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Study for the realization of the source 
There are two main fields of use for an acoustically isotropic source: 
1. Calculat ion of the reverberat ion t ime of room s for their acoust ical characterizat ion, in order 

to be able to carry out the changes necessary for sound diffusion suited to the specific 
application; 

2. Assessment of the acoust ic insulat ion ensured by the building st ructures separat ing two 
adjacent rooms. 

During the source s design phase, it was therefore necessary to refer to the current pr inciple 
international standard on this subject, grouped together in UNI EN ISO 140-X and ISO 3382.   

Current standard 
The start ing point for the realizat ion of the omnidirect ional source must necessarily be the 
reference standard for environmental measurement (UNI EN ISO 140-1). 
I n some cases, a blank pistol shot can be fired to acoust ically saturate a room. Although very 
practical and inexpensive, this method has several disadvantages: 

 

the sonic impulse of the pistol shot hasn t enough energy at low frequencies and therefore 
doesn t give sufficient measurement dynam ics to calculate reverberat ion t ime in the lower 
frequency bands; 

 

it s not a test signal that can be reproduced with sufficient accuracy; this means that the 
measurement of the reverberat ion t ime isn t reproducible either, unless the average of a 
series of measurements is used; 

 

it doesn t allow to establish a stat ionary condit ion of sonic energy in the room, but just it s 
response to the impulse; 

 

it easily overloads the measurement system because of its high crest factor. 

Figure 1 shows as an example a generic reverberation time measurement chain. 
I n order to measure the reverberat ion t ime of any given room, it s necessary to have a source 
able to: 
1. acoustically saturate the room. 
A saturated environment guarantees a good calculat ion of reverberat ion t ime (T60) . Sources 
that are not very powerful are only able to raise the sound pressure level by 60 dB in very 
small room s; in the majority of the cases, it s decided to ext rapolate the T60 by doubling the 
decay time of the sound pressure signal of 30 dB (T30). 
2. Make the direct field as limited as possible. 
This means that direct radiat ion mustn t be dom inant compared to that arr iv ing from the 
room s reflect ions. I n order to guarantee this effect , it s necessary that the source doesn t 
have preferential sound emission directions.  
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Figure 1: Example of a measurement chain for the acoustical characterization of a room  

The condit ion of omnidirect ionality can be easily checked in situ: the measurement equipment 
must give an almost constant level for acquisit ion in various points, i.e. the m icrophone must 
be outside the zone characterized by direct field (6dB each time the distance is doubled). 
I n this sense, the standard suggests the use of sources radiat ing in phase mounted in a single 
cabinet. I t even suggests the polyhedric form to be used: a dodecahedron. This is because, 
according to the abovement ioned standard, a good approximat ion of omnidirect ional radiat ion 
of sound energy is achieved. Naturally, there s nothing against analysing other forms that have 
an almost spherical shape, such as other polyhedrons (such as an icosahedron or a t runcated 
icosahedron). 
To test the source s direct ivity, the standard suggests measuring the sound pressure level as 
follows: 

 

acoustic free field; 

 

measurement of sound pressure at a distance of 1.5m.; 

 

test signal: noise (white or pink); 

 

1/3 octave (ISO 140) or octave (ISO 3382) acquisition procedure. 
The direct iv ity index values are obtained by taking the difference between the average energy 
level for the full 360° (L360) and the average values obtained by slowly passing all the arcs of 
30° (L30,i). 
The directivity indices will be: 

DIi=L360- L30,i 

For the I SO 140 standard, the radiat ion can be considered as omnidirect ional if DI values are 
within the lim its of 2 dB in the range of frequencies from 100Hz to 630Hz. I n the range of 
frequencies from 630Hz to 1000Hz, the limits increase in a linear manner from 2 dB to 8 dB, 
whereas from 1000Hz to 5000Hz they have values of 8 dB. Figure 2 shows the tolerance 
mask.  
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Figure 2: Limits within which a source is considered as omnidirectional according to ISO 140  

On the other hand, for I SO 3382, radiat ion can be considered as omnidirect ional if DI values 
are within the lim it of 1 dB in a frequency range from 125Hz to 500Hz. I n the range of 
frequencies from 1000Hz to 2000Hz, the lim its increase in a linear manner from 1dB to 5dB, 
whereas for 4000Hz, they have values of 6dB. Figure 3 shows the tolerance mask for this 
standard too. 
The standards foresee that this test , in the case of sources with a single loudspeaker, must 
also be carr ied out on various planes to be sure that the chosen plane isn t the symmetrical 
one. A single measurement plane is sufficient for polyhedric sources.  
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Figure 3: Limits within which a source is considered as omnidirectional according to ISO 3382 
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Construction choices 
According to what emerged in the study of the current standard, the sound source must have 
the following requisites: 

 
high power; 

 
compact dimensions; 

 
omnidirectionality. 

