections, either side of resonance. (This refers to the mass and compliance
aspects of the mechanical impedance – see Figure 20 on page 23) However, if it were
possible to reduce the Q factor, by increasing the damping, then it would be possible to
introduce a flat section to the microphone response and a corresponding 6 dB/octave
section into the loudspeaker response. This is shown in Figure 43.
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Figure 42 - Bode plot of loudspeaker and microphone responses of a transducer shown
on a frequency scale relative to the resonant frequency
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The benefit of this is that the microphone response is flattened and so the relative
equalisation requirement is relaxed.

In microphone design a large amount of acoustic damping material is used inside the
transducer assembly to produce this damped peak. This option is not available in this
situation as the selected driver is in an enclosed case.

Using negative impedance the amount of damping can be controlled. This is a technique
that is used to extend the bass response of subwoofers It was developed by Audio Pro
AB6 and has been licensed to Yamaha7, but the patent (Ståhl, 1978) has recently expired.
The concept has been discussed in a number of papers (Ståhl, 1981, Werner and Carrell,
1958, Thiele, 1971, Normandin, 1984). It uses a small resistor to detect the current in the
driver voice coil and apply positive feedback to the amplifier. By carefully controlling
how much feedback is used the output impedance which appears negative can be
matched to the size of the voice coil impedance, thus the amplifier couples directly to the
mechanical part of the driver. This is shown in Figure 44.

6 See http://www.audiopro.com/products/subwoofers/tekn_acebass.asp Last viewed: 12/06/05
7 See http://www.yamaha.ca/av/technology/Advanced_YST.jsp Last viewed: 12/06/05
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Figure 43 - Bode plot of loudspeaker and microphone responses of a transducer which
has been highly damped, shown on a frequency scale relative to the resonant frequency
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Reducing the electrical impedance is the equivalent of increasing the mechanical
damping.

To test the concept, the loudspeaker response of the CT62 driver was simulated with the
voice coil impedance almost completely cancelled. The circuit and its frequency
response are shown in Figure 45.
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Figure 44 -(Above) Amplifier
with negative output
impedance, Zg, (Right) Voice
coil impedance is cancelled so
voltage source drives
mechanical part of transducer
directly – from (Ståhl, 1981)



The resulting frequency response clearly shows the resistance controlled region where
the loudspeaker slope is 6 dB/octave between 300 Hz and 3 kHz. A 6 dB/octave tilt was
applied to give an indication of what the microphone response might look like.

Appendix C outlines the development of a negative impedance amplifier using positive
current feedback.

The circuit in Figure 46 shows the arrangement where a negative impedance amplifier
with positive current feedback is used with a model of a CT62 transducer. The design for
the bi-directional transducer already includes a resistor to sense the current so this could
fulfil both functions. The arrangement of the feedback was set to cancel 80% of the
voice coil impedance, which is the maximum recommended for stability.
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Figure 45 - Simulated loudspeaker and microphone responses of CT62 transducer when
the voice coil impedance is reduced to the values shown in the circuit diagram
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The resulting loudspeaker frequency response (Figure 47) clearly does not have such a
pronounced resistance controlled section as seen in Figure 45.

Higher values of feedback were experimented with, however, fine tuning to three
significant figures was required to achieve more damping without causing instability.
Since the impedance of the voice coil tends to change with temperature, such fine tuning
would not be possible in a real world design.

It was decided that the modest improvement in the driver characteristics versus the risk
of instability when using positive current feedback was not really viable. The system
development is therefore based on the natural response of the transducer as measured in
sections 6.3.1 and 6.3.2.
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Figure 47 - Simulated microphone and loudspeaker responses of CT62 transducer when
driven by a negative impedance amplifier which cancels 80% of the voice coil
impedance
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Figure 46 - Positive current feedback is used to cancel 80% of the voice coil impedance



6.5. Summary

The requirements for a commercial transducer have been established and a suitable
device selected as required to satisfy objectives 2, 4 and 5.

2. Determine the desired forward and reverse transducer responses

4. Determine a requisite set of transducer properties which may satisfy the above
responses (including energy handling requirements/displacement)

5. Find a transducer with the requisite parameters

Furthermore, the transducer was tested to confirm that its behaviour was as expected.

Attempts were made to reduce the equalisation requirements using a negative impedance
amplifier. The improvements were not considered sufficient to justify the increased
complexity and risk of instability to the system. This fulfils objective number 6.

6. Determine the required properties (including if required at all) of a negative
impedance amplifier.

The decision not to use a negative impedance amplifier marks a departure from the route
which had been expected during the planning of the project, therefore making objective
number 7 obsolete.

7. Design, build and test a negative impedance amplifier with the required properties

Later objectives remain relevant though, so progress was continued in developing the bi-
directional transducer.
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7. DEVELOPMENT

This section documents the development of the conceptual design of section 5 based
around the driver selected and characterised in section 6. Component values are
established and measures taken to maximise the signal to noise ratio.

