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I NTRODUCT ION

The Leslie speaker [11 is an electromechanical device which imparts some of
the spatial characteristics of a pipe organ to the tone of an electronic organ.

This is achieved by rotating horn - like mechanism which deflect the sound
emanating from enclosed loudspeakers. In effect a directional sound source
rotates about a vertical axis, and the organ tone is modulated in both phase
and amplitude. In the current terminology animation is added, In order to cut
the cost, improve reliability and produce a more compact device, there have
been many attempts to emulate this modulation electronically. 'Some of those

described in the popular electronics press [2,3] tend to oversimplify the
problem. whilst some more sophisticated examples may be found amongst recent
patents [4,5], but generally it is the author's opinion that the resultant
sound lacks depth when compared with a real Leslie speaker, especially when
heard 'live' as opposed to through a
p.a. system or via a recording.

In this paper an expression is given for
the acoustic field of a Leslie speaker
in free - field conditions. and then the
effects of echoes and reverberation are
considered. A phenomenon is found which
suggests that to reproduce the Leslie

sound convincingly a physically rotating
sound beam must be employed. The basis
of a solution is proposed in which a Fig.1 . Configuration used to
small number of loudspeakers is arranged analyse the Leslie speaker.
as an array. By applying suitable time ’
varying weighting to the phase and
amplitude of the drive to each loudspeaker the beampattern of the Leslie
speaker can be closely approximated and 'made to rotate. '

 

FREE - FIELD ANALYSIS

Schematically the Leslie speaker may be. represented as an acoustic source with
directional properties described by 13(0), asshown at pOSition Q in fig.1-
This source follows a circular path. radius a, about centre 0. and is
constrained to point radially away from0 at all times. The rate of rotation
is {I rad/sec. The observer is at 1’. distance r from 0 and r' from Q. For
radiation at frequency w the acoustic pressure p(t) at P is

p(t) =
5(m:D(¢) Fillet -kr') (l)
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Fig.2 Measured heampattern of Lx-7
rotor at 25011: (circles) and 11th:
(squares) compared with predicted
patterns at 2501-12 (solid line) and
lkflz (dashed line);

 

Item/t: is the wavenumber and c is the sound speed. 5(a) is a (possibly complex)
function describing the strength of the source.

The directivity function D may be determined by, forinstance, modelling the

rotor as a piston radiator Set in a sphere Rotary speakers. however, may be
found in a variety of shapes and sites, so it seems more appropriate to use a
reasonable but generally applicable approximation. Inspection of measured
heampatterns suggests that D might be represented by a cardioid. of the form

we) a 1 o mum ' (2)

Fig.2 shows the cardioid beampattetn compared with the measured directivity of a
Leslie model LX-.7 rotor at 250,12 and lkl-le, towards the extremesof the frequency
range of this unit, n being given the empirically estimated value 0.68logu r 3.1

Eq(1) may be simplified if a far - field condition, r>)a, is specified. Then
r'=r-scosnt. cm: and the real part of the observed pressure is found to be

p(t) = AU t moosflt)cos(ut + kacosflt) (3)

"here A=S(m)exp(-ikr)/r is a normalising factor. This expression will be
recognised as simultaneous phase and amplitude modulation, where the
instantaneous amplitude depends upon the directivity of the source and the
instantaneous phase depends upon the radius of the rotor and the signal
frequency. -

Fig.3a shows the time waveform at 250K: measured 2.5m from an LX-7 rotor turning
at 6.2 rev/sec. The amplitude modulation is clearly visible. but it is not
possible to distinguish the individual cycles, so the phase modulation cannot
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be seen. Iing shows the
magnitude of the spectrum of this
lignal. The multiple sidebands,
which are mre or less
synnetrical about the carrier and
spaced at intervals at 6.2112,

confirm the presence 0E both

phase and amplitude modulation [7] .

REVERBEMTIUN

Clearly, echoes and reflections
are not necessary for the

operation of the Leslie speaker,
hut reverberation does enhance
the sound and the reason {or
this will null he ditcussed.

