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1. INTRODUCTION

Archimedes is a cooperative psyclioacoustics research project funded under the European [EUREKA
scheme. The three Eartners are The Acoustics Laboratory of the Technical University of Denmark,
Bang 8t Olufsen of enmark, and KEE Electronics Linuted of England. The prima objective of
the project is to quanti the subjective influence of listening room acoustics and, loudspeaker
directm? on reproduce sound. It is hoped that the results can be used to develop improved
systems or sound reproduction.

A study of this nature, relying on the responses of human subjects, becomes impossibly
complicated and difficult if carried out With a vane of real loudspeakers and rooms, Control of
the eitpei'i'inental variables is much simpler if e stimuli are simulated under controlled
conditions.

Simulation of acoustic stimuli can be achieved using either head hones or louds eakers, though
both present practical difficulties. At the present sta e of deve opnient, Iieadp ione simulalion
suffers from problems of confused localization. Simu ation via loudspeakers requires aiieclioic
surroundings and a Iar e number of‘loudspeakers, amplifiers and signal processors, but is
potentially more natural or the test subjects.

The approach chosen for this project is simulation via loudspeakers in an anechoic chamber. The
anechOic chamber, located at the Acoustics laborato in Lyngby Denmark, has workin
fimensions (between the wedge tips) of 8 m (26 ft) hig , 10 m (33 ft) wide, and 12 m (39 it
ong.

The simulation techni ue, which is based on the theory of images, requires a number of well-
matched wideband lou speakers, driven from suitably generated signals, to represent the "images"
due to sound reflection within the room. Fig 1 illustrates in a two-dimenstonal Inn View the
position of image sources resulting from reflections witlun a rectangular room. ‘or simplicity,
o}:in the listener and a single loudspeaker, corresponding to the right channel of a stereo pair, are
5 own.

The first part of the Archimedes project is devoted to investigation of timbral effects. The
sirnulation_is therefore limited to the representation of a Single loudspeaker reproducing a
monophomc signal,

2. PRACTICAL CONSIDERATIONS FOR THE SIMULATION SETUP

     
             

   

Even with the very generous capacity of the Lyrigby chamber, it is not possible to locate all the
sychoacoustically important image sources in tieir natural geometric positions. Instead, all
oudspeakers are located, with correct azimuth and elevation, on the surface of an imaginary
sphere of 3 m radius centered on the listemnglpositiori. Attenuation and delay of the loudspeaker
inputs provide for correct level and timing of e received image signals at the listening posuion.
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'I‘he supponing structure for the loudspeakers is made as light and non-reflective as possible to

minimise disturbance to the simulated sound field. Portions of it are treated with sound

absorbing material to reduce the residual reflections below the level at which they might affect

the test results.

The listener's ears must be located close to the specified listenin position. This position is for

practical reasons about 2.5 metres above the wire~netting floor 0 the chamber. Thus the listener

is seated in an elevated "Danish bus driver's seat" mounted on a structure supported rigidly from

the true structural floor of the chamber.

The exact chair position is adjustable remotely via motors so that the listenefs cars can be placed

in the correct position as observed via a fixed video camera. This camera may also be used for

monitoring and/or recording the listener's movements. A curtain revents the listener from

seteing the simulation setup, except for a single red LED which efines the "front" angular

re erence.

3. THE LOUDSPEAKERS AND AMPLIFIERS [1]

Because everything placed within an anechoic chamber tends to disturb the sound field and cause

unwanted additional reflections, the loudspeakers rnust contribute Imtnimal diffraction and

reflection. It small, spherical enclosure is best suited tomeet these requirements.

The enclosure chosen is a sphere‘of 280mm (1.1 inch) diameter. It is manufactured in large

quantities in Denmark, as two mating herruspheres, for use as a float for trawler nets. It comes in

one colour: bright orange!

The spherical enclosure is fitted with a 110-mm (IV/pinch) coincident-source drive unit specially

designed by KEF for the IUJCCL This is the largest unit thatcan be mounted Within the spherical

enclosure without seVere y truncatutg the spltencal profile.