7.1. Current Sensing Resistor

According to the design proposed in section 5, a resistor is required in series with the
driver voice coil, but what is the optimum size for this resistor? To answer this question
its effect on the loudspeaker and microphone directions of operation must be analysed.

7.1.1. Loudspeaker Sensitivity

Figure 48 shows a simplified circuit diagram for the circuit where only one loudspeaker
is considered.

This is a potential divider arrangement. Therefore, for the maximum sound output per
volt input, the current sensing resistor should be as small as possible.

7.1.2. Microphone Sensitivity

When the microphone direction of the transducer is considered, the voltage source from
Figure 48 is set to zero. It therefore becomes a short circuit to ground and the circuit is
as shown in Figure 49. Note that the full circuit model has been shown in this diagram.
The current source, IEP, represents the air pressure on the diaphragm of the driver.
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Figure 49 - Grounded input voltage means resistor R_CS appears across voice coil

Figure 48 - Transducer and
resistor form potential divider



From this it can be seen that at high and low frequencies the parallel capacitor and
inductor sink most of the current generated. In other words, much of the acoustic energy
is lost doing work against the mechanical forces. The microphone is most sensitive at
resonance although even here the parallel resistance of the mechanical part of the system
'absorbs' most of the current as it is about ten times smaller than the voice coil resistance.
Therefore, only a small current flows through the voice coil. In order to maximise the
voltage created across the ends of the voice coil per Pascal of pressure on the diaphragm,
the feedback resistor must be as large as possible.

7.1.3. Compromise

The optimum size for the feedback resistors is either as big as possible or as small as
possible depending on which direction of operation is being considered, therefore, some
compromise must be made. It is proposed that matching the resistance to the impedance
of the transducer would give the best compromise as this would yield the maximum
power transfer.

The matched resistor value was found using iterative simulations of the circuit in Figure
49. In each case the relative power dissipated in the current sensing resistor, RCS, was
determined for a normalised input current (i.e. IEP = 1 A). Table 4 shows that maximum
power is transferred when the resistor is 7 .Ω

Table 4 - Power transferred to current sensing resistor for a unit pressure source (1 Amp)

Impedance [Ω] Power [mW]

2 14

5 19.7

6 20.1

7 20.2

8 20.1

9 19.9

20 15.4

For a matched resistor it is expected that the voltage delivered to the loudspeaker will be
half of the 'directly connected' case and the voltage developed across the feedback
resistor due to the microphone input will be half of the open circuit case.

To confirm this, the voltage across the voice coil of a CT62 transducer, for a given sound
pressure level, was measured using an oscilloscope. Measurements were made with and
without a 6.8 resistor across the oscilloscope inputs.Ω Table 5 shows the difference in
microphone sensitivity at three frequencies.
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Table 5 - Comparison of microphone sensitivity with and without shunt resistor

Frequency 1 kHz 2 kHz 3 kHz

Sensitivity without resistor
[dBV/Pa] -66 -60.8 -64.9

Sensitivity with 6.8 Ω resistor
[dBV/Pa] -70.4 -66.9 -69.1

Difference [dB] -4.5 -6.1 -4.2

The measurements were hindered due to a low signal to noise ratio. The microphone was
most sensitive at 2 kHz, therefore making this the most reliable result. The 6 dB drop in
sensitivity at 2 kHz confirms that the matched resistor halves the voltage developed
across the voice coil.

The low sensitivity of the transducer when used as a microphone is a problem which
must be addressed before a complete system can be constructed.
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7.2. Step Up Transformer

The sensitivity as a microphone of the transducer is already low and the presence of the
current sensing resistor makes this worse. It is therefore desirable to find some way of
increasing the levels.

Also, as it is the differential voltage between the two current sensing resistors which
must ultimately be measured, it would be helpful to find a way of increasing the signal
level, whilst also removing common mode signals. Using a step up transformer between
the two resistors would be one way of achieving this dual aim. See Figure 50.

Unfortunately, there was not a ready supply of transformers to confirm this principle,
however, a transformer with a modest 2:1 ratio was found. At this stage, the aim was
simply to improve the microphone sensitivity. Therefore, the concept was tested by
connecting the transformer directly across the ends of a transducer's voice coil. A 2:1
transformer should double the signal voltage, therefore increasing the measured
sensitivity by 6 dB.

The results of this experiment are shown in Table 6.

Table 6 - Comparison of microphone sensitivity with and without a 2:1 step up transformer

Frequency 1 kHz 2 kHz 3 kHz

Sensitivity without transformer
[dBV/Pa] -66 -60.8 -64.9

Sensitivity with 2:1 transformer
[dBV/Pa] -65.4 -55.9 -91.9

Difference [dB] +0.6 +4.9 +3.0

The results show that the sensitivity was increased, although not by as much as was
expected. The measurements again suffered from a very poor signal to noise ratio. They
are sufficient, however, to conclude that using a transformer would help to increase the
signal level.
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Figure 50 - Step up transformer increases the differential
voltage between Vsig and Vref



7.3. Amplification

The use of a step up transformer alone is not going to be sufficient to increase the
microphone signal to a usable level. Amplification will also be required.