If there is a reflecting
surface near the rotary speaker
than the observed sound will be
a combination of the direct
sound and another, similar,
signal delayed by some time At
depending on the difference
hetueen the lengths of the direct
and reflected paths. If the
direct signal is written as com:
thenI neglecting possible
amplitude differences, the
magnitude of the combined direct
and reflected signals is

IPU’JI ’ Zleasutlzfl

This represents a comb filter response,
frequencies E=nf2At. n=lI 3, 5 etc. The
because the path difference varies with
the response as a function of both time

LESLIE SPEAKER

 

L4

 

FRED/H1

Fig.3 h‘avefurm (a) and spectrum (h) of
25011: signal measured Lin from rotor.

('0)

and has equally spaced nulls at
real situation is rather more complex
the tctation of the enurce. Fig.4 ehaus
and frequency calculated using equ),

with the effect or a nearby reflecting surface included. and it can be seen that
the clips in the response we in the frequency domain as the rotor turns. The
effect is li-ilar tn phasing or flanging [B], and imparts an ethereal twirling
quality tn the sound. In practice, with many reflected paths, the situatian may

- be even morecomplicated. but it is clear that an effect exists that relies on
the phylical motion of the sound beam, and that a convincing simulation of the
rotary speaker require: more than the basic phase and amplitude modulation.
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Fig.4 Predicted-
variation of frequency
{expanse with time when
rum: is close re a
reflecting surface.

1 INEr-‘SEE

THE ARRAY

A direrrianal sound beam may be farmed using an array of transducers, and its
painting direction and shape controlled by weighting (shading) the phase and
amplitude of the drive to each element. A method has been developed [9] to find
the shading coefficients necessary to simulate a particular hemnpartern. that of
the Leslie rotor in this case.

The architecture of the beamfnrmer is E.th in figja. The input signal is split
inrn a number of channels, one for each transducer. Each of these channels is

further split into tun channels, one of which is phase shifted by Bodeg, so that
the Cophase and. quadrature cnmponents of the shading caefl‘icients may he applied

TRANSDUCER 5     2N4
Deserve:

(bl

 

' W

Fig.5 Beanformer architecture (a) and coordinate system (b).
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Fig.6 Real (solid lines) and ROTQTIDN / DEG
imaginary (dashed lines) parts of
drive to 5 element array plotted Fig.7 Amplitude (a) and phase (b)
against beam rotation. modulation of aqoustic field of 5

element array (solid lines) compared
with eq(3) (dashes) and measured
response (crosses) of LX-7 rotor.

separately by the variable attenuators‘ The outputs from each cuphasc/quadratute
pair are then recombined and passed to the power amplifiers and transducers.

Fig.5!) shows a transducer located at an arbitrary point (XJ) in Cartesian
coordinates. The sound pressure due to an array of N elements, all in the XY
p1ane,nhserved in the far field in direction 9 is

. 2N ,

Q = 2”” n§IGn(B,w)An(coaun + isinun) (5)

where Gn(B,m) is the directivity of the nth element, the A“ are the required
shading coefficients and
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k(xnein6 0 yncoss) . n odd

url = (6)
u - u/Z I: even
n-l

The array output Q may be separated into its real and imaginary parts and each
separately equated to the real and imaginary parts of directivity function of the {
rotary speaker. This will form a system of linear equations which must be solved ‘
to find the shading coefficients.

To demonstrate the principle this procedure was carried out for an array of 5
loudspeakers equally spaced around a circle of diameter 18cm. For this
demonstration the directivity of the speakers was taken to be a simple cardioid.
The required shading coefficients are shown plotted against beam rotation in
“3.6, where the solid lines are the cophase components and the dashed lines the
quadrature components. Note that the curves for each element are identical except

for a phase difference corresponding to the angular separation of the speakers.

