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People work with simulation programs for various reasons. Some use them for teaching or for studying
electroacoustics. Technicians and engineers use them to help them develop ideas. AkAbak is very flexible and
allows you to simulate any possible structures, and even some that are impossible. Try experimenting with it. All
the models it uses and their parameter are based on physical principles.

Get to know the elements and how they work. Working with AkAbak will stimulate your imagination. The program
will prove a source of any amount of new ideas. At the same time it supports a conceptual structure that will help
you to put your ideas into practice more easily.

If you haven't worked with a simulation program before, you will find that AkAbak becomes a new component in
your development toolbox. Acoustic conditions are made crystal clear and controllable. Whereas putting an idea
into practice was previously a matter of technical feasibility, now it is easier to integrate acoustic laws into the
development process, simply because now they can be observed.

Colleagues in high-frequency engineering have already introduced this integration into their development routine.
They use a similar computer program for simulation in the HF range. 'At first we found our simulation confusing -
nothing was right. After we had learned to integrate our design into the simulation, though, we had a good
measure of control over the development. Today we work much more efficiently and know a lot more about the
relationships in our circuits.'

These words may help encourage you when you start developing with AkAbak. It really isn't easy at the
beginning, but it is worthwhile getting to know the material and elements of the program.

We hope your work with AkAbak is pleasurable and profitable and - in the spirit of Novalis, who said 'a true
reader is a continuation of the author' - we look forward to a fertile exchange of ideas.

Jörg W. Panzer

Simulation
Simulation means reproducing the characteristics of a system. In this case, the system is physical in nature. The
characteristics relate to the dynamic transmission behavior from an input to the system to an observation point.
The output variable of the transmission is always the impulse response to the input voltage of the entire system.
In most cases, the so-called Bode diagram in the frequency range is plotted. The Bode diagram displays the
amplitude response, phase response, etc. of the system in the steady state.

The electroacoustic structure to be simulated is reproduced by a mathematical model that takes into account
linear system theory. In the system being simulated, only the components relevant to the given observation
space are reproduced.

Description of the structure to be simulated
The structure to be simulated has to meet certain prerequisites if AkAbak is to be able to process it. AkAbak itself
has a set of mathematical models that follow the laws of linear system theory. The complexity of the individual
models and the display of their transmission are principally oriented to the practical design of loudspeaker
systems. In this case simulation has to be accurate enough to represent the main features of the analysis. On the
other hand, it is desirable if the computation time is short and the number of parameter is small.

Structuring

The system to be simulated has to be structured so that the program’s models can be used.

To accomplish this, it is necessary to know something about the electrical, mechanical and acoustical
components of AkAbak and how they are networked. Then the system is analyzed into its components and an
attempt is made to describe them using the parameter of the AkAbak elements. In the next stage, the structure
of the system is described using the nodes and branches of the AkAbak networks.
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A vibrating diaphragm possesses inertia and a finite inner stiffness. Because this part of the diaphragm is
decoupled from controlled movement at higher frequencies. AkAbak cannot calculate the various
eigenfrequencies and their effects but takes into account the diminishing diaphragm mass and area with
increasing frequency.

AkAbak simulates the loading and the on-axis radiation of even complex horns very well. To have an estimation
of the directivity of a horn AkAbak implements a radiation sphere inside the horn with finite rectangular radiation
elements. The curvature of this sphere depends on the geometry of the horn.

Reflection and sound diffraction

The effect on the radiation and on the impedance of maximum three reflecting walls close to the sound source
are taken into account.

The diffraction problem of the finite baffle is solved by mirror radiators. This effects astonishing good
reproduction. The diffraction at the cabinet edges causes a more or less intense ripple in the frequency range for
which the wavelength is comparable to the dimensions of the baffle.

Mechano-acoustical coupling
A vibrating structure radiates sound into the surrounding medium. The coupling device is called diaphragm. In
most cases which are going to be simulated the diaphragm is included in the electro-acoustical transducer. Also
the mechanical elements are comprised by the transducer.

But there may be cases where a closer look to the mechano-acoustical structure is necessary. Examples are
compression-drivers, microphones etc. In these cases you will use the element Coupler - an ideal transformer.
This element couples the acoustical network to the mechanical and - in some cases - also the mechanical to the
electrical (piezo or electro-static transducers). With the help of the Coupler the diaphragm can be subdivided in
different areas each radiating in the acoustical structure.

Material-specific calculations
AkAbak does not carry out material-specific calculations, such as those for partial vibrations of the diaphragm,
natural vibrations of the enclosure walls, changes of resistance due to heating, etc.

Frequency-independent losses in the acoustic structure are taken into account by means of quality parameter.
Frequency dependent losses can be modeled by a so-called runtime-formula (see element Impedance).

As indicated above under 'Sound radiation', AkAbak takes into account the diminishing of the diaphragm area at
higher frequencies due to mass inertia.

On this effect are superimposed partial vibrations. They occur in the same frequency range. Partial vibrations are
natural vibrations in the diaphragm that propagate as transversal waves with variable intensity and mode,
depending on the velocity of sound, damping and shape of the diaphragm. The partial vibrations cause sound to
be radiated very diffusely and at very selective frequencies.

Non-linearities
AkAbak can investigate non-linear characteristics of the components, such as change of resistance due to
heating, or the non-linear compliance of springs, by introducing operating points. The formula describing the
parameter at the operating point may be entered directly as such.
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Fig. 4 The upper and lower network parts are independent.

Fig. 3 and Fig. 4 show typical circuits. The input voltage Uin is at a Filter element and is weighted with its
transfer function. The current network begins at node 1. Two electroacoustic transducers (Driver) load, by
means of their input impedance across nodes 2,0 and 3,0, a low pass consisting of the coils and the capacitor. At
the front part of the driver-diaphragm the radiation element Radiator is attached (nodes 4 and 6).

In Fig. 4 the backs of the diaphragms of both drivers are loaded by the impedance of a vented cabinet
(Enclosure). The upper and lower network parts are connected here. Since both loudspeakers radiate into the
same enclosure, they exert an influence on one another. For the circuit from Fig. 3, the script is as follows:

Def_Driver 'B1'
dD=17cm dD1=5cm tD1=5cm fp=1.3kHz |Cone
fs=30Hz Vas=135.3L
Qms=1.92 Qes=0.2 Re=5ohm Le=1.1mH ExpoLe=0.6

System 'Fig1'
Coil Node=1=2 L=1.125mH
Capacitor Node=2=0 C=22.5uF
Driver Def='B1' Node=2=0=4=5
Radiator Def='B1' Node=4

x=0 y=-10cm z=0 HAngle=0 VAngle=0
Coil Node=1=3 L=1.125mH
Capacitor Node=3=0 C=22.5uF
Driver Def='B1' Node=3=0=6=5
Radiator Def='B1' Node=6

x=0 y=10cm z=0 HAngle=0 VAngle=0
Enclosure Node=5

Vb=50L Qb/fo=0.1 fb=30Hz Lb=26cm dD=10cm
x=0 y=-20cm z=-30cm HAngle=180° VAngle=0

Filter fo=30Hz {b2=1; a2=1; a1=sqrt(2); a0=1; }

In Fig. 3, each loudspeaker is mounted in its own enclosure. The loudspeakers are acoustically decoupled. The
upper and lower parts of the network are independent of one another.

The circuit shown in Fig. 4 is not derived from that in Fig. 3. These are two independent examples.