These three characteristics are unfortunately independently maximizable. A compromise had to 
be reached between these, carefully assessing the advantages and disadvantages of each 
single design possibility.  

The source s shape 
The choice of the ideal shape of the cabinet in which the loudspeakers were to be mounted was 
based on pract ical and theoret ical considerat ions, confirmed by acoust ic simulat ion. Start ing 
from the idea of completely symm etric dist r ibut ion, regular polyhedrons are considered. The 
regular solids are the tetrahedron (with four triangular faces), cube or hexahedron, octahedron 
(eight t r iangular faces) , dodecahedron ( twelve pentagonal faces) and icosahedron ( twenty 
t r iangular faces) . I t s impossible to build regular solids with a different number of faces from 
these five polyhedrons. Obviously, the most symmetrical solid is the sphere, which can be 
considered as a polyhedron with an infinite number of faces, but building a spherical cabinet 
doesn t mean that a number of loudspeakers can be fit ted, in a completely symmetrical 
manner, other than 4, 6, 8, 12 and 20. 
The two solids that ensure the largest number of faces were taken into considerat ion: the 
dodecahedron (Figure 4) and icosahedron (Figure 5).   

 

Figure 4: Dodecahedron 

 

Figure 5: Icosahedron  

The former shape seems to enable better loudspeaker mounting. With this aim, the dimensions 
of a pentagon and a t r iangle lim ited by a circumference with a certain diameter (Figure 6) are 
compared.  

  

Figure 6: Comparison between the dimensions of a pentagon and a triangle limited by a     
circumference. 
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In the first case, 86% of the total area of the single face is occupied by the loudspeaker, while 
this percentage drops to 60% in the case of the icosahedron. This shows how the shape of the 
dodecahedron manages to exploit the space better. 
On the other hand, the icosahedron allows twenty loudspeakers to be fit ted instead of twelve: 
this, theoret ically speaking, means that the source can be fed with 60% more power than the 
dodecahedron, thus ensuring a theoretical increase in maximum sound pressure level of 2.2dB. 
This improvement in the performance however has a considerable negat ive effect on pract ical 
use: in fact , with loudspeakers of the same dimensions, the overall dimensions ( in terms of 
diameter of the sphere circumscribed about the polyhedron) increases by over 60% and the 
weight by approximately 70%. 
Let s now consider another aspect that depends on the dimensions: the phenomenon of 
dest ruct ive interference. This problem doesn t occur for low frequencies, as the wavelengths 
involved m ean that all the sources can be considered as being physically posit ioned in the 
same point . The sound field generated at these frequencies is approximately spherical and the 
cont r ibut ions of all the t ransducers are summed. As the frequency increases, the loudspeaker 
gradually becomes more direct ive and the distance between the speakers becomes 
increasingly less negligible. 
Standing at a distance of 1.5m in front of loudspeakers mounted on a dodecahedron, the result 
is that the five loudspeakers mounted on the adjacent faces are at such a distance that they 
cause dest ruct ive interference above 2800Hz; for that frequency, the sound field is very 
directive and therefore there is less interference at the listening point. 
Standing at the same distance as in the previous case in front of a face of an icosahedron with 
the same 130mm. loudspeakers, the three adjacent loudspeakers do not give problems, as 
they cause dest ruct ive interference at around 3600Hz, whereas the six loudspeakers with a 
vertex in common with the cent ral face are at such a distance from the speaker in quest ion as 
to cause destructive interference at 1400Hz.  
As well as these two shapes, a t runcated icosahedron was also taken into considerat ion  
(shown in Figure 7) . This is a polyhedron obtained by t runcat ing the pyram ids with pentagonal 
bases corresponding to the twelve vertices of the icosahedron.   

  