The enclosute front hemispheres were modified to take the new drive unit using numerically

controlled inaclu'ne tools at Bang & Olufsert. In addition, a matching front rin was machined

from a similar plastic material so that the spherical contour is smoothl blended into the

diaphragm profile of the bass/midrange unit. This nng also supports a front c oth dust protector.

The rear hemispheres are similarly machined 'to take an electrical input connector and a vibration

isolation mount. for a support rod extending back from the rear of the drive unit. The

hemispheres are tamed by a permanent adltestve to form the complete enclosure.

Near the rear of the support rod, a counterweight is mounted so as to lace the centre of gravity

of the complete system at the centre of the 5 here. This is requiredfiiy the simple supporting

method used to ensure Ithat all loudspea ers hang exactly in the calculated positions.

independently of the direction they are aimed.

The interior of the enclosure is filled with absorbing foam to damp standing waves and to provide

a known amount of acoustic damping to the LF unit. The latter is useful because the loudspeaker

systems are driven front current-source, rather than voltage-source, amplifiers.

A simplified cross-sectional drawing of the loudspeaker system is shown in Fig 2.
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Each loudspeaker system is driven by two cun’ent-soutce amplifiers. The choice of current-source
drive was made for several reasons.

Firstly, the amplifiers must be located on the roof of the chamber, and thus the cables between
the amplifiers and loudspeakers are necessarily] quite long: 15 m (50 ft). They cannot be made
very heavy, so their impedance is not negligi 1e. Current drive makes the system performance
independent of table impedance.

Secondly, the use of current drive eliminates the problem of thermal compression in
electrodynamic drive units with copper voice coils. The force on the dia hra m is pro ortional to
current, and this is.maintained in a currentvdrive system independen y o voice-cm resistance
changes due to heating. Thus compression and change of spectral balance is prevented.

T_liirdly, current drive reduces mid-frequency distortion from the bass/midrange drive unit by a
Significant amount.

The amplifiers used are modified Bang & Olufsen Beolab Penta 150 amplifiers. These have a
power rating of 150 watts into 8 ohms. With the modification for current-source operation, the
output impedance is raised to about 1000 ohms, amply hiin for use with drive units of4 to 8 ohm
nominal impedance.

These amplifiers were chosen not only for their availability to the project, but also for their low
rimse'levcl, which becomes very important when a large number of loudspeakers are used for
hstcning tests in an envtronment of very low u'ihctcut acoustic background noise.

1-inch Iii-amplified loudspeaker system also incorporates a lowdcvel active crossover network
which includes indiVidua drive-unit equalisaiion and tlieriiialvdamage protection.

Fig 3 shows in block circuit form the structure of each complete "active" loudspeaker system.

4. RECORDING OF PROGRAMME MATERIAL [2]

For psychoacoustic testing of reproduction timbre, test signals of natural sounds such as speech
and acoustic musical instruments are desired, in addition to electronically generated signals such
as pulses and noise. Because psychoacoustic testing involves many repetitions of the same test
signal, to different listeners under different simulated conditions, repeatability is of paramount
importance; signal storage must therefore be digital.

It was soon discovered that suitable monophonic digital recordings, made under controlled and
documented conditions, were not available. A recording rograinme was undertaken to obtain
the desired material recorded under both anechoic an semi-reverberant conditions. These
recordings were made by llang ll: Olufscn and KEF, usin selected calibrated micro honesl on
digital media including DAT, PCM on videotape, and iiirectl to large capacit ard disks.
Recordings selected for use were then stored on hard disk for irect playback in t e simulation
setup.

5. SELECTION AND TRAINING OF TEST SUBJECTS [3]

For the results of listening tests to be treated as ‘useful scientific results, they must be
reproducible, reported on an appropnatc scale, and a Significant and meamngful measure of the
prespecrfied aspect of the perceived sound.
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The degree to which these criteria can be fulfilled depends not only on the design of the

experiment but also on a number of factors relating to the test subjects’ skill and consistency.

