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Abstract

The principles of shading, electrical tapering and beam-steering of arrayed transducers
are now more accessible and economical through application of Digital Signal
Processing (DSP) for tapering, delays and equalisation. The authors describe how DSP
techniques were applied in a very brief development period to produce a loudspeaker of
modest dimensions and reasonable cost incorporating transducers, processing and
amplification electronics within one enclosure, and a PC based GUI for site adjustment
of speaker parameters.

Introduction

While beam-steered, frequency-tapered line arrays are not a new development, there
have been few significant field or commercial applications. Often, their useable
bandwidth has not been much greater than the telephony frequency range, let alone
reproducing frequencies below 100Hz or above 10kHz. A beam-steered, tapered line-
array speaker meeting a number of difficult requirements has been designed and
implemented in a compact package using DSP techniques and recently developed



loudspeaker drivers. This paper discusses the way in which the design was executed in
order to meet the requirements.

Requirements

The beam-steered tapered line array loudspeaker was developed to suit a new distributed
speaker system in St Mary’s Cathedral, Sydney, Australia. The Cathedral is a large
stone building with a high ceiling and an average mid frequency reverberation time of 6

seconds,

Sixty-five such arrays are distributed throughout the Cathedral.

The design of the speaker had to meet a number of important architectural and acoustic
requirements:

a)

b)
c)

d)

¢)

g)

h)

i)

D

9]

)

Small cross-sectional size, less than 150mm x 120mm to allow it to fit between
flutes in the structural stone columns.

The overall length of the speaker enclosure was to be less than 1.5m.

Vertical mounting at a height of 3.5m with the main axis of radiation at 22°
below horizontal,

Radiation of sound towards the high ceiling to be less than -10dB relative to
main axis above 300Hz to minimise both the late arrivals from the ceiling and
the early decay time in the Cathedral.

Compensation of the speaker to listener distance by suitable directivity over an
angle of 65°.

Bandwidth of 80Hz to 15kHz+3dB for high fidelity voice reproduction [1].

A maximum required Leq SPL with male speech of 67dBlin with a crest factor
of 16dB at listeners 8m horizontally away from the speaker. This is equivalent
to hearing a raised voice at a distance of 1.5m from the talker.

All equalisation and delay processing to be realised using a purpose designed
DSP engine.

All electronics, including digital processor, amplifiers and power supplies to be
housed within the loudspeaker enclosure.

Remote control of all adjustable loudspeaker parameters via an RS485 data
link.

Autonomous self-testing of all electronics under remote control with reporting
of pass-fail status.

A Windows based Graphical User Interface for entry of operating parameters.

m) Storage of preset patterns of parameters for simple operational recall.

n)

“On-the-fly” selection of presets without audible artefacts.
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3.1

Acoustic Design
Directivity Control and Beam Steering

A line array consisting of an infinite number of point sources has a radiation pattern that
progressively narrows as the frequency increases [2]. When the array is comprised of
drivers that have sufficient size to generate useable low frequencies and SPLs,
detrimental radiation lobing also occurs when the driver spacing becomes an appreciable
fraction of a wavelength.

For an array to produce controlled directivity without lobing, it is necessary to shade or
taper the array and avoid using multiple drivers at wavelengths less than a quarter of the
driver spacing. Amplitude shading [3],{4] is the frequency-independent attenuation of
the signal levels fed progressively to each driver with a shape factor relating the driver’s
attenuation to its position in the array. Tapering is frequency dependent attenuation and
changes the apparent length of the array.

The literature abounds with examples of shading and tapering. Examples of shading
schemes are the raised-cosine shape [3],[5]and the Bessel shape [4]. Most tapering
schemes use low pass filters (LPF) to decrease array length by removing the signals fed
to the outer drivers as the frequency increases. Examples are [6] using second order
filters and [7] using fourth order filters.

A disadvantage of the shading technique is that it does not take full advantage of the
mutual coupling between drivers on axis at low frequencies. Minimisation of high
frequency lobing requires the use of small drivers, which inherently have limitations in
their displacement-limited outputs at low frequencies. As the outer drivers are
attenuated in a shaded array, the maximum displacement and thermally limited SPLs of
the total array are not as high as if all drivers were handling the signal,

LPF tapering schemes maximise the low frequency power output, but require
equalisation to flatten the frequency response, involving either low frequency
attenuation or high frequency boost.