Figure 7: truncated icosahedron    

The result ing sem i- regular solid has twenty hexagonal faces and twelve pentagonal faces ( the 
same geom etry as soccer balls! ) . One advantage of this shape is the fact that no less than 32 
loudspeakers can be fitted on surfaces with a perimeter that well circumscribes the circle of the 
t ransducer (hexagons and pentagons) . However, to exploit this characterist ic to the utmost , it 
would be necessary to use two types of loudspeakers with different diameters, which 
complicates predict ion of the system s behaviour. Moreover, this solut ion implies excessive 
overall weight and dimensions. 
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Electroacoustic transducers  
The decision to use elect rodynam ic moving coil loudspeakers was due to the following 
advantages: 
1 ) They re easily found on the m arket : in fact , dynamic loudspeakers of this type are used 
to reproduce sound in the majority of cases (Hi-Fi systems, cinemas, computers, radios, 
televisions, etc.). 
2 ) Standard character izat ion: precisely for the fact they re very widespread, it was 
necessary to find a common method for describing the behaviour of individual t ransducers. 
Thiele-Sm all param eters, along with the frequency em ission curve and the polar plot make a 
loudspeaker easily ident ifiable. I t s therefore possible to approximately predict the behaviour of 
the loudspeaker itself, without having to purchase it and then test it. 
3 ) High acoust ic pow er:w eight rat io: although having quite low weight and overall 
dimensions, moving coil loudspeakers ensure high acoust ic output . The weight and dimensions 
can both be further reduced (by up to fift y percent ) by using neodym ium magnets instead of 
t radit ional sintered ferr ite ones. The weight problem, which can be overlooked in the case of 
just one loudspeaker, is of pr imary importance if the project involves mount ing twelve 
loudspeakers in a cabinet that must be easily transported.  
4 ) W ide frequency range: there are specialized loudspeakers for frequency bands of various 
levels: start ing at the bot tom end, these are sub-woofers, woofers, mid- range units and 
tweeters. Audio reproduct ion systems normally use a combinat ion of several types of 
loudspeakers to cover the entire range of audible frequencies. The signal, appropriately filtered 
by elect ronic units called crossovers, is fed to the loudspeaker most suited to reproducing that 
part icular frequency. Mid- range t ransducers able to go down to lower frequencies are called 
extended-range and are those most suited to the reproduct ion of test signals used for the 
analysis of room acoustics. 
5 ) Com pact dim ensions: At the same power supplied, loudspeakers dimensions vary 
according to the range of frequencies they reproduce. A good low frequency loudspeaker needs 
to move a larger amount of air than a tweeter, therefore requires a much larger diaphragm 
with a long excursion. I t s therefore terr ible for reproducing t reble frequencies: above a certain 
frequency, a large diaphragm gives auto- resonance effects that jeopardise correct audio 
reproduct ion. Treble frequencies on the other hand require a light , r igid diaphragm with a 
short excursion. 
For the frequency range necessary for the source being designed, a t ransducer with a nom inal 
diameter of 5" is suitable: the single sources therefore have an overall size of approximately 
130 mm. 

Summing up the points covered so far, it can be said that the design specificat ions of the 
transducers are as follows:  

 

Sufficient ly wide frequency response to efficient ly reproduce all the frequencies required by 
the standards (125 6300Hz); 

 

5 cone to reduce the dimensions; 

 

A coil with a diam eter of 32mm. and magnet ic oil in the air gap in order to handle 
cont inuous elect r ical power of up to 150W (according to the AES standard in the field of 
frequencies from 125Hz to 1250Hz); 

 

A neodymium magnet to reduce weight.  

The product used for the OUTLI NE dodecahedron is a custom-built extended range speaker 
with proprietary characterist ics and excellent performance: the OUTLI NE S5WM16NPP (Figure 
8) . When operat ing as described in the AES standard for power handling tests, the oil ensures 
bet ter coil cooling and enables the t ransducer to be driven with a maximum power almost 
double that of a norm al t ransducer without magnet ic oil, providing mechanical condit ions 
perm it this. Moreover, through t ime, bet ter cont rol of the heat status elim inates the effect of 
Power Compression, due to the rapid r ise in the temperature of the coil of a loudspeaker 
driven at high power.  
The following are the technical characteristics of the transducers used for this project. 
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General characteristics  
Frequency range    90-12500 Hz 
Nominal impedance   16 

 
IEC power    75 W RMS 

Program power   150 W RMS 

Maximum power   300 W Peak 

Sensitivity (1W -  1m)  92.5 dB 
Magnetic induction    1.1 T 
Coil Diameter   32 mm  

Thiele-Small parameters  
 R_E   10.03 

 

 F_S  91.75 Hz 
 ZMAX  24.99 

 

 QMS  1.20 -  
 QES  0.48 -   
QTS  0.34 -  

 VAS  4.72 dm3 

 BL   8.29 T/m  

Mechanical data 
Cone material    Treated and waterproof cellulose paste  
Suspension material     Rubber 
Magnet material    Double Neodymium 
Magnet weight   43+43 gr. 
Total weight     800 gr. 
Maximum diameter     133 mm. 
Maximum depth    75 mm.  

