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ABSTRACT 

Personal audio refers to the production of spatially distinct listening zones within a space that 

is shared by multiple people. This technology can enable each listener to hear their own de-

sired material without affecting others, facilitate private communication in public spaces, or 

provide independent volume controls when people of different ages watch TV together. This is 

accomplished using loudspeaker array processing, and the performance of a given system is 

subject to practical limitations associated with the array, the zonal geometry and the 

reproduction environment. The directivity of typical line array designs is only controllable in 

the horizontal plane, with approximately monopole directivity in the vertical direction. This 

can reduce real-world performance through excitation of the reverberant sound field. To 

overcome this limitation a design is presented for an eight-channel line array of loudspeakers, 

with each loudspeaker designed to be directional in the vertical plane. The design uses 

inexpensive components and the USB audio protocol to lower the barrier to entry into personal 

audio research and development. In order to form sound zones, input signals must be processed 

using transfer responses between the array elements and the desired sound zones, and in 

keeping with the philosophy of cost reduction, two different methods for analytically 

approximating these responses are compared against anechoic measurements which are 

expensive to acquire. 

 

1. INTRODUCTION 

In spaces shared by multiple people, sound produced for the attention of one listener may become annoying or 

distracting to others nearby. Personal Audio systems provide listening zones to minimise this interference, and 

can be generated using a combination of active noise control techniques at low frequencies, loudspeaker array 

processing at mid-frequencies, and the individual directivity of loudspeaker drivers at high frequencies [1]. 

The design of such systems has been discussed in various contexts, such as open-plan offices and museum 

exhibits [1], television and radio systems [2]–[4] entertainment and communication systems in the transport 

sector [5], [6], mobile devices [7], and the control of speech privacy in public spaces [8], [9].  

Several algorithms and approaches have been developed to generate single zones of sound by driving each of 

the elements of a loudspeaker array with a filtered copy of a target signal. The sound field control problem is 

therefore reduced to one of filter design. The requirements of this design problem can be summarised as 

maximising the level of a signal in a given location, the bright zone, and minimising it either elsewhere, or in 

a specific dark zone. The acoustic contrast metric [10] provides an intuitive way to judge system performance 

in this regard – the metric measures the ratio of mean-squared pressure between the bright and dark zones, and 
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can be used as the cost function to optimally design the necessary filters for the 𝐿 loudspeakers in the array. 

Formally, acoustic contrast is defined at each frequency as 

𝐶 =
𝑁𝑑

𝑁𝑏

𝒖𝐻𝑮𝑏
𝐻𝑮𝑏𝒖

𝒖𝐻𝑮𝑑
𝐻𝑮𝑑𝒖

 (1) 

where 𝑁𝑏 and 𝑁𝑑 are the number of bright and dark zone optimisation microphones respectively, 𝒖 is an 𝐿 × 1 

vector of control filters, 𝑮𝑏 and 𝑮𝑑 are 𝑁𝑏 × 𝐿 and 𝑁𝑑 × 𝐿 matrices of transfer responses, and (∙)𝐻 denotes the 

Hermitian transpose. The filters 𝒖 are determined frequency-by-frequency as the eigenvector corresponding 

to the largest eigenvalue of the matrix 

[𝑮𝑑
𝐻𝑮𝑑 + 𝜆𝑰]−1[𝑮𝑏

𝐻𝑮𝑏], (2) 

where 𝜆 is a regularisation parameter, selected to reduce numerical errors that originate from the inverse of 

[𝑮𝑑
𝐻𝑮𝑑], which may be ill-conditioned. This is particularly significant for compact loudspeaker arrays at low 

frequencies, as the columns of the transfer responses in 𝑮𝑑 are almost equal. The true transfer responses 𝑮 in 

Eqs. 1 and 2 may be nonlinear and time-variant, and in practice, 𝒖 is generated using estimates of the transfer 

response matrices �̂�. These may be captured using impulse response measurements or analytically using 

source models. 

The present paper demonstrates a simple, reproducible design for a personal audio loudspeaker array and 

evaluates its performance when both analytical and measured transfer responses are used to optimise the array 

filters. The array offers control over horizontal directivity and enhanced vertical directivity over arrays with a 

similar footprint, to reduce the detrimental effects of floor and ceiling reflections.  

2. ARRAY DESIGN 

To produce sound zones using a single, compact loudspeaker array, each loudspeaker in the array must be 

independently controllable, and positioned relative to the others in a way that facilitates sound field control in 

the plane(s) of interest. To give a prototypical example, a uniform linear array of point-sources can be 

processed to radiate directionally, with the maximum response forming a conical shell, coaxial with the array. 