7.3.1. Requirements

Depending on the final circuit arrangement a differential amplifier is required. If Vout is
taken from the secondary of a transformer, as shown in Figure 50, then a single ended
amp could be used with one of the transformer terminals grounded. However, if the
amplifier has to take its input directly from the circuit as shown in Figure 51 then a
differential amplifier is required.

The input impedance should be large enough to avoid affecting the resistance seen across
the current sensing resistors. Therefore it should be significantly greater than 7 Ω.
Anything greater than 1 kΩ would be sufficient.
The gain would ideally take the expected microphone signal of approximately 1 mV and
amplify it to professional line level of +4 dBu (1.23 V). This requires a gain of 1024 or
approximately 62 dB.

The low signal levels from the transducer means that the noise floor is high relative to
the signal level. It is therefore important to reject as much noise as possible and
introduce a minimum of additional noise. This consequently requires that the amplifier
have a large common mode rejection ratio and low equivalent noise voltage.

The amplifier should have a flat frequency response across the entire audio spectrum.
Although this exceeds the specification of other aspects of the system it was decided that
the electronics should be designed such that they would not hinder future improvements
to the system.

7.3.2. Design

The need to achieve high gain and low noise suggests that an operational amplifier
(opamp) based design offers the best chance of success. However, over 60 dB of gain is
beyond the limits of what a single opamp stage can be expected to provide. Therefore, a
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Figure 51 - Difference between Vsig and Vref found directly
using differential amplifier



two stage design is required. The circuit in Figure 52, which appears in a Texas
Instruments Application Report (Carter, 2000), looks possible.

The gain is given by:

Eq. 9

To minimise the noise of the amplifier it is preferable to maximise the gain of the first
stage. Initially, 40 dB and 22 dB of gain were allocated to the first and second stages
respectively. When this was simulated the dominant pole of the opamps in the first stage
started to reduce the gain at 21 kHz. This is only just beyond the audio spectrum so it
seemed more sensible to allow a little bit more margin. It was therefore decided to make
the stages more balanced at 32 dB and 30 dB.

The selected resistor values were:

R1 = R3: 2.2 kΩ
R2 = R4: 68 kΩ
R5 = R6: 68 kΩ
R7: 3.3 kΩ
The stage gains were therefore:

Eq. 10

Eq. 11

This gives a total gain of 1300 or 62.3 dB.
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Figure 52 - Two stage differential amplifier circuit - from 'A Single-Supply Op-
Amp Circuit Collection' (Carter, 2000).
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To satisfy the need for a low noise amplifier, low noise opamps were required. The
circuit being amplified has a low source impedance, therefore, it is the equivalent input
noise voltage which is of interest. The LM837 opamp8 was chosen as it offered low noise
performance (4.5 nV/√Hz) and was available in quad packages.

7.3.3. Simulation

The student version of the simulation software does not allow more than two active
circuit models (“X_models”) to be simulated. Therefore, the LM837 was modelled using
the voltage controlled voltage source circuit shown in Figure 53.

The gain and dominant pole cut-off frequency were determined from the data sheet.

The open loop gain was simulated to be as shown in Figure 54.

8 Data sheet available from http://www.national.com/ds.cgi/LM/LM837.pdf (Last viewed: 02/06/05)
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Figure 53 - Voltage controlled voltage source model of LM837 operational amplifier

Adapted from: http://ecircuitcenter.com/Circuits/opmodel1/opmodel1.htm (Last viewed: 13/06/05)

Figure 54 - Simulated open loop gain of LM837 operational amplifier
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Using three of these models the entire circuit was built up as shown in Figure 55.

The simulated gain of this circuit was perfectly flat up to the point where the dominant
poles start to take effect, as shown in Figure 62.
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Figure 55 - Differential amplifier simulation circuit based on three LM837 opamp models

Figure 56 - Simulated differential mode frequency response of differential amplifier
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7.3.4. Build and Test

The amplifier was constructed on breadboard using matched resistors (determined by
testing them with a multimeter).

In order to test the gain, the input from a signal generator was divided down by a factor
of 330.

The gain was measured across the frequency range 10 Hz to 1 MHz. The transfer
function is shown in Figure 57.

During the measurements it was noticed that the noise which had been present
throughout the experiment was in fact periodic at 80 kHz. Since this is well above audio
it was decided to build a filter to remove it.