 

Figure 8: Outline S5WM16NPP loudspeaker  

By means of a Bode plot, figure 9 shows the impedance curve of a single Outline S5WM16NPP 
loudspeaker. 
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Figure 9: impedance curve of an Outline S5WM16NPP loudspeaker   

Figures 10 and 11 on the other hand show the acoustic frequency response curve of a single 
Outline S5WM16NPP loudspeaker (1W  1m), with an analysis in narrow band and 1/3 of an 
octave respectively. 

  

Figure 10: Response on axis on a baffle of a single Outline S5WM16NPP loudspeaker  -1W/1m  
      (narrow band)  
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Figure 11: Response on axis on a baffle of a single Outline S5WM16NPP loudspeaker  -  1W/1m 
(Standard CEI EN 61260 -  FFT Energy Integration at 1/3 octave)   

Cabinet material 
When a loudspeaker s diaphragm moves under the effect of vibrat ing/ driving power, two 
perturbations are generated in the surrounding air: compression on the side in which the cone 
moves forwards and rarefaction on the opposite side. These two waves tend to cancel 
themselves, as they are two waves with opposite phase and practically coinciding spatial 
origin; this effect is more pronounced at low frequencies, i.e. when the wavelength is much 
greater than the physical dimensions of the diaphragm. 
To prevent the rear wave from interfer ing with the front wave, a screen insulat ing the two 
perturbat ions is placed round the loudspeaker. This is the fundamental reason why all audio 
reproduct ion systems loudspeakers are mounted in a special wood or plast ic cabinet . One 
m ight be led to think that this cabinet is a sound box , such as that of a violin or guitar; in 
fact , it doesn t have to amplify the sound, but just deaden the rear sound wave. This screen 
must have some characteristics: 
1) I t must be of soundproofing material. There would be no point in having a screen that lets 
the sound pass, or the vibrations out of phase with the useful sound. 
2) I t must be r igid. I f it wasn t , the variat ions in the pressure inside would make the sides 
vibrate, generat ing sound waves outside the speaker cabinet in phase with the internal wave, 
so out of phase with the external wave. 
3) I t mustn t resonate. I n other words, it must be made from an amorphous material that 
resonates as lit t le as possible. Chipboard or plywood definitely are much bet ter than solid 
wood, as they re more amorphous, with no veins that could cause resonance. Plast ic material 
can also be taken into considerat ion, part icularly for the low costs involved in large-scale 
manufacture. In our case, plywood was chosen: a material that ensures good resistance with a 
limited weight and cost, as well as being easily machined. 
Nevertheless, it must be noted that in fact the cabinet in which the t ransducers are fit ted 
behave like a Helmholtz resonator. See the next sect ion regarding the assembled unit (page. 
21) for the description of the advantages of this choice. 
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Innovative characteristics  
At present on the market , there are sound sources approximately sim ilar to those in this 
project . Not wishing to copy these, we t r ied to build a product that could not only ensure 
compliance with standards regarding architectural acoustics, but also for use in developing 
some innovative aspects in this field.  

High power 
Having had the opportunity of testing some of the existing omnidirectional sources, it was seen 
that they re often too weak to saturate large rooms or those whose walls are not very 
reflect ive. This defect leads to imprecise reverberat ion t ime measurement of: not managing to 
raise the equivalent level by more than 60dB, the T60 is obtained by ext rapolat ion from the 
decay curve and not direct measurement. 
For this reason, it was decided to concent rate on a source able to handle high power: the 
loudspeakers with which the prototype is fitted can reproduce signals with a power of over 900 
WRMS. As has already been said, the idea was also to design and build a very efficient 
loudspeaker. I n fact , in spite of the dimensions of the diaphragm, it has been designed with a 
neodym ium magnet ic circuit and the diaphragm s mechanical characterist ics are able to ensure 
a gain of up to 4/5dB higher than the average efficiency values of the majority of loudspeakers 
on the market with the same dimensions.  

Variable directivity  
This project s most innovat ive aspect is definitely the possibilit y of dr iving groups of three 
speakers separately with each of the four amplif icat ion channels foreseen. Thanks to a mult i-
pole connector and a mult i- channel amplificat ion stage, it s possible to decide which and how 
many loudspeakers to use, but above all what type of signal to send to each group of 
speakers. The version with 4 groups of three loudspeakers will be supplied with an 
amplificat ion system with four independent channels completely separate from each other. I n 
fact , in the sources current ly available, the single t ransducers are connected in a series-
parallel network to which a single-channel am plif ier applies the load. Having four independent 
channels at one s disposal means, as well as the immediate consequence of being able to vary 
the source s impedance from outside ( therefore easily) , it s also possible to vary its direct iv ity. 
To concent rate all the sound power in one point , for example, it s necessary to dephase the 
single sources for each frequency in such a way as to have const ruct ive interference in that 
point. 
Dephasing is easily obtained with delay units suitably set and connected at the input of the 
individual amplifiers. 
Again with the aid of circuits able to delay and process the signal s waveform (e.g. invert ing it 
or amplifying it ) , it s possible to cont rol the form of the generated sound field, obtaining 
em ission lobes typical, for example, of musical inst ruments. This can be useful for an accurate 
study of the act ion to be taken for the acoust ical t reatm ent of a concert hall. A version of the 
source is available on request with 12 separate channels. I n this way, each of the 12 
loudspeakers can be powered independent ly from the others and the source is able to 
reproduce higher directivity characteristics.  