The spacing between the array elements, 𝑑, limits the maximum frequency, 𝑓𝑚𝑎𝑥, that the array can reliably 

beamform without incurring spatial aliasing; 𝑑 ≤ 0.5 𝑐/𝑓𝑚𝑎𝑥 , where  𝑐 is the speed of sound. For 𝑐 = 343 m/s, 

and speech bandwidth up to 4 kHz, this corresponds to a maximum inter-element spacing of 43 mm.  

If array-based sound field control is limited to the horizontal plane, control in the vertical direction is naturally 

compromised, and in reverberant environments, this can lead to a loss of performance. Excitation of the 

reverberant field reduces acoustic contrast by raising the background noise level outside of the direct field of 

the array, and in certain room geometries, uncontrolled specular reflections from the ceiling and floor can leak 

into the dark zone, again reducing acoustic contrast [2], [11]. Therefore, it is prudent to also consider a means 

for vertical directivity control. Although this can be achieved using a 2-dimensional array of loudspeakers, this 

is not cost efficient.  

An increase in the vertical directivity can alternatively be realised through the geometrical properties of the 

loudspeakers used in the array.  Figure 1 shows the theoretical vertical directivity patterns of a series of narrow 

rectangular pistons, representing loudspeaker diaphragms mounted vertically in an infinite baffle [12]. The key 

parameter in the predicted vertical directivity is the product of the acoustic wavenumber 𝑘 and the vertical 

dimension of the piston 𝑎. When 𝑘𝑎 < 1, the source approximately radiates with a monopole directivity, while 

increasing the size of the radiator, or the frequency, yields a significant increase in the vertical directivity. In 

the case of the practical array design, the vertical directivity can thus be increased by using loudspeakers with 

a large diaphragm. This, however, potentially conflicts with the small spacing required between loudspeakers 



to increase the spatial aliasing frequency with respect to beamforming in the horizontal plane. However, 

loudspeaker drivers intended for fitment in televisions, such as those depicted in Figure 2, often have the 

desired high aspect ratio form-factor, with the added benefits of broad availability and wide audio bandwidth 

in a single device – this simplifies the acoustic modelling of these drivers. Multiple drivers could also be 

stacked vertically and driven in parallel to increase the vertical directivity at lower frequencies [2].  

 

Figure 1: Geometry and vertical directivity pattern of a narrow rectangular piston in an infinite baffle. 

 

 

Figure 2: Selection of high aspect ratio loudspeaker drivers designed for fitment in televisions.  

Left to Right: Toshiba EAS16S15A (used in the presented design) Toshiba AA-31816F-XX2G42,  

Samsung BN83-01803A, Dayton Audio CE140-30S-8, Dayton Audio HARB252-8 LG EBR71208201. 

Typically, custom-designed loudspeaker array systems are costly to implement. Whilst the loudspeaker drivers 

themselves can be acquired relatively cheaply, there is a pronounced increase in the price of digital-to-analogue 

converters and amplification as the channel count increases. This is due to the requirement to use more capable 

multi-channel audio communication standards such as MADI or Dante. The loudspeaker array presented in 

this paper uses a consumer-grade 7.1-channel USB audio card, whose outputs are routed to Class-D amplifier 

circuits. Figure 3 shows a block diagram of the equipment used in the presented design.  

 

Figure 3: Loudspeaker array system block diagram.  



The 8-channel array presented in this paper is designed to be simple to construct, using readily available 

consumer electronics and a single 1220 x 610mm sheet of 6mm plywood, leading to a total material cost of 

under £100. Figure 4 shows the construction of the cabinet; each loudspeaker is enclosed within its own sealed 

cabinet within an outer box. The presented design uses Toshiba EAS16S15A drivers, with baffle cut-out 

dimensions of 145 mm × 28 mm. The minimum horizontal distance between these drivers using a 6 mm 

cabinet wall is 42 mm, satisfying the inter-element spacing requirement for preventing spatial aliasing up to 4 

kHz. The outer enclosure also houses the USB DAC, amplifiers and power supply, shown in the right panel of 

Figure 5. The only external connections to the device are a Type B USB socket and an IEC power inlet. The 

class-compliant USB DAC used in the design requires no additional drivers, enabling the individual channels 

to be driven using a standard digital audio workstation or programming environment. A parametric SolidWorks 

design that can be adapted to other driver sizes is available at https://doi.org/10.5258/SOTON/D1218.   

 

 

Figure 4: Exploded view of the loudspeaker array design.  

 

 

Figure 5: 8-Channel loudspeaker array. Left: Front view; Right: Rear view with back panel removed.  

 

3. TRANSFER RESPONSE MEASUREMENTS AND MODELLING 

The Acoustic Contrast Control process requires an estimate of the transfer responses between the loudspeaker 

array elements and microphones situated in each sound zone, �̂�𝑏 and �̂�𝑑. With all other factors held constant, 

the more accurately that �̂� matches the true responses 𝑮, the greater the level of control over the sound field. 