Initially, a simple first order RC filter was built but the component values used were
small causing excessive loading of the amplifier and distortion to occur. It was decided
that a properly designed noise filter was required.
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Figure 57 - Measured frequency response for differential amplifier
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7.4. Noise Reduction Filter

A filter was required to remove the high frequency noise that became apparent when
testing the differential amplifier.

7.4.1. Requirements

The filter should significantly reduce the noise present at 80 kHz and provide a sufficient
input impedance to avoid overloading the differential amplifier (> 600 Ω).

7.4.2. Design

An active second order Butterworth low pass filter was selected (Figure 58) as it could be
constructed using a single opamp and and would give a reasonable amount of attenuation
(40 dB/decade) above the cut-off frequency.

The cut-off frequency was chosen to be 25 kHz to avoid impacting on the audio
frequency band. It is set according to:

Eq. 12

The cut-off frequency was set to 22.6 kHz, which was considered close enough, by
choosing component values:

R = 15 kΩ
C = 470 pF
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Figure 58- 2nd order Butterworth low pass filter circuit

From http://www.formulations.ab.ca/Expts/80-Web.pdf (Last viewed: 12/06/05)
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To obtain the expected filter function the gain must be set using the Butterworth
polynomial according to:

Eq. 13

The second order Butterworth polynomial is:

Eq. 14

where = 1.414. Therefore the gain must be set to 3 – 1.414 = 1.586.α
By selecting resistor values:

R1 = 6.8 kΩ
R2 = 12 kΩ
the gain was set to 12/6.8 = 1.76.

7.4.3. Simulation

The circuit shown in Figure 59 was entered into the simulator giving the frequency
response shown in Figure 60.
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Figure 59 - 2nd Order Butterworth Low Pass Filter

Av=3−

s21.414 s1



7.4.4. Build and Test

The circuit was built using the spare opamp of the LM837 package used for the
differential amplifier.

The measured frequency response (Figure 61) shows that the attenuation at 80 kHz is 18
dB, as was simulated in Figure 60.
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Figure 60 - Simulated frequency response of 2nd order Butterworth low pass filter
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Figure 61 - Measured frequency response of 2nd order active low pass Butterworth filter
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7.5. Microphone Sensitivity

With the addition of the amplifier and noise filter, measurements of the microphone
frequency response were made with and without the feedback resistor in place. This
gave the 6 dB difference in sensitivity as expected (see Figure 62).

7.6. Summary

The series resistor used to measure the current through the voice coil of the transducer
was matched to the impedance of the driver. However, it's presence halves the already
low sensitivity of the transducer when used as a microphone.

A step up transformer and a differential amplifier have been investigated as methods of
increasing the microphone signal level. Both methods increased the signal level but the
improvement obtained from the 2:1 transformer was limited. A larger ratio transformer
would be necessary to make a more significant improvement.

The differential amplifier boosted the signal levels by over 60 dB and with the addition
of a noise filter accurate measurements of the microphone frequency response, with and
without the current sensing resistor in place, were possible.

With the microphone signal comfortably above the noise floor, it is possible to construct
an initial implementation of a bi-directional transducer, ignoring for now the need for
equalisation.
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Figure 62 - Measured and simulated microphone frequency response both with and
without a 6.8 resistor connected in parallel across differential amplifierΩ
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8. A BI-DIRECTIONALTRANSDUCER

The sensitivity of the microphone response with amplification is now considered to be
of a usable level. A semi-complete experimental set-up can now be constructed
consisting of a signal generator and power amp (for producing the speaker input signal,
Vin), two transducers, current sensing resistors, RCS and RCS1, the differential amplifier
and noise filter. These are shown in Figure 63.

The following sections present an analysis of the set-up's performance under different
operating conditions and detail some adjustments which were found to improve the
performance.
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Figure 63 - Experimental circuit for bi-directional transducer operation



8.1. Loudspeaker Performance

The inclusion of a resistor in series with the transducers is not expected to affect their
frequency response, when compared to that of a single transducer. The second
transducer is present purely as a reference and should therefore be acoustically isolated
from the test area. This was achieved by placing it outside the test room with the door
closed (as far as possible).

TombStone was used to measure the frequency response. The measured and simulated
frequency responses are shown in Figure 64 along with the measured loudspeaker
frequency response of a single transducer (from Figure 41 on page 43).

The plots show that, when used in the bi-directional circuit configuration of Figure 63,
the loudspeaker frequency response becomes more resonant (indicated by the slight peak
at about 1.2 kHz). Before, the applied voltage was applied directly across the voice coil
so the voltage across the voice coil remained constant. With the series resistance, RCS1, in
place the voltage across the voice coil is divided between the transducer and the resistor.
The impedance of the speaker increases slightly at resonance which in turn increases the
voltage across the speaker and therefore the measured sound pressure.