Figure 12: Spatial positioning and sound field of two suitably out-of-phase sources 
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Figure 12 shows an example of a direct ive sound field obtained with non-direct ive sources. To 
simplify the explanation, the case shown has just two single-point sources: A and B. These are 
placed 0.34m apart and the signal that reaches source B is delayed by 0.001 sec. and inverted 
compared to the signal fed to A. The sound field generated in the frequency range from 50 to 
400 Hz is cardioid, a typical form for sound fields for directional sources. 
Thanks to the two sources being out of phase and the distance between them, a phenomenon 
of const ruct ive interference is created in front of the t ransducers in the posit ive direct ion on 
axis X, whereas towards the negative axis, the two sound waves are still out of phase. 
Parameters such as distance and delay depend on the frequency in question. In fact, as can be 
seen in Figure 13, for higher frequencies, this form is not so well defined, due to the 
occurrence of other interference phenomena.   

   

Figure 13: Sound fields for frequencies higher than the ideal one  

Independent signals 
Const ruct ive and dest ruct ive interference phenomena are inevitable when several single 
sources are positioned in different points and powered by the same signal. 
Introducing, as has just been described, delay or phase control units, these phenomena can be 
induced in the desired point, but cannot be eliminated in all the points in the space. 
When an omnidirect ional source is used for architectural acoust ics, the dist r ibut ion of test 
signal s frequency energy is important , not the type of signal. 
There are therefore endless random pink noises, all of which are the same spect rum in the 
frequency dom inion. Giving each amplifier a different test signal with the same frequency 
characterist ics, there will be const ruct ive and dest ruct ive interference in all the points in the 
sound field in an absolutely random manner, result ing in more evenly dist r ibuted sound 
pressure. 

Practical realization  
The guidelines for this project were defined in the previous chapter: 

 

the smallest possible dimensions; 

 

dodecahedral layout; 

 

plywood cabinet; 

 

Outline S5WM16NPP extended range transducers; 

 

multi-pole connectors for the control of each channel. 
Let s now see how the source was designed and built . 

Geometric form 
A dodecahedron is a regular polyhedron with 20 vert ices, 30 sides and 12 faces. I n order to 
realize it , it s geomet ry must be known precisely. According to the dimension of each single 
face (for example the side) all the measurements of the solid can be calculated:   
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Side:       l  

Area:           252553 lS

  
Volume: 

35715
4

1
lV

 

Radius of the inscribed sphere: 

lr
58

11

8

5

 

Radius of the circumscribed sphere: 

lR
8

53

8

9

 

Dihedral angle: 

56505.116
5

1
cos 1

  

Being a regular solid, the twelve faces are all equal, unless modificat ion work is carr ied out 
later to enable the com ponents such as the mult i-pole connector, stand receptacle and handle 
to be fitted. 
The dihedral angle 

 

is the angle between two adjacent faces of the polyhedron (see Figure 
14).   

  

Figure 14: Dihedral angle    

As shown in Figure 15, to bring two faces together with the correct angle, it s necessary for 
them to be flared" by /2. 

  

Figure 15: The flare angle of /2 enables the faces to be correctly matched 
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This means that the individual panels must be sect ions of a pyram id with a pentagonal base 
with the (virtual) vertex coinciding with the centre of the solid. 
La formula 

lR
8

53

8

9

  

gives the value of the radius of the sphere circumscribed about the polyhedron (see Figure16). 
This sphere is tangent to the solid in all the dodecahedron s 20 vert ices.   

 

Figure 16: Sphere circumscribed about the dodecahedron  

I t s therefore possible to design a single panel like a pyram id sect ion with a convex greater 
base whose radius of curvature is ident ical to the radius of the circumscribed sphere (Figure 
17). 
Bringing the twelve faces together, the sphere formed.   