In fact, there is a further interconnection, namely that via the free radiation space of several radiators. One
loudspeaker is always a microphone as well, so that the sound pressure produced by one radiator induces a
voltage at the terminals of the other radiator. AkAbak does not take into account this feedback, because its effect
is very small. On one hand the sound pressure decreases with distance and the active area of the receiver
(diaphragm) is considerably smaller than the area of the sphere at the receiving point. On the other hand, the
efficiency of the driver is small, so that only a fraction of the received sound energy reaches the driver terminals.
The program neglects this effect, since it is beyond the limits of accuracy of the models of the other models used
in the simulation.
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We can thus divide the circuit of Fig. 4 into two systems. The Filter element is then either found separately in
each system, or the Filter system is entered in the definition part of the script. In the latter case, its transfer
function is weighted by the input voltage Uin of all systems.

The current cannot flow via node 1 from one network into the other, since the filter represents an ideal voltage
source with zero ohm generator resistance.

A practical example can be found in conventional passive cross overs, which are fed by a power amplifier.
Further active filter circuits may be connected before the power amplifier. If there is a resistance between the
power amplifier and the input of the cross over, for example as a result of cable losses or the like, the two parts
of the circuit are connected again and can be described in just one system.

If the circuit of Fig. 4 is divided into two systems, the following script results:

Def_Driver 'B1'
dD=17cm dD1=5cm tD1=5cm fp=1.3kHz |Cone
fs=30Hz Vas=135.3L
Qms=1.92 Qes=0.2 Re=5ohm Le=1.1mH ExpoLe=0.6

System 'S1'
Coil Node=1=2 L=1.125mH
Capacitor Node=2=0 C=22.5uF
Driver Def='B1' Node=2=0=3=4
Radiator Def='B1' Node=3

x=0 y=-10cm z=0 HAngle=0 VAngle=0
Enclosure Node=4

Vb=25L Qb/fo=0.1 fb=30Hz Lb=26cm dD=10cm
x=-10cm y=-20cm z=-30cm HAngle=180° VAngle=0

Filter fo=30Hz {b2=1; a2=1; a1=sqrt(2); a0=1; }

System 'S2'
Coil Node=1=2 L=1.125mH
Capacitor Node=2=0 C=22.5uF
Driver Def='B1' Node=2=0=3=4
Radiator Def='B1' Node=3

x=0 y=10cm z=0 HAngle=0 VAngle=0
Enclosure Node=4

Vb=25L Qb/fo=0.1 fb=30Hz Lb=26cm dD=10cm
x=10cm y=-20cm z=-30cm HAngle=180° VAngle=0

Filter fo=30Hz {b2=1; a2=1; a1=sqrt(2); a0=1; }

In addition to the current network, a system also contains the Filter elements connected before it. All the
Filter elements following the System keyword form part of this system. The next System starts with a new
System keyword. The System keyword may follow a name. The name then appears in the legends of the
diagrams and in some selection lists. It is used to make the script easier to read and improve the documentation.
The name is given in quotation marks ('...' or ‘...’), can contain any characters and has a maximum length of 20
characters. For example:

...

System 'tweeter'
Speaker Def='K1' Node=1=0

| Linkwitz-Riley HP-4th order
Filter fo=3kHz {b2=1; a2=1; a1=sqrt(2); a0=1; }
Filter fo=3kHz {b2=1; a2=1; a1=sqrt(2); a0=1; }

System 'woofer'
...

In this extract from a script, the current network consists of only one Speaker element. The two 2nd order
Butterworth high pass filters are multiplied together and thus result in a 4th order Linkwitz-Riley filter. The voltage
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U1 across the nodes 1,0 is applied to the terminals of the Speaker element and follows the transfer function of
the filter. The next System, ‘woofer’, is now completely independent of the ‘tweeter’ System.

Filter network
Using the filter network, the abstract, feedback-free Filter elements within a system can be networked with
one another and with the current network. The topology of the filter network is here entered not by means of the
node numbers, but by means of the so-called feedback formula (further details are given in the chapter
Filter/Feedback).

If no Feedback formula is entered, AkAbak multiplies the transfer functions of the listed Filter elements.

The input parameter of the filter network is the input voltage Uin, whose value is entered into the control dialogs
of the simulation.

The output voltage of the filter network is the input voltage U1 of the current network (Fig. 3 and Fig. 4).

If only Filter elements are entered, and no network is present, U1 represents the output voltage of the last
Filter element or the filter network.

Script
The input medium for the simulation in AkAbak is the script. It contains all the data of the components, the
structure of the networks and the position of the radiation elements. Comments can also be entered anywhere,
so that the script can also document the circuit.

The script is simply a text with a certain structure. The data have a fixed format. The script is edited in the script
windows provided for this purpose, using the built-in text editor (see Help/File, /Edit and /Search).

When a simulation is started, the script is interpreted and any formulae present are evaluated by the formula
parser. The control dialog for the type of simulation then opens, so that further settings can be made. These data
are saved along with the script. The calculation is then carried out and the results are displayed graphically in a
diagram.

If an error occurs during the interpretation, the process is stopped and a short comment on the nature of the error
is displayed in the status line. In the script, the line containing the error is displayed inversely.

Many dialogs also start the interpreter to read in the parameter of the element in which the cursor is currently
located. Incorrect entries are not displayed in the dialog.

AkAbak can display several script windows simultaneously. Actions affecting the script always relate to the
window that is currently open. With the aid of the clipboard, script text can be copied within a window or from one
window to another. In any one window the text must not be longer than 32000 characters.

The font of the script windows is fixed. It is non-proportional, so that the script retains its tabular character. It has
been found that the legibility of the script is improved by indenting the parameter of the elements by two spaces.

A script has a specific structure. It consists primarily of one or more so-called systems and, if appropriate, a
definition part. Each system forms a framework for one current network and one filter network. Each script can
calculate up to 10 independent systems or networks.

The definition part contains elements whose data are available throughout the script.

The input variable for all systems is the voltage Uin. The inputs to the systems are connected in parallel and are
always connected to an ideal voltage source, so that they are decoupled at the input side. The magnitude of the
input voltage Uin is entered into the control dialogs as a rms or peak value of the particular type of simulation. Uin
may possibly be weighted by a Filter cascade (see below).

The output parameter is determined by the type of simulation. Physical parameter such as a velocity or a current
are displayed as a peak value, regardless the setting of the input form. Levels are normed to the constant 1. The
level Lp of the rms-sound pressure is normed to the threshhold of hearing. One group of simulations investigates
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currents, voltages and velocities and pressure in the branches and at the nodes of the current network. It is
described in the chapter 'Inspect'. The other group displays total parameter such as the overall sound pressure,
the power, etc. The output parameter from all networks are summated and displayed here. These types of
simulations are summarized in the chapter 'Sum'. The output curves can be processed further with the functions
comprised in the 'Calc'-menu.

Definitions
The description of the network elements in the script usually consists of their keyword, the parameter, node
numbers and the radiation position. In all electroacoustic transducers, the details of the parameter are listed
separately. They are represented by the so-called 'definition'. This definition precedes the first occurrence of the
associated network element, usually at the start of the script. You can generally recognize the keywords of the
definitions by the prefix Def_, for example Def_Driver.

Each definition is given an arbitrary, unique name (identifier). The associated network element has a parameter
whose identifier is called Def=. Def= is followed by the name of the definition whose parameter values you
intend the network element to use, for example: Def='B1'.

We have found this method of input useful in practice: Firstly, the network descriptions are often very complex;
the extensive list of the driver parameter is therefore given separately to avoid cluttering.

Secondly, any number of network elements can refer to the same definition. In this case they all have the same
parameter, but different network and radiation positions.