This unexpected response will have implications for the design of an equalisation filter.
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Figure 64 - Loudspeaker frequency response of bi-directional transducer (measured and
simulated) and the measured loudspeaker response of a single transducer
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8.2. Microphone Performance

With the same arrangement as for the loudspeaker test in the previous section the
microphone frequency response was measured. As with previous microphone frequency
response measurements, TombStone was used and the input from a studio reference
microphone subtracted to yield the actual microphone response of the test system (Figure
65). For comparison, the measured microphone frequency response of a single
transducer from Figure 39 on page 41 is also shown.

The measured microphone responses are significantly more 'bumpy' than the loudspeaker
measurements making identification of significant changes difficult. The biggest
difference seems to be a 6 dB rise in the response around 5 kHz. No certain explanation
can be given for this, though it may be due to a room response that was measured
differently by the bi-directional and studio reference microphone.

More significant than the specific peaks and troughs is that the method of determining
the microphone signal did actually work and gave a frequency response which followed
the general shape that was expected.

To determined the sensitivity a sine wave at 2 kHz, with an average SPL of 95 dB at the
microphone was produced. The microphone voltage output was 3.7 Vp-p. This translates
to a sensitivity of 1.33 dBV/Pa.

The combined gain of the amplifier and filter was 2030 meaning the voltage differential
voltage was 1.8 mVp-p.

As the experimental set-up works for the loudspeaker and microphone directions of
operation in isolation, the challenge is now to see if it can work in both directions at the
same time.
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Figure 65 - Microphone frequency response of bi-directional transducer (measured and
simulated) and measured frequency response of a single transducer
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8.3. Bi-directional Performance

For the bi-directional transducer to be practically useful, the differential amplifier must
isolate the microphone signal, which is only present at its positive input, from the
loudspeaker signal, which is present at both inputs. Any difference between the
loudspeaker signals which is not due to the microphone signal will be passed and
amplified by the full gain of the differential amplifier and noise filter. This 'leakage' of
the loudspeaker input signal into the microphone output is described here as crosstalk.

To determine the crosstalk of the experimental set-up a speaker signal of 3.6 Vp-p at 200
Hz was applied. The microphone output saturated. Checking the voltages at the inputs
of the differential amplifier revealed a difference of 80 mV. To identify the source of this
difference the experimental set-up was analysed. The most obvious difference between
the two 'legs' of the circuits was the length of cable used to join them up. A section of
cable to the reference driver was removed and this halved the differential voltage
between the two legs. It was therefore decided to match the cable lengths exactly.

With two lengths of co-axial cable to each driver the set-up was more symmetrical,
although this was at the expense of not being able to place the reference transducer in a
different room.

The differential voltage was now sufficiently small that the output of the differential
amplifier was only just starting to clip, at 26.2 Vp-p. A total system gain of 2030 means
the differential input was 12.9 mVp-p. This is small but still seven times bigger than the
microphone signal which was previously measured to be 1.8 mVp-p for a 95 dB SPL
signal.

Further efforts were made to reduce the amount of crosstalk but with limited success.
Moving cables around caused the measured signal to fluctuate, sometimes reducing the
amount of crosstalk. This would suggest one of three things:

1. The circuit is exceptionally sensitive to small variations in the cable impedances.
2. The circuit is sensitive to EM fields present in the measurement room.
3. One or more cables were broken.

Any or all of these could be the cause of the fluctuations. The cables were swapped
around in an attempt to eliminate no. 3 as a source of error, however, the department only
has so many of the type of cables that were being used (co-axial, BNC to 4 mm plug) and
they were all in use! The very fact that shielded cables were used throughout makes no.
2 an unlikely reason for the variations. It therefore appears that small variations in
impedance must have been responsible for the fluctuations.

This can be justified by looking at the effect of small variations in impedance. Consider
the case where the reference leg of the bi-directional transducer is perfectly matched with
both driver and resistor having an impedance of 6.8 . For an input voltage of 3.6 V, thisΩ
would give a voltage across RCS of 1.8 V. If the other leg is not quite matched and a
contact resistance increases the apparent value of RCS1 to 6.9 then the voltage to theΩ
differential amplifier becomes 1.813 V which is a differential input of 13 mV. Thus a
difference of just 0.1 is enough to cause over 26 V of crosstalk.Ω
To regulate the circuit impedances to an accuracy of tenths of an ohm was not possible
with the equipment and time available.
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Despite the level of the crosstalk being too big to make the system useful in its present
form it was decided to see what would happen if the system was subjected to an incident
sound at 2 kHz while the loudspeaker signal was still being fed through the bi-directional
transducer. Observing the output signal on an oscilloscope it was clear to see that there
was a second signal superimposed on the crosstalk signal. However, the actual size of
this signal could not be measured as it's presence prevented the oscilloscope from
triggering properly. Clapping also produced a clearly visible but unmeasurable signal.

The experimental arrangement produced cannot be described as a functional bi-
directional transducer as the crosstalk is far to big to be useful. The microphone signal
appears as noise on the crosstalk signal rather than the other way round. However it has
succeeded to a limited extent in that the presence of a microphone signal at all is an
achievement in itself.