  

Figure 17: Panel for the spherical structure   

This new shape, conceptually ident ical to the previous one as far as the posit ion of the 
individual transducers is concerned, is advantageous for the following reasons: 

 

there are no flat surfaces: a flat surface round a loudspeaker cuts and or boosts the signal 
according to the frequency in quest ion and the panel s physical dimensions; 

 

apart from the receptacle for the stand, there are no sharp corners that could cause 
diffractive phenomena: in this way, homogeneous radiation is favoured; 

 

from a commercial point of view, thanks also to other small const ruct ion ideas that will be 
described later, the spherical source is decidedly more attractive. 
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Support structure 
For a correct use of the sound source, some components must be added to the st ructure, such 
as: 
1. A receptacle for mounting the dodecahedron on its stand; 
2. A plate for fitting the handle.  

Both the stand and the handle must oppose the weight of the st ructure, so it s advisable to fit 
them on the same act ion line of the force they have to balance. Of the infinite number passing 
through the cent re of gravity, the most suitable is the one that also passes through two 
opposite vert ices of the solid. The points furthest from the t ransducer, for each individual face, 
are in fact the vert ices, so adopt ing this solut ion, the dimensions of the two components 
interfere as little as possible with the loudspeakers. 
The two are also connected with a threaded bar to ensure greater st ructural r igidity and more 
uniform st ress dist r ibut ion. The M8 threaded bar is screwed on to the two components and 
locked by means of a nut and spring lock washer.  

Stand receptacle 
The connect ion to the stand is by means of a cylindrical pin mounted on the stand and a 
receptacle with the same diameter in the dodecahedron. Figure 18 shows a diagram of the 
component in quest ion, while Figure 19 shows the work to be done on the vertex to fit the 
receptacle.  

  

Figure 18: Receptacle for fitting the stand  

  

Figure 19: Position for the receptacle in the vertex of the structure 
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As can be seen from the illust rat ions, the dimensions of the receptacle on the surface of the 
sphere is that of a circumference with its cent re on a vertex; this had to be borne in m ind 
when designing the individual panels, to avoid the stand receptacle interfer ing with the 
loudspeaker positions. 
To ensure sufficient stabilit y, it was considered necessary for the pin on the stand to enter a 
few cent imet res into the receptacle. This resulted in considerable space being occupied in the 
cabinet , also due to the fact that above the pin receptacle a threaded dead hole had to be 
drilled for connect ion to the bar. To prevent the receptacle itself from interfer ing with the 
loudspeakers, some material must be removed. The t runcated cone shape ensures the 
threaded bar the necessary hold ( the space used by useable threads remains unvaried) and at 
the same time allows sufficient reduction in dimensions, as can be seen in Figure 20.  

  

Figure 20: Optimization of dimensions and space in the cabinet  

Handle mount 
The component shown in Figure 21 is on the top vertex, diamet r ically opposite the receptacle 
and connected to it by means of the threaded bar. 
This component, which we call a cap, has a twin function:  

 

Figure 21: Cap  
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1. on the outside, it offers the possibilit y of f it t ing a handle to the dodecahedron for carrying 
it, or an eye-bolt for suspending it; 

2. inside, it s connected to the receptacle by means of a bar to prevent it from breaking away 
from the structure when the source is suspended. 

Both the cap and the receptacle are axial-symmetric solids connected to the st ructure in order 
to avoid the risk of them rotating. 

Connector 
The choice of connector began with the need to ensure at least four independent input lines, in 
order to power groups of three loudspeakers separately and thus easily cont rol direct ivity 
characteristics.  
For this reason, the connect ion with the amplificat ion system was realized with a Speakon 8-
pole connector. This choice obviously requires a m inimum of preparat ion as far as the cable 
and the connector are concerned. 
The t ransducers installed on the prototype can handle a maximum power of 75 WRMS, which, 
on a m inim um nom inal load of 1 

 

(configurat ion with all the loudspeakers in parallel) , implies 
an overall system electrical power of 900W. 
I n order to create an object that was as spherical as possible, i.e. without any components 
interrupt ing the form s regularity, it was decide to recess the connector into the cabinet , as 
shown in Figure 22. Figure 23 shows the prototype with the system for connect ion to the 
amplification set-up.   

  

Figure 22: Connector recessed in the cabinet  
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Figure 23: The connector   

I n order to further improve the cont rol of the source s direct iv ity, an AMP 24-pole connector 
can be fitted on request (Figure 24).  