Another tapering scheme allows the gradual transfer of signal to the inner drivers as the
frequency increases by bypassing the signal around the outer drivers [1], {8]. The
tapering filter is a cascaded RC network, similar to a pink noise filter, but with constant
resistor values. Each stage is tapped to provide a driver output signal called a “chain”.
The vector sum of all chains always equals the input voltage and therefore (in theory)
waveform reproduction is possible on-axis in the very-far field and equalisation is not
required.
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3.2

Beam Steering

Beam steering of the woofer line-array was achieved by applying different signal delays
to each driver. This technique is well known and is not discussed further, A lesser-
known technique applies 90° and 180° phase shifts along with amplitude shading to
specific drivers in an array. This scheme suffers badly from a major lobe at 2kHz
radiated directly above the speaker and the directivity below the array varies greatly with
frequency. Again, the shading limits the available low frequency SPL.

Performance modelling and optimisation

Predictions of the radiation pattern of the speaker were made using a computational
model that included the contribution of the radiation patterns of individual drivers. The
model follows that of Meyer [9] eq.1 and functions as follows;

Look up tables held the driver's amplitude and phase response at 15° polar increments
and 1/6 octave intervals normalised to the on-axis response. Using direction cosines, the
angle and distance of a listener point relative to each driver's axis was calculated and
quantised to 15°. At this point, the total vector of each driver's acoustic output was
computed from the sum of the following factors: amplitude loss due to distance, phase
shift due to flight time and electrical signal delay, and the complex frequency responses
of the driver at the relevant 15° angle and the electrical filter feeding the driver. The
driver vectors were then summed to give the system response at this frequency and point
and the process was repeated at 1/6 octave intervals and appropriate spatial points.

For the woofer line array, the spacing between drivers and the nominal time constants of
the tapering filter were adjustable parameters, while for the tweeter line-array, the driver
attenuations and the filter time constant were adjustable, A spreadsheet-based numerical
optimisation process was used to determine the required values for each parameter to
meet the required performance.

To set up the target values for the optimisation process, calculations were made of the
attenuations of the line-array’s off-axis response that were required to compensate for
distance loss. The sum of the mean square errors between the predicted and the target
frequency responses at each angle was computed, and used to feed the optimisation
process. Unless specific restrictions were made to the frequency range over which the
error was computed at each angle, the “optimised” solution was not particularly useful.

As the stages in the tapering filter were not individually buffered, the full S plane
transfer function from the input to the output of each stage was required for input into
the computational model. Generation of this rather large polynomial also allowed direct
implementation in the Z plane by DSP.
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3.3

3.31

3.3.2

Implementation

Tapered Woofer Array

As the required maximum SPL of the system was not as high as the designs of [1] and
(8], the higher frequency signals could be finally transferred to one inner driver rather
than two drivers. The single inner driver reduced the amount of lobing near 1kHz
(caused by the distance between the inner drivers of those designs), but yielded an odd
number of drivers.

Seven small drivers formed the woofer array with a four-stage tapering filter, each stage
having an individual nominal time constant. Outer drivers were symmetrically fed with
successive stages of the filter while a single inner driver was fed with the output of the
final filter stage. The filtering was implemented using DSP. Each filter stage was then
delayed to give a beam tilt of -22° and then fed via power amplifier to each driver.
Figure 1 shows the block system diagram. The signal level of the inner driver was
raised 6dB to match the combined pressure output of the paired outer drivers. As an
asymmetrical radiation pattern was required, the drivers were arranged in an
asymmetrical pattern.

The performance of LPF tapering schemes with 7 drivers was investigated using the
computation model and once again [1] and [8] were found to produce less smooth
directional changes than the transferring scheme. Perhaps LPF schemes offer
advantages with a larger number of drivers.

Figures 2 and 3 show the predicted frequency and polar responses of the woofer array at
a number of angles at a radius of 6.5m from the array’s mid-point. (6.5 m corresponds
to on-axis at -22°). Crossover to the tweeter array was placed where the directional
control of the line array broke down at around 2kHz. It is expected that a greater
quantity of smaller drivers would shift the poor performance above 1600 Hz to a higher
frequency, out of the band handled by the woofer array.

Tweeter array

Modelling showed that a three-element tweeter array could provide suitable directivity.
Cost constraints eliminated beam steering using delays and dictated that passive
components be used to control its radiation pattern. The whole tweeter array was
therefore physically tilted to match the acoustic tilt of the woofer array. The
combination of this tilt and the physical dimensions of the system forced the tweeter
array to be located directly below the woofer array. This position introduced difficulties
at crossover, discussed later.
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Directional control of the directivity was achieved using a combination of shading and
tapering, with different attenuations being applied to the outer tweeters and a single RC
filter that progressively bypassed the outer tweeters, transferring the drive to the inner
tweeter. Figures 4 and 5 show the predicted frequency response at a number of off-axis
angles relative to the baffle, ie not the absolute vertical angle.