Furthermore, it is easier to test the characteristic of different drivers in the constellation if they are described
centrally. For this purpose you enter the definitions of all drivers to be tested at the start of the script and then
only change the names.

Def_Const

Another element of the definition part is Def_Const. This definition consists of a formula system, which is
evaluated while the script is evaluated. The results are assigned to freely selectable identifiers, which you can
then use as constants throughout the entire script. You can use this definition to alter parameter values centrally
(see chapter Def/Def_Const).

Def_Reflector

Def_Reflector is also in the definition part. This definition comprises the parameter of reflectors located close
to the loudspeaker, such as the type of reflector, distance and angle of the loudspeaker with respect to the walls.
If Def_Reflector is specified and a radiator element has the keyword Reflection, the effect of the reflectors
on its radiation is taken into account. You can switch off Def_Reflector simply by prefixing the keyword Off.

Def_ListeningPoint

Def_ListeningPoint, finally, is a definition that shifts the origin of the baffle coordinate system. The details of
the listening point in the control dialogs of the simulations and the details in the Def_Reflector definition are
always relate to this origin. After you have built up a script step by step, you will often find that this reference point
is unfavorably located. Def_ListeningPoint is a convenient means of changing this without having to modify
all the position details.

Filter elements in the definition part

Filter elements may be located in the definition part. All Filter elements that are listed before the first
system keyword are multiplied together. The input voltage Uin which can be specified in the control dialogs is
weighted with the result. The filter thus has a global effect. The output voltage is the source voltage of the
succeeding systems with their networks and filter structures. The filters of the definition part cannot be networked
with a feedback formula.
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Labels
Labels can control the summation of the sound pressure or sound intensity vectors. For example, when you want
to distinguish the total radiation of a vented enclosure and the radiation of the port only. Or, the radiation of a
tweeter, the bass channel and the total sum.

Labels must be first specified in the script and can then be selected in the simulation control dialog. System
names are also valid labels.

The output is then the sum of all radiators with the same label.

If no label is selected the total sum of all radiators is displayed (<all>).

For details see chapter 'Introduction/Radiation Environment/Labels'.

Parameter, Numbers and Units
Parameter form part of a definition or an element and describe its properties. They follow the keyword of the
definition or the element. They apply as far as the next keyword or until the end of the file. Their arrangement is
not significant. The parameter can all be in one line or in different lines. Spaces or comments are also permitted
between the individual parameter. The only important factor is that each parameter is followed by at least one
space, tab stop or line break. For example:

Resistor 'R1'
Node=1=2 R=10ohm

The name 'R1', Node=1=2 and R=10ohm all form part of the Resistor element.

Value assignments are always of the form identifier=value. Within the parameter there must be no spaces,
tab stops or line breaks, for example before or after the equals sign and between the number and unit or text. No
distinction is made between upper and lower case in the identifier.

Node numbers
Node number entries in the current networks have the form:

Node=s=t=u=v=w=x

where s to x are the connection poles of the respective network element. The number of connection poles
depends on the type of the element. If the last pole is not entered, it is set to zero.

You can enter any number in the range of 0...32000. The maximum number of nodes is 56. The node numbers
need not to be ordered sequentially. Node number one is reserved for the network driving point. Node number
zero is the ground.

The sequence of the node numbers in the entry determines the polarity of the potential difference between the
nodes, and therefore the direction of the current arrow. If Us, Ut, Uv, Uu, Uw and Ux are the potentials at poles s,
t, u, v, w and x, the potential differences across the poles of the element are then: Ust=Us-Ut, Uuv=Uu-Uv,
Uwx=Uw-Ux etc.

The current arrow points in the direction of the alphabetic sequence of s, t, u, v, w and x. If the element is a two
pole the flow points from the first to the second node (Fig. 5). If the element has more then two poles the
simulated flow direction points always into the element (seen at the first pole of a port, Fig. 6).

The polarity results from the comparison with the potentials determined by the node numbers. If U1, U2, U3 etc.
are the potentials at nodes 1, 2, 3 etc., then the potential differences from one node to the other are: U12=U1-U2,
U13=U1-U3, U23=U2-U3 etc.
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The radiation elements acting here are: The diaphragm cone, the baffle with the sound-diffracting edges and the
floor as reflector.

Diaphragm cone

If the wavelength is much larger than the diaphragm, the reproduction curve is equal to that of the flat, rigid
diaphragm. The sound-pressure curve is proportional to the diaphragm acceleration. By contrast with the flat,
rigid diaphragm, however, the reproduction at high frequencies is more or less rippled, and after moderate
amplification, the level drops strongly. Selective amplification and damping are close together in this frequency
range.

Baffle

The baffle represents the extension of the diaphragm. It is acoustically rigid, flat, and does not vibrate. The ideal
baffle reflects the acoustic energy, so that a hemispherical wave propagates. The acoustic pressure increases to
twice the value of the free surround radiation. The ideal case is the so-called 'infinite baffle', i.e. the edges of the
baffle are, relative to the wavelength, far enough away from the radiator. In practice, on the other hand, one deals
with a finite baffle, as in the example here. At very low frequencies, the average sound level is 6dB lower than at
very high frequencies. In the frequency range in which the wavelength is comparable with the dimensions of the
baffle, sound refraction occurs at the edges of the baffle - manifested by an 'up and down' effect in the sound-
pressure curve.

Reflector

The reflector has similar characteristics to the baffle. The surface of the reflector, however, is located at a certain
distance from the diaphragm center. At very low frequencies, at which the wavelength is much greater than this
distance, the reflector has the same characteristics as an infinite baffle. The sound level is amplified by 6dB. With
increasing frequency, however, this amplification decreases and, after initial ripple in the sound pressure curve,
disappears entirely.

Various listening angles

It is also valuable to measure the sound level from various listening angles. If you rotate the loudspeaker
enclosure through, for example, 180°, so that the loudspeaker radiates backwards, you can recognize the
acoustic shadow at high frequencies. The shorter the wavelength becomes, relative to the housing dimensions,
the less sound is diffracted around the edge of the baffle. At very high frequencies, virtually no sound pressure
can be measured. The reason for this, however, lies not only with the diffraction effects of the baffle edges, but
also with the diaphragm. To illustrate this, the sound pressure curve can also be measured at a listening angle of
90°. The level curve is similar to that measured on-axis, except that in the upper frequency range the sound
pressure decreases with strong ripple. It is obvious that no diffraction effects can occur if no sound is radiated
laterally.

Another interesting feature is the diagram of directivity characteristics. To illustrate this, with the generator, set
third-octave random noise in the upper frequency range and measure the sound level at different listening
angles. This illustrates that the level fluctuates and decreases all the more as the the listening angle increases.

These observations are a useful introduction. It is advisable and extremely informative to carry out a few
experiments yourself here to gain a clear idea of the relationships. Extend the experiment and investigate the
sound pressure level, for example in the presence of various reflectors. What happens when the box is set up in
a corner of the room? What does the spectrum look like if the loudspeaker enclosure is rotated through 180° in
this case?.

How do the sound level and the directivity diagram vary when two radiators are present? Vary the position of the
radiators or reverse the poles of the terminals.

Or: Insert the loudspeaker backwards into the baffle so that it radiates through a small vent. What effect does
this have on the sound pressure variation? In this experiment it is also very interesting to see how the response is
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changed when the aperture is partly covered. The electrical driving-point impedance of the driver can also be
observed.

Point radiator
The point radiator radiates the sound uniformly in all directions. The radiation directivity is independent of
frequency. Point radiators form the basis of geometrical acoustics, in which diaphragm forms are 'scanned' by
point radiators.