8.4. Discussion

A developmental system which acts as a bi-directional transducer has been constructed
and its forward, reverse and, to a limited extent, combined operation tested This satisfies
project objectives 8, 9 and 10.

8. Test/characterise forward operation
9. Test/characterise reverse operation
10.Test combined operation

The experimental system worked in both the forward and reverse directions in that it was
capable of producing and detecting sound with frequency responses that were similar if
not exactly the same as was expected.

The large size of the crosstalk meant that only a qualitative appreciation of the fact that
the microphone signal was present at the output was possible. Clapping was a
particularly effective way of seeing the microphone signal over the crosstalk on the
oscilloscope screen.

The system suffered from the crosstalk because it was incredibly sensitive to small
variations in impedance between the two legs. However, this does not necessarily mean
that the design itself is totally invalid. The speaker signal of 3.6 Vp-p produced a
differential input to the amplifier of just 12.9 mVp-p. This is an attenuation of 49 dB. The
fact that the sensitivity of the selected driver when used as a microphone was so low
required a large amount of amplification. Thus, even very small differential loudspeaker
signals lead to a large crosstalk signal at the microphone output.

The performance of the design concept could, therefore, be improved both by using a
transducer whose microphone response was more sensitive and by 'trimming' the legs of
the system so that they were exactly balanced.

Unfortunately, there was insufficient time to allow these ideas to be tested. The
remaining project objectives remain incomplete.

11.Determine actual equalisation requirements
12.Design, build and test suitable filters
13.Integrate filters with negative impedance amplifier and transducer
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Comparing the experimental set-up to the design requirements specified in section 5.1,
two of the four requirements have been satisfied.

1. The design should be based entirely in the analogue domain to avoid digital
conversion and processing delays.

2. The device should produce and detect sound simultaneously through a single
diaphragm.

3. Separate line level loudspeaker input and microphone output should be provided.
4. The total transfer functions (electrical <-> acoustic) of the loudspeaker and
microphone parts of the design should be flat (±3 dB) within limits, provisionally 200
Hz – 5 kHz.

The design was based entirely in the analogue domain (No. 1) and the device could
produce and detect sound simultaneously through a single diaphragm (No. 2). Although
a second driver was used, its diaphragm was not involved in either the production or
detection of sound.

No. 3 was partially achieved in that the loudspeaker input and microphone output were
separate parts of the circuit, however, the loudspeaker signal was present at the output
and the signals were not at line level.

Requirement 4 was not achieved because the system did not reach the level of
development which would make the equalisation filters relevant.
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9. CONCLUSIONS

The original project aim was

To develop a working prototype of a bidirectional transducer capable of
producing sound at the same time as monitoring it.

This was not achieved, however, significant progress has been made towards it,
producing a number of important outcomes.

It has been shown that a single model can be used to simulate the behaviour of
electrodynamic transducers when used as both microphones and loudspeakers. This
simple model was shown to give a reasonable indication of the actual behaviour of a real
transducer. It also aided the understanding of the processes involved, enabling a
conceptual design to be established.

A loudspeaker, which was never intended to be used a microphone, has been successfully
used as a microphone. The sensitivity was determined to be low and its frequency
response approximately that of a 1st order band pass filter.

The transducer used in experiments was picked for its favourable frequency response,
chosen to minimise the equalisation requirements. It would have been preferable to have
a transducer which was more sensitive when operated as microphone. This would have
provided a stronger signal over the entire frequency range, potentially requiring less
overall gain even if there were more extreme equalisation requirements.

The method of extracting the microphone signal from a transducer by comparing its
current to that of a second transducer, which is not subjected to the microphone input
sound pressure, has been shown to be valid.

A bidirectional transducer was produced which, qualitatively, was seen to simultaneously
produce and detect sound from a single surface. However, the arrangement was very
sensitive to small mismatches in the branches of the circuit causing too much of the
loudspeaker signal to leak into the microphone output to make it practically useful.

Further development is required to make the design successful, or an alternative
approach should be taken.
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10. RECOMMENDATIONS FOR FURTHERWORK

Although a functional prototype was not produced it is believed that with further work it
may be possible to develop a working bi-directional transducer. Possible ways of
improving the existing set up would be to:

• obtain a better match between the two branches of the system
• use more sensitive transducers

It should also be noted that the method of producing a bi-directional transducer
investigated in this project is only one possible way of doing it. Another method which
could be investigated might be to use a digital system to accurately measure the
impedance of one transducer and then use a similar differential system as was used here
to determine the current due to the microphone signal.

Alternatively, rather than trying to produce a bi-directional transducer, conventional
microphones and loudspeakers could be used in a complementary arrangement and effort
focussed on methods of eliminating the direct acoustic coupling between them without
affecting the reflected sound.