The amplitude and phase of the output fromthis array are plotted against beam
rotation at a frequency of SOOHz, about the middle of the range of interest, in
figs.7a and 7b respectively. In each plot the solid line is the calculated array
output and the dashed line is the required response from eq(3). The crosses show
the measured results for the LX-7 rotor. The simulated array output closely
approximates the desired phase and amplitude modulation, but would probably be
improved by using a greater number of loudspeakers and the problems and
compromises involved in realising a working system will now be discussed.

PRACTICAL PROBLEMS

A number of problems arise when trying to design a practical system, firstly in
selecting the size of the array and the number of elements. and secondly in
implementing the beamformer electronics.

A circular array with equally spaced elements was chosen in the example above for
synmetry, the same beampattern being desired in any direction. If the array
diameter were the same 'as that of the Leslie rotor (33cm for the LX-7) then the
required heampattern could be reproduced exactly and the imaginary parts of the
shading coefficients would vanish, simplifying the heamformer. To prevent steps
appearing in the pattern, as in the example, the elements must beclosely spaced,
certainly within l/Z at the highest frequency of interest (’QkHz), and a 33cm
array would require 12 Speakers, with 12 power amplifiers and 12 channels in
the beamformer.

A smaller array is desirable to reduce both the bulk and cost of the device, but
neither the phase nor amplitude response would exactly match the desired response
over the entire frequency range. Whether or not this degradation in performance

‘ would be noticeable to a listener still requires investigation.

The beamforming system includes a unity gain frequency invariant 90 deg phase
shift. Such a circuit does not exist in practice, and the choice is between an all
pass filter with constant gain but frequency varying phase, or else an integrator
or differentiator with the desired 90 deg phase shift but a gain that changes  134
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with frequency. Such responses can be included in eqs.(5—6) but the ability to
produce the desired beampattern over a broad frequency range may be impaired,
and this too requires further investigation.

Other problems may arise, such as acoustic interaction between the elements of
the array, and these points are the subject of continuing work. It is hoped to
publish a more comprehensive paper describing the performance of a prototype
shortly. ' -

CONCLUSIONS

The acoustic field of a rotary speaker has been examined and, when reverberation
was considered, it was found that an effect exists which relies on the physical
motion of the sound beam and that a convincing simulationof the Leslie speaker
requires more than the basic phase and amplitude modulation.

A technique for forming a rotating sound beam using an array of fixed
loudspeakers has been suggested and the feasibility of such a system
demonstrated, subject to the solution of a number of practical problems.

ACKNOWLEDGMENTS

This Hark was started as an honours degree project with the Open University, and
has since been partly supported by the Crouther Fund, the Open University.
Thanks are due to British Aerospace Dynamics Group, weymouth Underuater
Engineering Unit, for access to laboratory and computing facilities. The author
is also grateful to Dr.G.H.Neal (Neal and Associates, Heymouth) who was the
project tutor and to Hr.J.R.Osvin (British Aerospace, Heymouth) and
Prof.H.O.Berktay (University of Bath) for helpful cements on the manuscript.

REFERENCES

l. 0.1. LESLIE 1951 US Pat, Re 13,323
2. N. WILLIAMS 1974 Electronics Australia Oct. 1.2409

A phase-shift vibrato unit for electronic organs
3. LPOGSON and N. "ILLIAMS 1980 Electronics Australia Sept. 46-50

‘l‘vin tremolo for organs/stage amps
b. G.F. SCNNOLL 1981 US Pat. 6,308,522
5. ILA. FINCH 1981 US Pat. [4,308,428

6. - PJ‘I. HORSE 1976 Acoust.Soc.Am.

Vibration and sound
7. P.F. PANTER 1965 McGraw—Hill

Hodulation, noise and spectral analysis
8. B. BARTLETl' 1970 J.Aud.Eng.Soc. 18(6), 674-675

A scientific explanation of phasing (flanging)
9. PJ’. BOBBINS 1954 In Preparation

Array shading to simulate a specified beampattern

135

  