The outgoing wave generated by a point source is spherical. The pressure gradient is only in one dimension, so
that the one dimensional wave-equation can be applied.

Diaphragm
In acoustics, a diaphragm means a vibrating surface that radiates sound. This surface may have any shape and
may be made of any material. For example, the cross-sectional surface at the end of a vent or a horn is a
diaphragm. The diaphragm surface can vibrate in various ways. The best known is the diaphragm that vibrates in
a piston-like manner. In addition, there is also a 'breathing' sphere, as at the output of a horn, the linear radiator
(side) and the point radiator. The surface generally does not vibrate as a whole, but is divided into sub-vibrations.
These natural vibrations of the diaphragm depend on its shape, on the material, the clamping, suspension, etc.
Radiating cross-sectional areas of vents and horns can also have a location-dependent distribution of the
diaphragm movement, which is principally produced by dispersion during wave propagation.

Acoustic radiation is always associated with mechanical vibration of the diaphragm. It is immaterial whether the
diaphragm surface vibrates coherently or fragments into transversal waves. Sound radiation exerts a force at
each point in the room, i.e. not only at the listening point but on the diaphragm surface itself. The quotient of this
force and the diaphragm velocity is called radiation impedance.

Radiation impedance is a frequency-dependent parameter. It is intermeshed with the mechanical elements of the
driver and thus exerts a critical influence on the transfer characteristics of the radiator. For example, the acoustic
power gain of the radiator is proportional to the real component of the radiation impedance. At low frequencies
the imaginary component behaves as a mass and constitutes several per cent of the effectively vibrating mass
Mms of the diaphragm.

The acoustic waves in the vicinity of the diaphragm surface follow the mechanical movement. With respect to the
listening point, they are summated according to modulus and phase. This transmission is generally characterized
by strong interference, especially at relatively high frequencies.

The calculation is performed by subdivision of the diaphragm into small subdiaphragms and subsequent
summation or integration of the partial sound pressures. The subdiaphragms formed are considered as flat, rigid
ideal diaphragms (finite element) moving in the manner of a piston or as a 'point' on the surface (point radiator).
In this case, finite elements are typically interconnected and point radiators are considered as independent units.

Piston
A diaphragm is called piston-shaped when its surface is flat and it moves coherently in one direction. There are
thus no natural vibrations of the diaphragm. In many investigations, a diaphragm that is otherwise complicated in
shape can be regarded as a piston if the wavelength is considerably greater than the dimensions determining the
shape. Partial vibrations can only occur from a specific frequency upwards. Below this frequency, the diaphragm
vibrates in phase. Only inertia effects due to the finite stiffness of the diaphragm material lead to some parts of
the diaphragm vibrating more intensively than others. This effect, which depends mainly on the position at which
the driving force acts, is known as mass reduction.
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Fig. 8 Directivity characteristics of a flat, circular diaphragm at 1kHz, 5kHz and 10kHz
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Fig. 9 On-axis sound pressure level of flat diaphragm and diaphragm acceleration (as level)

The directivity characteristics of a piston diaphragm are illustrated in a typical diagram (Fig. 8). Slight variations
are caused by outer diaphragm shape (rectangular/circular) and by any holes present in the diaphragm (ring
radiators). Since the surface is flat, there are no interferences in the direction perpendicular to the plane - i.e. on-
axis - or only at extremely high frequencies, if the listening point is far enough away from the diaphragm (far
field).

The on-axis acoustic pressure transmission of a rigid piston is similar to the transmission of the diaphragm
acceleration (Fig. 9).

Since the travel time of all points on the diaphragm is the same, there is also no temporal distortion. The shape
of a pulse is therefore retained (Fig. 10).
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The -3dB cut-off frequency for the acoustic power is for most loudspeaker diaphragms about one octave above
fD, depending on the diaphragm shape, mass reduction and other parameter.

The graphs of the directivity characteristics are obtained by integrating across the diaphragm surface. For
standard diaphragms, there are closed solutions: The directivity characteristics of the ideal rectangular piston-
shaped diaphragm is described by the si function. If the diaphragm is circular, the analysis results in a Bessel
function. The curves of the si and Bessel functions are very similar. The different travel times of the
subdiaphragms at the listening point lead to a distortion in the time domain, so that the form of an impulse is lost.

One variant of the piston-shaped diaphragm is the ring radiator. The diaphragm shape of an ring radiator may be
outwardly rectangular or circular. In the center is a hole. The directivity characteristic of the circular ring radiator is
a combination of Bessel functions.

If parts of the diaphragm can no longer follow the drive force because of inertia and the finite stiffness, the effect
of mass or area reduction is observed. By this is meant that, with respect to the drive, a smaller mass acts and
the radiation takes place over a modified surface. In this case it is important to distinguish the location of the
point of action of the force. If the force acts in the center of the diaphragm, for example, first the edge regions of
the diaphragm are decoupled. If the drive is at the diaphragm edge, there is a hole in the diaphragm center. In
the first case, the directivity characteristic will naturally spread. The directivity frequency fD is shifted to higher
frequencies. The power bandwidth increases. In the second case, fD does not change. In loudspeaker
technology, this effect is well known, and designers attempt to use the mass reduction effect to advantage.

The latter effect is an integral result of the transversal vibration of the membrane. As soon the driving frequency
is equal one of the eigen-frequencies of the diaphragm strong excitation is performed by the material. Naturally
this vibration pattern is very difficult to describe mathematically. Hand in hand with this vibration a more or less
diffuse radiation takes place.
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Fig. 12 Radiation impedance of flat diaphragm (dD=10cm)

As already mentioned, the acoustic pressure reacts on its own diaphragm, so that force divided by diaphragm
velocity forms an impedance. This so-called radiation impedance acts together with the mechanical elements of
the driver. With piston-shaped driver, the curve of radiation impedance can be calculated by a closed function in
series form (Fig. 12). There is little difference between curves of the functions for round and rectangular
diaphragms if the ratio of the sides of the rectangle is not too extreme. Other diaphragm shapes, such as the
cone or dome, behave in a similar way.



Introduction 34

50 100100 500 1k1k 5k 10k10k30 30k

0

-30k

0

30k

60k

90k

Frequency Hz

Pa s/m³

Imaginary part

Real part

Fig. 13 Radiation impedance flat diaphragm (dD=11cm) sunk by t1=2cm; top: real component and bottom: imaginary component

The greatest deviation is found when the diaphragm radiates across a hollow space: if, for example, the
diaphragm itself is concave or the diaphragm is, for example, recessed into the baffle (Fig. 13).

The real component of the radiation impedance is constant above the directivity frequency fD. That means that in
this range there is hardly any interaction with the subdiaphragms. At low frequencies, the resistance increases
with frequency. In the vicinity of fD, the response is most sensitive to the diaphragm shape and the radiation
environment.

The imaginary component of this impedance has, at low frequencies, the properties of a mass. In the vicinity of
fD, the reactance reaches its maximum and at high frequencies approaches zero. For radiation across hollow
spaces, the reactance in the vicinity of fD may assume the character of a compliance.

Tympanum and plates
Strictly speaking, any diaphragm has more or less the properties of a plate or a tympanum. In reality there is no
ideal case. The conditions of the vibrating plate or of a tympanum therefore also apply to any other diaphragm
shape.

If the diaphragm is not broken up into natural vibrations, the surface of the tympanum vibrates like a 'breathing'
sphere. Otherwise a variety of vibration patterns are produced, which depend on the tension, diaphragm shape,
action of force, etc..