  

Figure 24: AMP 24-pole connector 

Transducer positions 
The dimension of each individual panel depends above all on the overall dim ensions of the 
loudspeaker.  
Figure 25 shows the design of the die-cast alum inium basket ( frame) of the Out line 
S5WM16NPP loudspeaker designed, to occupy less space, with mount ing holes inside the 
perimeter of the basket itself, without the traditional fitting tabs. 
The necessity of applying protect ive grilles over the t ransducers must also be considered. The 
grilles are fit ted by means of adhesive polyethylene foam gaskets applied to the r im . The slot 
necessary for host ing the grille and gasket is able to hold the grilles without any screws being 
required.   
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Figure 25: the Basket of the Outline S5WM16NPP loudspeaker    

 

Figure 26: View of a single face with the current grille   

  

Figure 27: View of a single face with the grille with a spherical cover  
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The grilles mounted at present on the product can be seen in Figure 26. The choice of shape 
was taken since, from the pract ical point of view, this type of gr ille had the advantage of 
having flat surfaces for laying down the source. Nevertheless, to reproduce the spherical 
shape, gr illes are available with the shape of a spherical cap with the same radius of curvature 
as that of the cabinet (Figure 27).  
I t s worthwhile st ressing that nevertheless, from the acoust ical point of view, the shape of the 
grille doesn t in any way influence the sound field produced by the source. 

The assembled unit 
Considering the overall dimensions of the t ransducers mounted in the cent re of the faces and 
their relat ive grilles, as well as the components located on the vert ices, it s possible to define 
the ideal dimension of the pentagon that enables to exploit the space to the utmost without 
interference between components or excessive empty spaces. This means that the result ing 
sphere has a diameter of just 3 1 0 m m . Figures 28 and 29 show respect ively the three-
dimensional models of the assembled wooden st ructure and the cross-sect ion highlight ing the 
support system.  
Lastly, Figure 30 shows the finished plywood prototype with open grain and walnut paint finish, 
whereas the standard product has a scratchproof water- resistant paint finish, as is normally 
the case with professional equipment.    

Figure 28: Cabinet  

  

Figure 29: Cross-section  
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Figure 30: Complete prototype  

From the photo shown in Figure 30, it s possible to see a series of holes covered with material 
permeable to air, at the vert ices of the sect ions from which the source is built . I t was decided 
to machine these holes in the cabinet for various reasons:  

1. The first advantage was greater power handling than a configurat ion in pneumat ic 
suspension around the frequencies of the reflex tuning. In fact, at the tuning frequency, 
the loudspeakers are almost stat ionary and therefore mechanically in safety condit ions 
precisely in the frequency band in which there s a r isk of mechanical breakages due to 
the amount of diaphragm movement. This advantage is achieved without set-offs, since 
frequencies below resonance do not need to be reproduced by the dodecahedron 
anyway and can therefore be filtered (even elect ronically) in order to improve the 
operat ion of the reflex load and avoid the eventuality of uncont rollable diaphragm 
movement below tuning frequency. 

2. The second advantage consists in the increase in efficiency around the tuning frequency 
as, since the reflex system behaves like a high-pass system of a higher order than the 
equivalent system in pneumat ic suspension, there s an increase in the level of 
approximately 3 dB in the tuning zone, followed by a rapid drop-off compared with the 
case of a pneumatic suspension system, with the advantage already mentioned. 

3. The third advantage consists in the fact that the reflex system also implies lower 
loudspeaker distortion, due to less diaphragm movement. 

4. The fourth and last advantage consists in the exchange of the air between the inside 
and outside of the cabinet ; as well as the higher thermal exchange characterist ics of 
the loudspeakers used, this exchange enables to keep the temperature of the elect ro-
magnet ic circuits of the speakers and the internal part of the source very low, even in 
the event of it being driven for long periods at high power. 
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Test ing the source s pow er handling 
I n order to characterize the source's power output , tests were run on the power handling 
according to standard AES2-1984-(r1997) (ANSI S4.26-1984) 

 
AES Recommended Pract ice 

Specificat ion of Loudspeaker Components Used in Professional Audio and Sound 
Reinforcement . According to this standard, the sound source must be driven with pink noise 
that extends for ten bands above the bot tom frequency lim it in quest ion (90-900Hz) . This pink 
noise must be filtered with a But terworth filter with a 12dB/ octave slope. Moreover, the rat io 
between the peak voltage and the RMS value of the voltage must be equal to 2 (a maximum 
difference of 6dB between these two quantities is accepted). 
The source must be driven with increasingly higher electrical powers, based on the formula: 

Min

RMS

Z

V
W

2

  

This power must be cont inually maintained for two hours. This test is considered as having 
been passed when the variat ion in the acoust ic characterist ics before and after the test is less 
than 10%. The temperature of the magnets must be monitored during the test. 