3.3.3  Woofer Choice and Enclosure Design

To achieve the low frequency response with the available enclosure size, the drivers
needed to share a common acoustic volume, as internal dividing walls would severely
reduce the available volume. In a previous system [1] with 6 woofers sharing a common
vented enclosure, the drivers showed substantial differences in the frequencies of the dip
in the displacement vs. frequency characteristic, indicating variations in the effective
box tuning frequency. A fourth-order closed box system [10] was employed to avoid
this problem and to alleviate space requirements on the baffle.

The 110mm Vifa TC11WG69-08 bass/mid driver was chosen as the woofer. The
selection criteria were size and cost, smooth axial frequency response extending to
4kHz, smooth off axis performance, well damped cumulative decay spectra showing no
major ridges, and Thiele-Small and X.x parameters suitable for the closed box system.
The sensitivity (1w/1m) of this driver is 85dB and it has a long-term thermal power
rating of 60w.

As all 7 drivers handle the low frequencies, the displacement limited and low frequency
thermally-limited SPLs were 12 dB greater than that of one driver. The required boost
of 6dB from the high-pass equalisation filter to flatten the response therefore presented
no problems.

3.3.4 Tweeter Array and Associated Network

The tweeter array chosen was a Vifa D26NC-TRI-3, which consisted of three 26mm
dome tweeters mounted on a common plate with the centres of the domes separated by
40mm. These tweeters share a common heatsink that clips over the small neodymium
magnets.

The tapering filter scheme required series connection of the tweeters and constant load
impedances. The inductive rise of the tweeter impedance was equalised using Zobel
networks and L pads while a shunt resistor provided the shading attenuation and
flattening of the motional impedance peaks.
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3.36

Crossover Function

The distance between the innermost woofer (that reproduced the 2kHz octave) and the
tweeter array is approximately 600mm. This is a large distance for a speaker system
with an intended coverage distance of 8m and effectively renders the drivers as
“incoherent” sources over most of the listening area. In this context, correct summation
of the driver acoustic powers is more appropriate than correct summation of the axial
pressures. To minimise the number and bandwidth of the nulls in the off-axis areas in
the crossover region, the extent of frequency overlap between the drivers was reduced
using high rate 8™ order crossover filters. Even order filters offer spatial symmetry of
response about the physical mid point of the drivers, but unfortunately do not offer a
constant power response with non-coincident drivers [11]. However, the benefits of the
high roll-off rate in minimising driver overlap and the symmetrical response were
thought to outweigh the lack of constant power response.

In this respect, the power response of Butterworth crossovers is more constant than that
of the Linkwitz-Riley (L-R) type [11]. By offsetting the —3dB points of the low and
high pass drivers, the Butterworth crossover moves towards the L-R and the 3dB axial
boost can be reduced, (inspired by [12]) to partly restore tonal balance on axis without
removing as much power as the L-R type removes.

Required Amplifier Powers

With a speech spectrum, the tapering and crossover filters deliver different noise
bandwidths to each of their respective drivers. It therefore makes sense to tailor the
power rating of each amplifier to its relevant noise bandwidth. The following process
was used to determine the required ratings.

The L, and Ls percentile exceedance levels for male speech were obtained from [13] in
1/3 octave bands (it was assumed that French & Steinberg measured the levels without
the effect of meter ballistics). Assuming that the Lso approximately equals the Leq level
(their paper does not give the L, level), the total SPL of the Lsp spectrum was found and
scaled to 71dB, being the Leq of a raised male voice at 1m from a talker. This
corresponds to a Leq of 67.5dB at 1.5m from a talker from which the required level at 1
m from the speaker was found. The L; data was then scaled by the same factors to give
the required L; SPLs in each 1/3 octave band at an equivalent 1m from the speaker.

The required speech 1/3 octave L levels were multiplied with the frequency response of
each tapering filter stage and the crossover filters and summed to give the broadband I,
rms SPL required to be reproduced by each driver. This of course implies that the L,
levels at each frequency will occur simultaneously, a highly improbable event. The
required power ratings were then determined from the driver sensitivity. The highest
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3.4.1

3.4.2

required power rating was 6 watts, needed by the inner woofer that operates alone.
Implementation of a 30 Watt power IC was available and gave additional headroom of
7dB.

Prototype testing

Woofer array

The prototype enclosure was constructed and tested using a commercial DSP device to
provide the signal processing for each woofer in the line-array. A Peavey Media Matrix
was set up to the configuration given in Figure 1 with parametric and shelving filters
simulating the tapering filters. A trial and error,process was used to set up the response
of the parametric and shelving filters by comparing their measured response with that of
the s-plane transfer function. The relative delays were set up by measurement.