The vibration pattern of bars, plates and shells is most complex since there are more inherent forces at work as
for example at the streched membran.

The description of the natural mechanical vibrations in closed mathematical form can only be given in certain
special cases. Otherwise it can be determined with the aid of the finite element method (FEM). One often
attempts to convert the descriptive parameter into equivalent parameter of the diaphragm oscillating in a piston-
like manner. Loudspeaker and microphone technologists attempt to damp the partial vibrations, which are
associated with the mass reduction. In the sound pressure curve, the radiation of the partial vibrations shows a
typical profile of closely spaced resonances and antiresonances with high qualities. There are, however, cases in
which the natural vibrations are distributed precisely so as to cancel out the radiated energy. This effect is
unfortunately limited to a few selected frequencies.

If strong natural vibrations occur, radiation is more or less diffuse since each transversal wave generates sound
whose main direction is perpendicular to the wave movement. But there exists also some other types of wave
propagation which is the result of the interaction between the air and the vibrating surface.
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Cone
The conical diaphragm is the typical loudspeaker diaphragm. With dynamic drivers, the voice coil exerts its force
at the tip of the cone. The mechanical vibration characteristics of the conical diaphragm of a loudspeaker is in
practice optimized so that the cone oscillates as a piston in the direction of the cone axis. Natural vibrations are
suppressed by skillful shaping and damping in the diaphragm material. If parts of the diaphragm can no longer
follow the high accelerations at high frequencies, the effective cone diameter becomes smaller. If the diaphragms
have been well designed, the energy liberated is partly converted into movement and partly into frictional losses
in the diaphragm material.
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Fig. 14 On-axis sound pressure level, 30° and 60°; conical diaphragm

The radiation of the cone differs considerably from that of the flat diaphragm (Fig. 14). At high frequencies, in
particular, interferences also occur on axis. A typical curve is the comb-filter-like curve of the sound-level
spectrum at high frequencies.

Fig. 15 Natural resonance of the diaphragm parts in the curve of the electrical driving point impedance (measured)

In addition to natural vibrations of the diaphragm surface itself, resonances often occur, which may be caused by
the joining of the various part of the conical diaphragm. For example, the voice-coil support, the voice coil, the
connection wires, the centering suspension and the dust cap all resonate with the cone. At low frequencies, such
resonances are in the vicinity of the basic resonance fs of the driver and are, for example, clearly visible in the
frequency response of the electrical input impedance of the driver (Fig. 15).
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Tweeters with a conical diaphragm, in particular, often lack the flexible suspension at the outer rim of the
diaphragm. These can be regarded as constrained conical diaphragms. Loudspeakers with this design may have
a pronounced 'smooth' sound-level curve and a broad radiation characteristic up to very high frequencies.
However, appropriate measurements manifests the intensive natural vibrations of the diaphragm.
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Fig. 16 Curves of radiation resistance: Concave (peak) and flat diaphragm shapes.

Concave diaphragm shapes such as conical diaphragms usually have a regular gain in the upper frequency
range. At even higher frequencies, the level then decreases sharply with frequency. The reason is a selective
increase of the radiation resistance in the vicinity of the directivity frequency fD. The deeper the cone is shaped,
the more pronounced this gain (Fig. 16).

Dome
A dome is a spherical diaphragm with either convex or concave curvature. The voice coil exert its force on the
outer rim of the diaphragm. Dome diaphragms are used predominantly for medium range speakers and tweeters.
The statics of the dome shape provide a high internal stiffness, so that relatively lightweight diaphragms can be
produced. If, in the dome, parts of the diaphragm can no longer withstand the acceleration, an ring radiator is the
result. In addition to partial vibrations, an annulus, decreasing in size as the frequency increases, then radiates.

The curve of radiation impedance of the convex dome is similar to that of the flat diaphragm. The cavity of the
concave dome generates a curve similar to that of the cone. In the vicinity of the directivity frequency, the sound
pressure is amplified.

Baffle
The baffle is one of the most important acoustic elements, and also the one that is most difficult to describe
mathematically. A baffle is always present if the propagation medium for the advancing sound wave changes.
The sound wave is refracted. One part of the energy continues to pass through the medium behind the baffle; the
rest is reflected. A baffle forms when, for example, air layers of different temperature lie one on top of the other. If
the density and stiffness of adjacent media are very different, the baffle is known as sound reflecting or
acoustically hard. An acoustically hard wall reflects sound totally. The angle of incidence is equal to the angle of
reflection. This fact is analogous to that in optics. In acoustics, however, the problem is that the wavelength is not
significantly smaller than the dimensions of the baffle. In this case there are complicated diffraction effects at the
edges of the baffle.

If the baffle absorbs sound or vibrates itself, reflection is no longer total. The angle of reflection and the sound
pressure amplitude and phase are distorted.
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Fig. 18 Flat diaphragm in a rectangular baffle in comparison to the circular baffle

A circular baffle is rare. The baffle is usually rectangular and the radiator is asymmetrical with respect to the
edges. The peaks and troughs in the sound pressure curve are then not so strongly pronounced. The region with
ripple, however, is distributed over a wider frequency range (Fig. 18).

The sound diffraction is caused by the pressure loss behind the edge. Each pressure loss generates a 'radiator'
whose 'radiation direction' is characterized by the direction of the pressure gradient. At the measurement point,
the newly created 'radiators' behind the edges of the baffle interfere with the sound radiated directly. Some of the
energy travels back to the diaphragm, and there interacts with the diaphragm movement. The rest of the acoustic
energy is radiated from the reverse side of the baffle. With increasing frequency, a sound shadow appears here,
so that at very high frequencies, the sound is only radiated into the front half of the room. The intensity is then
twice as high. The complete description of the sound diffraction is extremely complicated. The influence of the
sound diffraction depends not only on the distance from the edges to the radiator, but also on the angle between
the edge and the listening point, and also on the texture of the edges.

Reflector
For reflectors, the same applies as for the baffle, with the difference that the radiator is not in the same plane as
the wall. The difference in travel time between the reflected and directly emitted sound wave causes
interferences (Fig. 19). There are also diffraction effects at the edges of the reflectors.
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Fig. 19 Sound pressure curve and radiation resistance, including reflections from three walls
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A large variety of reflectors can be distinguished, each with very distinctive characteristics. Many of them belong
to the field of room acoustics. A criterion is introduced here that helps to distinguish whether a reflector belongs
more to the room or more to the sound source. This criterion is known as the diffuse-field distance [Zwi]. The
diffuse-field distance is the distance from the sound source at which the sound level in the free field is equal to
the average sound level in the room. Reflectors located outside the diffuse-field distance belong to room
acoustics. Those within it are assigned to the radiator.

If the sound wavelength is much smaller than the dimensions of the reflector wall, the laws of geometrical optics
can be applied.

To gain an idea of this, imagine the reflectors as a mirror and the sound source as a candle. If you place the
candle in a corner of a room with three mirrors perpendicular to one another, you see a total of eight candles.
The same is true in acoustics. If, for example, you place a loudspeaker in a corner of a room, at very low
frequencies the measured sound level is 18dB greater than if the speaker radiates freely. Since the speaker is
usually located in a closed room, the standing waves of the room have to be additionally superimposed. With
increasing frequency, the waves radiated directly and reflected interfere with one another and the value sinks to
the level of free radiation. The process has superimposed on it the directivity of the baffle and the diaphragm.