These factors include hearing threshold level, previous listening experience, and ability to

perceive differences in sound stimuli.

Subjects used in the Archimedes experiments are Danish students in the age range of 18-28 years.

All candidates are screened for normal hearing thresholds. Previous ex ericnce listenin to live

and reproduced music is evaluated by means of a 'questionnaire. Final) choice is base on the

results of sub'ects’ performance in trial tests deVised to determine their ability to perceive

differences an their consistency.

Test results reported in [3] indicate that with training and experience, previously untrained

subjects possessing the requisite basic abilities can ‘greatly improve their sensitivit and their

consistency. So much so that one suitably trained an experienced subject can provi e the same

statistical confidence as seven untrahied subjects.

6. PSYCHOACOUSTIC CRITERIA FOR SIMULATION [4]

A simple interpretation of the theory ofimagcs might suggest that sound ficld simulation requires

a vast number of loudspeakers. FortunatelyI a num er of published psychoacoustic results

indicate that this is not so.

- The direct sound from the loudspeaker being simulated must, of course, be accurately modelled.

This requires only one loudspeaker and amplifying channel in the Simulation setup.

Reflected sound arriving at the listener after the direct sound is at first relativel sparse in time,

but the density increases find the intensity decreases) with time. For a typica listenin room,

reflecnons amvtng after a out 20 to 30 ms are so densely packed that the hearing mec ianism

does not distinguish them as discrete events, but rather as a general ambience or reverberation.

In the Archimedes project, this reverberant "tail" of sound is modelled separately with artificial

reverberation of the required density and decay, using six of the loudspeaker/am lifier channels.

By maintaining low correlation between the signals from these six loudspeakers, I to reverberation

is made subjectively diffuse; ie, movement 0 the test subject's head produces no change in the

perceived sound, such as sWisliing’I for a noise signal.

Sound from, the remaining reflections, or images arriving in the first 20 to 301nm, must be

simulated With sufftctcnt faithfuh'iess. ‘There are still a large number of images in this category. so

the available results of psychoacoustic tests are used to mirumize the number of loudspeaker

clianncls required.

Experiments reported in the literature indicate that where only a single reflection is resent. this

must exceed a certain threshold level to be audible or to affect perceived timbre. 1' mm is ood

reason to believe that where many reflections and a reverberant field are present, the thres told

levels for individual reflections will be higher. As a conservative starting point, all early

reflections which exceed the threshold for sin le reflections of the same delay are included in the

Archimedes simulation; those falling below tliis threshold are excluded. As a further piecaution,

the threshold values used for this exclusion are taken as those re orted for experiments using

headphones, which are typically 5 dB lower than those for loudspea er listening.
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As ma be deduced from Fig 1, many of the image sources are located in nearly Ilie same direction
from t e listener as one or more others. When moved to the common 3-m radius, intersecting
loudspeakers would be required. It is desirable to keep the number of loudspeakers to a
minimum, both for simplicity and to minimise extra reflections within the setup.

Fortunately, existing psychoacoustic results indicate that the hearin mechanism is somewhat
imprecise in its localization cagability. This property is known as “ ocalization blur“. For the
Archimedes project, it means I at a sin Ie loudspeaker may be used to reproduce two or three
ima e_sources from nearly the same direction by combining the desired signals before the
amp ier.

Lisin the above Sim?l
Simu anon of early re
described.

lificatiori techniques, the number of loudsEeakers required for the
ections is of the order of 20 -- a managea Ie number for the setup

The choice of a 3m distance for the simulation loudspeakers is based on further existing
psychoacoustic results. It is the minimum distance for which the hearing mechanism cannot
obtain independent clues asto the actual distance of the source. Hence the use of attenuation
and delay may successfully be used to simulate a source at a greater distance.

7. TEST AUTOMATION AND CAUBRATION

Psyclioacoustic testirt may be described as expensive, time consuming and difficult. It is
important to ensure t iat tests runs smoothly and correctly. This is a natural task for computer
control and data collection. In the Archimedes project, three computers (IBM PC or compatible
types) are used for various functions.