The size of our laboratory prevented performance verification of the prototype at the
distances at which it was designed to operate, as insufficient reflection-free time data
were available for our MLSSA test system. To acquire the system’s impulse response
with 5ms of anechoic data required measurements to be conducted at a distance of 1.5 m
from the array. The response was therefore predicted at this distance for various angles
and compared with the measurements. A half-space acoustic load was provided for the
enclosure to prevent diffraction and reflections from introducing anomalies into the
frequency response of the array. Agreement between the predicted and measured
performance of the woofer line-array at the selected angles was within 2dB.

Tweeter Array

The frequency response of the tweeter array with its passive network was measured and
compared to that predicted. While in the half octave centred at 5kHz, the measured
response differed from the predicted by up to 5dB, the overall response trend at each
angle was evident. It is expected that these response anomalies were mainly due to
diffraction from the enclosure edges, and the nearby woofers. Production deadlines
precluded further investigation of the anomalies. It is also possible that inaccuracies in
measurements of the tweeter’s directional phase data (used in the computational model)
may have contributed to these anomalies. One author [S] did not use driver directional
data in his prediction of tweeter line-array radiation.
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4.1

DSP Implementation of Equalising, Crossover and Shading Filters
and Steering Delays

For a DSP engine to fulfil the requirements of the array system, it had to meet the
following criteria:

* Accept a single 20 bit digital audio input sample and provide eight processed
samples every sample period (20.83 ps for a sampling frequency of 48kHz). Eight
output channels were required, one for each of the seven woofer drivers and one
for the tweeter array.

¢ Provide all of the processing elements indicated in the block diagram (Figure 1):
Primary Delay, 4" Order Closed Box Equalisation, Crossover Filtering, Tapering
Filters and Steering Delays.

e Ensure an input to output delay accuracy of within one sample period.

® Provide a mechanism for remotely changing (within certain bounds) the Primary
Delay, Steering Delays, and all filter characteristics, without powering down the
unit.

e Provide precision test signals to be used for acoustic measurement, as well as a
mechanism for autonomous testing of speaker array amplifiers.

Two Texas Instruments TMS320C32 DSPs were employed to meet these criteria.

Choice of DSP : A Software Perspective

Key factors in selection of a DSP were speed of execution, ability to easily manipulate
the data structures employed, arithmetic capabilities and precision.

The required implementation represented a significant software design challenge,
despite the rapid and dramatic advances in high volume microprocessor technology.

The particular design criteria demanded that eight processed audio samples be derived
from a single input sample every sample period. The choice of sampling frequency
therefore impacts on the processing power demanded from the DSP and the delay line
memory requirements. A sampling frequency of 48kHz was chosen, firstly to provide
professional audio quality, and secondly to ensure adequate delay resolution for accurate
beam steering [14].

To meet the design criteria, the processor must complete the following tasks every
sample period:
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4.2

¢ Delay the input audio sample for sound propagation compensation (primary delay
ranging from 0 to 300ms with a single sample period resolution);

e Apply a 2nd order high pass equalising filter to the delayed sample;

e (Obtain output samples from high and low pass crossover filters. (Each filter is an
8th order Butterworth);

¢ Compute output samples from four tapering filters consisting of cascaded first and
third order filter sections; and

¢ Implement seven delay lines to derive eight steered audio samples, one for each of
the seven woofers and tweeter array.

Two TMS320C32’s running in parallel were used to share the computational load.
These operate with an instruction cycle time of 40nS. Using parallel multiplication and
accumulation instructions, each device can execute 50 million floating point operations
per second. This particular DSP provides a circular addressing mode which simplifies
the implementation of the primary and steering delay lines and the Infinite Impulse
Response (IIR) filters [15]. It uses a 40 bit floating point format with a 32 bit signed
mantissa for all arithmetic logic unit functions, affording more than adequate precision
for the task. A floating point implementation dispenses with finite word length
problems often associated with fixed point DSP based configurations.

Primary and Steering Delay Implementation

The required delays were effected using a circular buffer data structure. This familiar
concept provides an efficient and simple means of adding audio samples to a list and
extracting them at some later time. The delay between addition and extraction will be
some multiple of the sample period. As a new sample is added another is extracted from
the list. Changes to delay time can be made by simply changing the number of samples
that separate the point at which samples are added and the location from which they are
extracted.

The Primary Delay used for time alignment between arrays in the system is limited to
the range O through to 300ms, with a 21ps resolution. The maximum delay required a
separation of 14400 samples between input and output buffer locations. The steering
delays have the samé resolution, however the maximum delay required is limited to
approximately 2.5 ms or 128 samples.
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