An important dimension in acoustics is the level of the acoustic output power. To calculate this, the sound
pressure over an envelope is integrated. For the practical calculation, this is only integrated over the room into
which radiation takes place. A wall doubles the acoustic power in the rest of the room. A second wall,
perpendicular to the first, quadruples the power. A room corner raises the level by 9dB. The values naturally only
apply to acoustically hard, infinitely large surfaces and at very low frequencies.

Radiation in AkAbak
AkAbak cannot calculate all the above-described characteristics of radiating loudspeakers. Because of the
complicated relationships, the simulation concentrates on those characteristics that have the most significant and
fundamental effects. The models used are in all cases based on physical principles, so that the effects on the
output are linked to the particular parameter.

The missing characteristics may be manifested by, for example, too low or too high a level of the amplitude
response of the simulation. It is also possible that the measured directivity diagram appears broader than that
simulated. Many of the causes, but not all, can be attributed to natural vibrations. Diaphragm shapes and
materials also play a large part. For the sound refraction at the edge, AkAbak shows the general trend. Additional
cavities, the edge shape, etc. are not taken into account. Reflections are usually exaggerated in the simulation,
even when absorption is specified, since room modes and scattering effectes are usually present.

AkAbak calculates radiation from diaphragms and refraction edges in the far field. 'Far field' means that the
distance from the diaphragm is much larger than the dimensions of the diaphragm. In this case the
subdiaphragm can be regarded as equidistant from the listening point, so that the interferences that otherwise
occur are negligible.

By contrast, the sum of all radiators in the near field is calculated (even if the listening point is very remote). This
indicates that the travel times of the sound waves of the individual radiators depend on the listening point of all
three coordinates.

Using the parameter
The parameter that affect the radiation are the diaphragm shape, the mounting position, the baffle dimension and
the reflectors.

The parameter of the diaphragm are obtained by measuring its geometrical form. It is best to determine the
driver parameter using the program item 'Tools/Dyn. Driver parameter' or 'Tools/Piezo Driver parameter'.

When using these parameter, it is in many cases useful to get used to thinking in terms of a black box. With a
black box, one only knows the input and output parameter but not what is in the black box. In the simulation of
drivers with acoustic radiation, the black box can be equated with the radiation. Although we have a mathematical
model of the radiation, we know that it does not extend to all the conditions.
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If, for example, a driver is used in a large system which it is important to configure, the prerequisite is that the
driver, with its radiation, has the correct transmission even though one parameter or another may not correspond
to the correct geometrical dimensions.

In another example, certain properties of a driver are modified. In this case, too, the prerequisite is that the
transmission of the driver is correctly simulated. It is easy to estimate the parameter because of their linear
characteristic.

If the parameter of a driver are determined for the simulation, their values should be set so that both the input
and output parameter of the simulation correspond to the measured data. It is of secondary importance that the
parameter values correspond exactly to the actual geometry.

For example: We want to analyze a conventional loudspeaker with a conical diaphragm in a large system with
filters, enclosures etc. First the curves of the driving point impedance and the sound pressure level are recorded
under test conditions at various listening angles. We determine the motor-parameter and the diaphragm
dimensions. In the second stage, we simulate this loudspeaker under the test conditions and vary the parameter
until we have found an optimum agreement of all curves. By this post-processing we can then assume that, if the
curve of the electrical driving point impedance and of the acoustic output have been well simulated, that the
driver will also behave correctly when combined with other electrical and acoustic elements.

It is incorrect, for example, to compensate a level drop at higher frequencies by reducing the value of the voice-
coil inductance Le,. This modifies the input impedance of the driver, which in turn has consequences for the rest
of the network. It is better in this case to reduce either the mass reduction frequency fp or the cone depth tD1.

Diaphragm Parameter
Since the acoustic modeling is in many cases done with the help of one-dimensional waveguides the
specification of cross sections is common practice in AkAbak. Therefore a large subset of parameters is
available which are called diaphragm parameter. Diaphragms are also the means of radiation which are
responsible for the mechano-acoustical coupling. There are radiating cross sections and loudspeaker
diaphragms. The first category is used for radiating holes, vents and waveguides. The latter copes the more
sophisticated mechanics of loudspeaker cones and domes. The specification of the diaphragm parameter is
usually given at the actual component to which an additional Radiator element refers which is responsible for the
radiation into free space.

Cross-sectional areas
Cross-sectional areas are flat, piston-like vibrating circular or rectangular radiation surfaces. The cross-sectional
areas have no function for mass reduction or recessing into the baffle. Holes in the diaphragm area are also not
taken into account here (except the Coupler). The reference point for mounting is in the center of the cross-
sectional area.

Duct, Enclosure (vent)

dD=...m diameter of the duct cross-section. Unit: meter [m].

SD=...m2 (alternative) duct cross-sectional area. Unit: square meter [m2].

WD=...m (alternative) width and
HD=...m height of the rectangular duct. Unit: meter [m].

Horn, Waveguide

dTh=...m diameter of horn throat.

STh=...m2 (alternative) cross-sectional area of horn throat.
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WTh=...m (alternative) width and
HTh=...m height of horn throat with rectangular cross-sectional area

dMo=...m diameter of horn mouth.

SMo=...m2 (alternative) cross-sectional area of horn mouth

WMo=...m (alternative) width and
HMo=...m height of horn mouth with rectangular cross-sectional area

Coupler

(if used as diaphragm or part of it)

dD=...m diameter of cross-section.

SD=...m2 (alternative) cross-sectional area.

WD=...m (alternative) width and
HD=...m height of the rectangular cross section.

dD1=...m diameter of a circular hole in the middle.

SD1=...m2 (alternative) cross-sectional area of a circular hole in the middle.

Loudspeaker diaphragm

The loudspeaker diaphragm is regarded as an inherently rigid diaphragm that vibrates in the manner of a piston.
The outer shape may be rectangular or circular. With flat or conical diaphragms, a circular hole may be cut in the
center (dD1<0). The diaphragm area of conical and dome-shaped diaphragms is frequency dependent if the
parameter fp= has been entered. Eigen-vibration of the diaphragm causes an additional sound field with a
complex directivity pattern which appears at high frequencies more or less diffuse. Since in some cases the
directivity is broaden by this radiation. Use than the Diffuse= parameter to control the directivity calculation.

The two parameter tD1= and t1= indicate the depth of a cavity. This provides the eigenfrequencies and
interferences that are apparent in the sound pressure level curve. In the upper frequency band, the simulation
curve of the sound pressure level has a comb-filter shape. The greater the values of tD1= and t1=, the lower
the frequencies with these troughs. In the measurement curve for the sound level, at least the first trough can be
clearly identified, despite strong natural vibrations of the diaphragm in this frequency range. tD1= and t1=
should then be post-processed until the first trough in the simulation curve is congruent with that in the
measurement curve.

With circular conical and domed diaphragms, calculation is done by numerical integration across the diaphragm
surface. With rectangular diaphragms, the program weights the directivity characteristic of the rectangular
diaphragm (si-function) with the integral of the radiation on-axis over the cone depth. This last-mentioned method
is not quite as precise, but nevertheless provides a good approximation to the directivity characteristic of this
fairly rare diaphragm shape (rectangular cone).

With flat diaphragms, the program calculates the directivity characteristics by means of the Bessel series
(circular) or the si-function (rectangular).
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Fig. 20 Circular and rectangular diaphragm (The dot indicates the reference point for mounting)

Fig. 21 Convex and concave diaphragm

dD=...m External diameter of the circular diaphragm. dD is measured from the center-line
of the suspension. If the loudspeaker does not have a suspension, but the
diaphragm is clamped as with capacitor microphones or many tweeters or the
like, the area equivalent to the diaphragm vibrating in a piston-like manner
should be used.
Unit: meter [m].