Another entirely different approach might be to abandon the first principles approach of
trying to recreate wavefronts using transducer arrays and look more closely at existing
spatial audio formats, such as Ambisonics, to see if they could be adapted or enhanced to
meet the perceptual requirements of the Sound Port.
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APPENDIXA – GLOSSARY OF PHYSICALPARAMETERS

The symbols in Table 7 have been used throughout this report. Although every effort has
been made to follow the conventions adopted in the various literature it has sometimes been
necessary to use alternative symbols to avoid duplication or unnecessary complexity. Where
a symbol in a diagram contains an underscore (e.g. R_AL) this denotes that the label should
be in subscript (e.g. RAL).

Table 7 - Glossary of symbols

Symbol Description

RE DC resistance of voice coil

LE Voice coil inductance

MMS Mechanical mass of voice coil, diaphragm and suspension

CES Electrical capacitance representing mechanical mass

RMS Mechanical resistance of suspension

RES Electrical resistance representing mechanical resistance

CMS Mechanical compliance of suspension

LES Electrical inductance representing mechanical compliance

RAL Acoustic resistance of air load

RML Mechanical resistance representing acoustic resistance

REL Electrical resistance representing acoustic resistance

MAL Acoustic mass (inertance) of air load

MML Mechanical mass representing acoustic mass

CEL Electrical capacitance representing acoustic mass

PA Acoustic pressure incident on diaphragm

FMP Mechanical force representing acoustic pressure, PA

IEP Electrical current representing acoustic pressure, PA

PD Acoustic pressure produced by diaphragm due to electrical input signal
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APPENDIX B – CONVERSION OFTHIELE-SMALL PARAMETERS
- Based on (Liljencrants and Granqvist, 2004)

Manufacturers provide information about their loudspeakers known as the Thiele-Small
parameters. Of these the parameters which are required to describe the electrical model are:

Parameter Units Description

Bl Tm or N/A Magnetic force factor

RE Ω Voice coil resistance

LE H Voice coil inductance

Md kg Moving mass (including air)

RM Ns/m Mechanical resistance

CM m/N Mechanical compliance

Ss m2 Equivalent surface area of
cone

N.B. The units here are standard units and not necessarily the ones that are usually present on
data sheets. This must be taken into consideration when any formulae are applied.

Some manufacturers quote the 'Equivalent volume' rather than the mechanical compliance.
This is because the total compliance of a loudspeaker is the sum of the suspension of the
driver itself (what has here been described as the mechanical compliance) and the
'springiness' of the air that the driver is mounted in. To convert from equivalent volume (in
Litres rather than m3) to compliance requires the formula:

Eq. 15

This requires some physical constants which are:

Symbol Quantity Value

ρ0 Density of air 1.25 kg/m2

c Speed of sound 340 m/s

Also, as the mass of the diaphragm is given including the mass of the air which is coupled to
it, the mass of the air must be removed. The mass of air is determined according to:

kg Eq. 16
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The mechanical parameters are converted to their electrical (parallel) equivalents according
to:

F Eq. 17

H Eq. 18

Ω Eq. 19

To determine the electrical equivalents of the acoustic circuit components their mechanical
equivalents must be determined. These are given by:

Ω Eq. 20

H Eq. 21

These can then be transformed into series components in the electrical domain according to:

Ω Eq. 22

F Eq. 23
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APPENDIX C – DEVELOPMENT OFANEGATIVE IMPEDANCE
AMPLIFIER

A negative impedance amplifier was not eventually required. This section has therefore not
been included in the main body of the report to avoid distracting the reader form the flow.
However, it's development as a concept was instructive and relates to two of the project aims:

6. Determine the required properties of (including if required at all) of a negative
impedance amplifier.

7. Design, build and test a negative impedance amplifier with the required
properties.

The operation of a negative impedance amplifier is based on the principle that an amplifier's
output can be seen as a Thevenin source as shown in Figure 66.

Under normal conditions, the presence of Rg reduces the voltage observed at Vout as the output
current, iout, increases.

If the observed voltage is somehow made to increase as the output current increases then it
would appear as though Rg had a negative value. This can be achieved by positive current
feedback. This is shown in Figure 67.

To determine the output impedance it is conventional to ground the input and apply a voltage
at the output, vout and measure the current iout which flows into the amplifier. Using this
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Figure 66 - Thevenin voltage source
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Figure 67 - Positive current feedback is used to produce a negative output
impedance
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principle,

Eq. 24

which rearranged gives:

Eq. 25

In practice, the value of Rfb is kept small and gain is used in the feedback path to control the
amount of negative impedance. This is shown in Figure 68.