Electrical and acoustical characteristics of the assembled unit 
I n order to carry out the power handling test , it was necessary to establish the elect r ical 
characterist ics of the ent ire assembled unit . I n part icular, to establish the power supply to the 
dodecahedron, the definit ion of the source's elect r ical impedance was of fundamental 
importance. The configurat ion of the elect r ical connect ions for this type of test involved the 
connect ion of three loudspeakers in parallel on each amplif icat ion channel. The valuat ion was 
carr ied out using a MLSSA/ SPO acquisit ion system. The value of impedance measured, and 
therefore used in the following valuat ions, as per the provisions pf the AES recommendat ions, 
is the m inimum impedance value: 3.96 

 

at a frequency of 165Hz (Figure 31) for each group 
of three loudspeakers. 
Following a series of tests, it was decided to feed each of the four channels (with the type of 
connect ion between the loudspeakers described above) with a prudent ial power voltage of 
23.7 V. Each single channel was thus fed with a power of: 

W8,141
96,3
7,23

3
22

Min

RMS
RMS Z

V
nti) altoparla(W  

Whereas to feed the entire source, it was necessary to feed out by means of two Outline EX 
1500 amplifiers, a WRMS power (12 loudspeakers) of approximately 567.2 W distributed over 
four 4  rated channels. 
The main characteristics of the EX 1500 Series of amplifiers are as follows:  

Power, both channels operating (8/4 Ohms)  450/ 730 WRMS 
Input impedance       100 k  (balanced) 
Bandwidth (Hz)       10 -  80000 +0dB /-  3dB 

20-  20000 -  0.5dB 
Maximum output power:     730 WRMS per channel on 4 
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Figure 31: Impedance of a group of three loudspeakers of the source (values refer to the 

       90-900Hz portion of the spectrum) 

Experimental tests 
The experimental tests to establish the source s power handling were run on 30th October 2003 
in the sem i-anechoic chamber at the Out line prem ises in Flero (BS) . The following inst ruments 
were used: 

 

Bruel & Kjaer PULSE 3560 Multi Analyzer System  

 

Bruel & Kjaer 3015 acquisition cards  

 

Bruel & Kjaer 4190 microphone 

 

B&K 4228 Calibrator  

 

Versatherm 707 L.C.D. versatile thermometer  

 

Model K thermocouple  

 

2 Outline EX 1500 amplifiers   

 

Outline MX 405 mixer  

 

Outline ET2-ST2 turntable 

 

Cool Edit 2000 software  

 

AGEMA 590 PAL Thermocamera   

The system of acquisit ion of the acoust ic parameters was calibrated before and after each 
measurement session and no deviation of more than 0.01 dB noted. 
A B&K 3015 acquisition card was used to check the mean sound pressure level on a rotation of 
360° of the source round its vert ical axis, measuring the spect rum at regular intervals in order 
to monitor the acoustic yield of the source. 
The second B&K 3015 card was used to monitor the power voltage of the speakers in order to 
keep any problems of power compression under cont rol. The internal temperature was 
monitored by gluing a model K thermocouple to the magnetic circuit of one of the speakers. 
The temperature during the various phases of the test , the power voltage of each group of 
loudspeakers and the mean sound pressure on one turn of the source are shown in Table 1.   
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Table 1: Temperature, Voltage and Pressure Level behaviour during the test  

Time passed [min] Temperature [°C] Voltage [V] Lp [dB(L)] 
0 25.3 23.7 128.0 
30 42.5 23.7 127.8 
60 44.2 23.7 127.7 
90 44.6 23.7 127.7 
120 44.9 23.7 127.7 
The sound pressure level was measured on the radius of the sphere that had as its cent re the 
cent re of gravity of the source and with a surface area of 1m 2. Figure 32 shows, as an 
example, a thermograph carried out on the sound source during the power handling test.  

  

Figure 32: Thermograph of the sound source at the end of the power handling test   

I n compliance with the provisions of the cr iter ia of the AES standard, after 4 hours of cooling 
of the reproduct ion system, when the source s internal temperature was 19.0°C, a check was 
made to ensure that the source had not undergone a variation of over 10% in its performance. 
The sound pressure level measured under these condit ions, with a power voltage of 23.7V, 
was 128.1 dB (Table 2).  

Table 2: Check on power handling after cooling  

Time passed [min] Temperature [°C] Voltage [V] Lp [dB(L)] 
120 ON + 240 OFF 19.0 23.7 128.1 

 

Two successive at tempts at powering the source according to the AES standard with higher 
voltages over long periods led, in both cases, to the breakage of one of the speakers. 
Therefore, thanks to the tests carr ied out according to the AES standard, it was possible to 
state that the sound power the OUTLI NE omnidirect ional source is able to feed out 
continuously without loss in performance is 128 dB re 1pW. 
Nevertheless, in the case in which the power is diluted over a wider frequency band than that 
foreseen by the AES standard, the sound source can be driven, for shorter periods with higher 
electrical powers than those used for the power handling test. 