SD=...m2 (alternative) Cross-sectional area of the circular diaphragm. The program internally converts
SD to the external diameter dD.
Unit square meter [m2].

WD=...m (alternative) Width and
HD=...m height of the outer diaphragm. If WD and HD are entered, the program interprets

the outer diaphragm shape as rectangular. WD and HD are measured from the
center of the diaphragm suspension.
Unit meter [m].

dD1=...m Diameter:
- inner diaphragm (dD1 > 0) or
- hole (dD1 < 0).

With flat diaphragms:
- only hole (dD1 < 0)
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With cones:
- dust cap (dD1 > 0)
- hole (dD1 < 0)

With domes:
- is characterized by dD1=0

or dD1 not entered.
The range of the parameter dD1= therefore controls important characteristics of
the diaphragm shape.
If dD1=0, the diaphragm is dome-shaped.
If dD1>0, the diaphragm cone has a dust cap. For flat diaphragms, it has no
meaning to enter dD1>0, and an error message is given.
If dD1<0, in the calculation of the radiation, radiation impedance etc. for flat and
conical diaphragms, a round hole of diameter dD1 is formed in the center or at
the cone tip.
The outer diaphragm shape is immaterial.
The inner surface of dD1= is always circular.
Unit meter [m].

SD1=...m2 (alternative) Cross-sectional area of the inner diaphragm.
Internally, the program converts SD1= to the diameter dD1=. The same applies
as described for dD1=.
Unit: square meter [m2].

tD1=...m Cone:
depth of the cone. Measured from the suspension to the
dust cap.

Concave dome:
depth of the dome sphere measured from the suspension
to the lowest point.

Convex dome:
height of the dome sphere measured from the suspension
to the tip.

Flat diaphragm:
characterized by tD1=0
or tD1 not entered.

Note, that the response is very sensitive to tD1. You clearly can recognize the
effect to the SPL at high frequencies. In most cases the value read from
geometrical measure is a bit to large.
Unit meter [m].

t1=...m Diaphragm recessed in the baffle.
t1= is measured from the diaphragm suspension to the surface of the baffle. For
convex domes, the dome may well project above the baffle surface.
Transmission is very sensitive to this parameter. If the vent is not cylindrical but,
for example, flared, the value of t1= should be adapted.
t1= should be less than the diaphragm radius. Otherwise the acoustic structure
modeled with the aid of the element Duct.
The parameter t1= may be entered at two points in the script. Firstly, as here, in
the diaphragm dimensions and secondly in the position data of the radiator.
AkAbak adds the two dimensions. Together they must be smaller than the
diaphragm radius.
This option is very useful, since the driver diaphragm itself is often already offset
or provided with a small horn.
In addition, offset installation in the baffle can be taken into account without the
Duct element having to be used.
Unit: meter [m]



Introduction 44

fp=...Hz Frequency for controlling the mass or area reduction.
Not for flat diaphragms (tD1=0).
The effective diaphragm diameter of conical diaphragms is at fp:
dD(fp)=(dD+dD1)/2 plus the inner diaphragm area, if present. The inner
diaphragm is not reduced.
When calculating dome-shaped diaphragms, the program calculates in the
diaphragm center a hole that increases in size with frequency. At fp, the diameter
of this hole is 2/5 of the outer diameter.
At frequencies above fp, the diaphragm area decreases constantly. At
frequencies below fp, the effective area rapidly converges to that entered.
The reduction of the radiation area is followed by the mass reduction. The driver
parameter are changed correspondingly. The parameter fp therefore acts even if
the diaphragm does not radiate directly but into an acoustic structure, such as
into a duct (duct) or into a horn (Horn, Waveguide). fp is an integral
parameter that is used to express several different mechanical and acoustical
diaphragm characteristics.
This is generally successful. Unfortunately, it is impossible to find a measuring
method for fp. A rough rule of thumb is that the frequency fp is equal to the
frequency range in which the first partial vibrations occur. A good starting value
for post-processing is twice the directivity frequency which is approximately
220/dD.
If fp=0 or if fp has not been entered, the mass reduction is disabled.
Unit: hertz [Hz].

Diffuse=...% At high frequencies the directivity pattern is in many cases wider in range than
calculated by the program. To have the possibility to control this effect to some
degree a diffuse factor diminishes the effect of the calculated directivity pattern
calculation. The range of controling is:
Diffuse=0% Directivity pattern as calculated
....
Diffuse=100% No Directivity, radiates like a point source.

Reference point for mounting

The reference point for mounting is with all loudspeaker diaphragms in the center, at the level of the suspension
of the diaphragm.

If the diaphragm is recessed in the baffle (t1>0), the mounting point is in the center of the outer cross-sectional
area (marked by the dot in Fig. 20 and Fig. 21).

Entries for loudspeaker diaphragms can be found in the definitions:

Def_Driver, Def_TwoCoilsDriver, Def_PiezoDriver,
Def_Speaker, Def_BassUnit

and in the elements:

Radiator, Diaphragm.

The acoustic network element Radiator is only a radiator, without mechanical elements, but with acoustical
impedance. It takes the parameter for the loudspeaker from the associated driver or acoustic element. If no
reference (Def=) has been entered, the parameter of the loudspeaker diaphragm can also be used for the
Radiator element.

Another network element that accepts the parameter for the loudspeaker diaphragm is the Diaphragm element.
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With conical diaphragms, the acoustic center is displaced towards the inner diaphragm with frequency. That
means that at very high frequency virtually only the diaphragm, which is offset slightly backwards, radiates sound.
The displacement of the acoustic center with frequency is calculated by AkAbak.

x=...m, y=...m, z=...m
For each radiator, the position data x, y and z in the baffle coordinate system are
entered. If the radiator is left of the origin, the x-coordinate is positive, otherwise
negative. If it above, then y is greater than zero, if it is below, then the value of y
is less than zero. Positive values of the z coordinates place the radiator in front
of the baffle, if they are less than zero, then it is behind the baffle.
If one of the parameter x, y, or z is not given in the script for a radiator, its value
is set to zero by default.
Unit: meter [m] or inch [in].

HAngle=...°, VAngle=...°
In addition to the position data x, y, z, the mounting angles, HAngle and VAngle
can also be entered. They are not drawn in Fig. 22.
HAngle and VAngle rotate the axis of the aperture about the reference point of
mounting. This axis is perpendicular to the radiating area and passes through
the reference point of the radiator.
HAngle describes the rotation of this axis in the horizontal (xz) plane. The value
of HAngle varies between -180° and +180°. Values greater than zero rotate the
radiator towards the positive x axis. If, for example, a loudspeaker is located on
the left-hand side of a rectangular enclosure, then you should enter
HAngle=90°. If it is on the rear side of the speaker, then enter HAngle=180°.
VAngle rotates the radiate in the vertical (xy) plane. In this case its range is
limited to -90° <= VAngle <= +90°. Positives values rotate the radiator upwards,
negative values downwards. Although from a mathematical point of view this
direction is the wrong way round, it is more intuitive: positive upwards, negative
downwards. If, for example, a loudspeaker in a rectangular enclosure radiates
towards the base - it is therefore on the underside - then VAngle=-90°
With the angles HAngle and VAngle, the radiator can be rotated in any direction.
If one of the parameter HAngle or VAngle is not entered, then AkAbak sets its
value to zero degrees by default.
Unit: degree [°, Deg]

t1=...m Recessing of a loudspeaker diaphragm in the baffle. t1= is measured from the
diaphragm suspension to the baffle surface. With convex domes, the dome may
well project above the baffle surface.
The transmission responds very sensitively to this parameter. It is particularly
when the vent is not tubular that the value of t1= should be modified..
t1= should be smaller than the diaphragm radius. Otherwise the acoustic
structure should be modeled by means of the Duct element.
The parameter t1= can be entered at two points in the script. First here, as with
the positional data and secondly at the diaphragm dimensions of the radiator.
AkAbak adds the two dimensions together. Their sum must be smaller than the
diaphragm radius. This option is very useful, since the driver diaphragm is often
already offset or provided with a small horn. In addition, the offset installation in
the baffle can be taken into account with the Duct element having to be used.
Unit: meter [m]