The most important of these is the "Master" PC, which runs the experiments, collects data from'a
small terminal attached to the test subject's chair, stores test results, and controls Via
conununications mterfaces the other two PCs.

In addition, the Master PC carries out calibration duties yvhich'are essential to confidence in the
test results. With so many loudspeakers, amplifiers and Simulation channels. there is the risk that
failure of one channel or dnve unit nugln not be noticed but would mvalidate the results of a day
(or more) of expensive testing.

When a particular Ioudspeaker/
reproduction channel is checked for correct response to a microphone located at the listenin
position and the resultlstored. Then, when the testin starts, the complete system is checke
twice a day for any significant devration from the originfires onses.

i’i/H!

8. OBTAINING THE LOUDSPEAKER SIGNALS

room model is first implemented on the experimental setup, every

§

Each loudspeaker is carefully positioned according to computations based on’ the then of
images. Each must be fed with a signal havin the correct characteristics for one or more 0 the
reflected-sound paths for the room cing sirnu ated. In addition to delay and attenuation due to
distance, these characteristics include the frequency res onse of the off-axis angle of the
reflection ath from the original loudspeaker and the Frequency dependent attenuation of
reflections mm the room surfaces. - '
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in general, the off-axis res onse of a multi—uriit loudspeaker is com licated and non-minimum

phase, With inter-unit time elaly dependent on off-axis angle. The re cctton from a room surface

is t ically a less complicate function of frequency but does depend also on the angle of

inci ence. For most purposes, this dependence may be modelled by the fairuliar ‘costne law'.

it can be seen that frequenc response simulation and implementation-are far from simple matters

and have necessitated the a 0 non of 3 lat e flexible arra of digital signal processors, referred to

within the pro'ect as the "DSl? Engine". e flexibility allows both cascade (serial) and summed

(parallel) synt esis paths to be constructed and combined.

Control of the DSP En ‘ne is the job of the second of the project PCs the "DSP Host". 'l1iis

machine calculates off-Inna and stores the required processor con iguration for a iven

loudspeaker/room model together with the required filter coefficients and attenuation and clay

parameters. These are downloaded into the DSP En ine on command from the .Master PC. The

third PC, the "SDI Host" controls the Winchester liar disk which delivers test stimuli to the DSP

Engine when so directed by the Master PC.

It sitnplificd interconnection diagram of the simulation system is shown in Fig 4.

The basic building block of the DSP En ine is the Motorola DSP56001 processor supplied on a PC

plug-in card as the Ariel P056. The D P Engine design uses 32 of these though icst simulations

camed out so far have not required more than 16 to be used. Associated with each I’C-So card is

a purpose designed "Slave" card which provides digital signal multiplcxmg and two D/A channels

wttli output filters and line amplifiers.

An example of the simulation requirements of the troject is the modelling of an ordinary two-way

loudspea er in the listening room of the Acoustics b.

The off-axis response of a two-way loudspeaker can be simulated in a relatively simple way by

first sirnulatin the minimum-phase on-axis or front hemispherical responses of the individual

drive unitsan then modifying these for each off-axis direction by the difference curves for the

individual drive units. These are summed using the correct relative time delay to obtain the

desired non—minimum-phase result.
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Figure 1. Plan view 0! the regular array 0| images produced byrelleclion in a rectangular room.
The dolled lines Show how each image corresponds to a particular reIIecIion pallernr

Figure 2. Simplified cross-section of the spherical coincident-source two-way loudspeaker system.
A counterweight ensures Ihat the centre a! gravity is located at the centre oi Ihe sphere.
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Figure 3‘ Block circuit illustrative lorm at the loudspeaker system. The E0 blocks are tailored to the

individual LF and HF units of each system. Current-source (or transconductance) amplifiers

are used.

 
Figure 4. Simplified diagram at the simulation system and its interconnections. showing the three PCs,

the hard»disk signal source. and the test subject in the anechoic chamber with the

loudspeakers and response terminal.
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