An inverting opamp configuration along with subtraction gives a combined positive current
feedback, with the output impedance given by:

Eq. 26

This was simulated using the circuit shown in Figure 69.
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The aim was to cancel the series impedance of RE so that the voltage across RM is the same as
the voltage Vg. As Rfb is also in series with RM it must also be cancelled. Therefore with
values

RE = 6 Ω
RM = 2 Ω
Rfb = 0.2 Ω
Rg needs to be – 6.2 . This is achieved by settingΩ R2/R1 = 31. For simulation there is no
need to choose standard values so

R1 = 1 kΩ
R2 = 31 kΩ
is ok.

Figure 56 shows the resulting circuit voltages for a dc voltage sweep of Vg.
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Figure 69 - Gain in current feedback is arranged to cancel R_E and R_CS



The voltage across RCS is small but increases with Vg. This is amplified to produce the
contribution -Vfb which is added to Vin to produce Vnetin. Most of this is dropped across RE and
Rfb leaving the voltage across RM to be exactly the same as Vin. Since this is true for all values
of Vg, the relationship must be Rg = - (RE + Rfb).

The same principle was used to cancel the voice coil impedance. The voice coil contains an
inductance and so an appropriately scaled inductance must also be included in the feedback
signal so that this can cancelled as well.
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Figure 70 - Variation of selected circuit voltages with the input voltage, V_g
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APPENDIX D – SOFTWARE

A number of software packages were used during the project. This appendix details
where each was obtained from9 what it was used for.

1. TombStone

Available from: http://www.speech.kth.se/music/downloads/smptool/

TombStone is used for measuring the frequency response of loudspeakers and microphones.

A sinewave frequency sweep from 20 Hz to 20 kHz is output in mono from the computer's
sound card through a loudspeaker. The program simultaneously records the input to the
sound card on both channels. Various configurations can be used depending on what is being
measured.

To measure the frequency response of a loudspeaker the output signal from TombStone is fed
into the speaker in question. A reference microphone with flat frequency response over the
measurement range is used to record the resulting sound signal. The response of the
loudspeaker is plotted directly in TombStone.

To measure the frequency response of a microphone is slightly more complicated. The same
arrangement is used as for measuring the frequency response of a loudspeaker but the signal
from the microphone under test is also recorded. The frequency response of the test
microphone is determined by subtracting the signal measured by the reference microphone
from the one recorded from the test microphone. Thus the measured response is independent
of the loudspeaker used.

2. Extract

Available from: http://www.hitech.se/development/products/swell/core.htm

Extract is a utility which allows data to be extracting to a .txt file from .smp files.

This was used to convert the data from the measurements made using TombStone into a
format that could be imported into a spreadsheet to allow the data to be manipulated and
graphs to be plotted.

3. Edge

Available from: http://www.tolvan.com/edge

Edge simulates the effect of placing a driver in a finite baffle.

The baffle step simulated by Edge was imported into a spreadsheet enabling adjustments to
measured frequency responses to be made.

9 Pages last viewed: 01/06/05
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4. Driver Parameter Calculator

Available from: http://home1.stofanet.dk/cfuttrup/dpc.htm

Driver Parameter Calculator provides a simple way of determining the electrical analogous
values for drivers when given information from manufacturers' data sheets.

It was used to confirm that that calculations detailed in Appendix B were correct. It could
not be used in place of the spreadsheet actually used to determine the model values because
its interface did not display values smaller than the expected range.

5. OrCad Analogue Circuit Simulator

Available from: http://www.orcad.com/download.orcaddemo.aspx

The OrCad system is an incarnation of the PSpice simulator, used to analyse and prototype
analogue circuits.
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APPENDIX E –ACOUSTIC RADIATION IMPEDANCE

The radiation impedances of a circular vibrating piston in an infinite plane and a pulsating
sphere in free space are very similar. The model most frequently used is a mass and
resistance in series. An alternative model uses a mass and resistance in parallel. The
derivation of these models is simple to follow for a pulsating sphere. The model for a
vibrating piston (which represents a loudspeaker cone) is a scaled version of the pulsating
sphere model.

1. Parallel resistance and mass model

The expression for the radiation impedance of a sphere is:

Eq. 27

With a little manipulation this takes the form of real and imaginary impedances in parallel:

Dividing top and bottom by j kr:

Eq. 28

Removing the brackets:

Eq. 29

Substituting in : Eq. 30

Eq. 31

where:

Eq. 32
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Eq. 33

This reactance is the equivalent of an acoustic mass (or inductance):

Eq. 34

Therefore the radiation impedance of a pulsating sphere can be modelled by a resistance and
mass in parallel.

2. Series resistance and mass model

The radiation impedance of a pulsating sphere can also be reduced to a different form.

Again starting with:

Eq. 35

Taking the complex conjugate:

Eq. 36

For small values of kr (i.e. kr < 0.5):

Eq. 37

This can be modelled as a resistance and an acoustic mass in series where:

Resistancekr 2

Since k=
c

, this means that the resistance is proportional to frequency squared.

Therefore, this model could not be implemented into a standard analogue circuit simulator.
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