Shifting of the origin
The origin of the baffle coordinate system can also be shifted retroactively without changing the individual
position data. To do this insert the definition Def_ListeningPoint at the start of the script (see chapter Def).
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Fig. 28 Equivalent circuit

To model the driver we need components from the electrical, mechanical and acoustical domain. Fig. 28 is the
equivalent circuit and below the script is shown (see file \Scripts\Examples\HDrv.aks). The centre-part of the
schematic comprises lumped elements of the transducer. To the left we have the driving voltage source and to
the right the four radiation devices which can be mounted at the acoustical output of the driver.

| AkAbak example script - Compression driver

Def_Const
{ Ree=13; |Voice coil resistance [ohm]

Le=0.5e-3; |Voice coil inductance [H]
Bl=8; |Motor conversion factor F=Bl*i [Tm]
Mms=1.1e-3; |Mechanical mass [kg]
Rms=0.4; |Mechanical resistance [Ns/m]
Cms=140e-6; |Mechanical compliance [N/m]
dDi=4.5e-2; |Diameter centre diaphragm [m]
dDa=5.3e-2; |Diameter outer diaphragm [m]
Hi=1e-3; |Distance between diaphragm and phase plug
Ha=13e-3; |Eff. height of outer chamber under the ring
ds=0.2e-3; |Slit between voice coil and magnet
ls=15e-3; } |Length of voice coil path

System 'Windermere'
|Voice coil (frequency-non-linear resistance and reactance)
Impedance 'Ze' Node=1=2 Z={ Ree*(1 + f/50e3) + j*(w*Le)^0.6; }
|Motor
Gyrator 'Gy1' Node=2=0=3=4 Bl={Bl}

|Reverse side with enclosure
Coupler 'Cplb' Node=4=0=100 dD={dDa}
Enclosure 'Eb' Node=100 Vb=120cm3 Qb/fo=0.1

|Mechanical part (Mms frequency depending, cut-off at 5kHz)
Impedance 'Zms' Node=3=5

Z={ wo=2*pi*5000; Zms=Rms + j*(w*Mms/(1 + w/wo) - 1/(w*Cms)) }

|Outer diaphragm (ring) with cavity
Coupler 'Cplo' Node=5=6=200 SD={ pi*(sqr(dDa/2)-sqr(dDi/2)) }
Enclosure 'Efo' Node=200 Vb={ SD=pi*(sqr(dDa/2)-sqr(dDi/2)); Vb=SD*Ha }

|Centre diaphragm with compression chamber
Coupler 'Cpli' Node=6=0=300 dD={dDi}
Enclosure 'Efi' Node=300 Vb={ SD=pi*sqr(dDi/2); Vb=SD*Hi }

|Voice coil tunnel between outer ring cavity and compression chamber
Duct 'Dvp' Node=200=300 SD={ U=pi*dDi; SD=U*ds } Len={ ls } QD/fo=0.01

|Horn inside compression driver
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Waveguide 'Wpp' Node=300=400 dTh=1.5cm dMo=2.24cm Len=4cm Conical

|Radiation via radial horn
Horn 'H1' Node=400

T=1 dTh=1in WMo=53.5cm HMo=23cm Len=47cm
HArc=11cm LenTh=10cm
WEdge=59cm HEdge=27cm

The force generated by the magnetic fields of the voice coil and the permanent magnet is symbolised by the
gyrator element 'Gy1'. The voice coil impedance 'Ze' is resistive at low frequencies. At high frequencies not only
the imaginary part of Ze becomes inductive but also the real part rises due to eddy currents in the magnet pole
piece.

The mechanical part is dominated by the fundamental resonance frequency formed by the suspension
compliance and the mass of the vibrating assembly. Further there are more or less strong eigen-frequencies of
the mechanical structure. It is possible to model some of them with AkAbak but for the sake of clarity this is
omitted here. We would like our mechanical impedance 'Zms' to include the so-called mass reduction of the
diaphragm. At high frequencies the acceleration is so strong that only parts of the diaphragm are able to follow
the imprinted force.

The transformation from the mechanical to the acoustical domain is performed by the diaphragm, symbolised by
the Coupler element. The front side of the diaphragm has to be split into two areas. The concave side of the
dome radiates directly into the compression chamber (Coupler 'Cpli'). Part of the suspension ring radiates into
the voice coil path (Coupler 'Cpli'). The reverse side of the diaphragm is coupled to the reverse enclosure
(Coupler Cplb').

In the acoustical domain the cavities are modeled by acoustical compliances (Enclosure element 'Eb', 'Efo', Efi').
Passages where standing waves are expected are formed by waveguides. For the sake of clarity we are only
including the most important modules in the script. We do not include resistive losses or dissipative Helmholtz
resonators, for example. It turns out that the response is highly sensible to the dimensions of the path throught
the voice coil tunnel which is modeled using the Duct element 'Dvp'.

Here the phase plug model, which is in reality a sophisticated duct system, is formed by a simple Waveguide
element 'Wpp' with variable cross section. The sound wave present at the outlet of the Waveguide element is
also the output-port of the driver (node 400). At this port any acoustic device can be connected (Fig. 29).

Fig. 29 Horn radiation

Fig. 30 displays the response of the driving point impedance of the driver as well as the transfer function when
the compression driver is loaded with a radial mid-range horn.
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Fig. 30 Horn radiation: Electrical impedance, real and imaginary and sound pressure level

For example one of the most surprising details we can learn from our compression driver model is the high
sensitivity of the response to the dimensions of the voice coil path. Fig. 31 demonstrates the effect of doubling
the width of the slit between the voice coil former and the magnet.
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Fig. 31 Sound pressure level with horn radiation. Doubling the width of the voice coil path

Modeling enclosed acoustics
Due to the method of simulation the propagation of waves in cavities is described exclusively by lumped
elements and one-dimensional waveguides. Thus the existing world is of only one dimension. There are only
points (lumped elements) and lines (waveguides). Constrained to these dimensions properties as 'up/down' or
'left/right' are unknown. Just 'forward/backward' are the directions the wave is allowed to propagate. Naturally,
physical relations are much more easier to describe than in the three-dimensional world. In the case that there is
a pressure gradient into other dimensions we have to describe this effect with the help of the available set of
elements.

As an example let us imagine a long duct bent at the center. The wave travels forward and backward with
respect to the boundary conditions. One of the boundary condition is set up by the bend. In the line-world this
bend is usually modeled with the help of an acoustic mass.

In an initial step a rough model has to be worked out. A rough model is made in such a way that especially
fundamental resonances are taken into account. In a further step the sensibility of the analysis is tested with
respect to details. As an example take the previously mentioned acoustic mass representing a bend in a duct. If
there are only small or no effects due to the implementation of this mass between the ducts, this element can be
neglected. On the other hand, if a high sensibility of the system-response against this point is observed a further
detailed modeling is necessary.