Impulse response measurements capture all relevant physical information, such as the true directivity of the 

sources and any mismatches in sensitivity between drivers at the time of recording. These are expensive and 

time-consuming to obtain and are inflexible if different zone positions are required at a later stage. Acoustic 

source models based on the geometry of the loudspeaker array offer this flexibility and are also naturally free 

https://doi.org/10.5258/SOTON/D1218


from noise, which can result in higher audio reproduction quality at the expense of acoustic contrast [13], [14]. 

In this study, two acoustic models of different complexities are used to provide the modelled responses; the 

array sources are modelled as either point monopoles radiating into a free field environment or rectangular 

pistons, mounted in an infinite baffle, with the expectation that the rectangular piston model will provide a 

better approximation to the true directivity at high frequencies.  

In order to test the array in optimal conditions, ground truth transfer response measurements between the 8-

channel loudspeaker array and a 20-channel array of omnidirectional measurement microphones were acquired 

in the ISVR Large Anechoic Chamber. Angular measurements were simplified by placing the loudspeaker 

array on a turntable, and were captured using the swept-sine method [15]. Figure 6 shows the measurement 

microphone locations relative to the loudspeaker array for the horizontal and vertical directivity measurements 

– the vertical measurements were carried out with the loudspeaker array in portrait orientation on the turntable. 

A coarser grid of positions was used to the rear of the array as in most envisaged practical situations, finer 

grained angular control in front of the array is required. Furthermore, attenuation of rearward radiation at high 

frequencies will intrinsically be provided by the sealed cabinet design.  

 

Figure 6: Microphone array positions for horizontal (Left) and vertical (Right) directivity measurements.  

In the results that follow, the bright zone is defined by all horizontal optimisation microphones that subtend a 

30° angle from the centre of the array, namely measurement lines 0°, 15° and 345°, as indicated in Figure 6 by 

the shaded region. All other microphones in the horizontal plane form the dark zone. Separate evaluation 

microphones, shown in red in Figure 6, are used to measure the reproduced sound field, to avoid bias in the 

estimates of acoustic contrast and directivity, compared to re-using the optimisation measurement positions 

[16].  

4. RESULTS 

The loudspeaker array is configured to generate a single “on-axis” zone of width 30 degrees, and to minimise 

horizontal radiation at other angles. The sound pressure spectra at each microphone location is calculated as  

𝒑 =  �̂�𝒖, where �̂� is the matrix of measured evaluation transfer responses. These spatial and spectral results 

are visualised in Figures 7-9.  

 Figure 7 shows the octave band-averaged horizontal directivity from 125 Hz to 8 kHz when three different 

transfer response estimates are used to generate the sound zoning filters. Figure 8 shows the accompanying 

vertical directivity, and Figure 9 shows the variation in the acoustic contrast and on-axis sound pressure level 

with frequency. The greatest horizontal directivity is achieved when measured transfer responses are used in 

the acoustic contrast control process, and there are only marginal differences between the monopole and 

baffled rectangular piston models for the presented zonal geometry, across the frequency range. The rear 

radiation from the array is attenuated by 5 dB at 500 Hz and 10 dB at 2 kHz.  The vertical directivity shown in 



Figure 8 is unaffected by the choice of transfer response estimate as the generation of zonal filters uses no 

information from the vertically oriented measurement microphones. Extending the bright zone to a three-

dimensional, 30° cone and including the off-axis vertical measurement positions in the dark zone would 

provide additional constraints to the beamforming process in a direction in which the array has no beamforming 

capability. These additional constraints would only serve to increase the condition number of 𝑮𝑑
𝐻𝑮𝑑 in Eq. 2 

and thus may reduce robustness to uncertainty.   

 

Figure 7: Horizontal directivity with a single forward zone.  

Each plot shows directivity results averaged over an octave band.  

 

Figure 8: Vertical directivity with a single forward zone.  

Each plot shows directivity results averaged over an octave band  

Figure 9a exemplifies that the most pronounced differences between the measured and modelled results occur 

at frequencies greater than 3 kHz. Below this frequency, in terms of acoustic contrast, the system based on 

measured responses outperforms those using modelled responses by around 5 dB. This is caused by 

mismatches in the sensitivity and the frequency response between the array elements. The impact of this 

mismatch was minimised by individually adjusting the amplifier gains such that broadband noise emitted from 

each loudspeaker, recorded at an on-axis point in the far field, matched within 1 dB SPL prior to the transfer 

response measurements being taken. At low frequencies, acoustic contrast is limited by the overall aperture of 

the array; for wavelengths significantly longer than this dimension, the entire array appears as a monopole 

source. Some potential extensions to low-frequency control are possible with non-uniform array spacing, at 

the expense of beam-width at higher frequencies [17]. 



 

Figure 9: Left: Experimental acoustic contrast using measured and modelled responses to optimise array filters. 

Right: On-axis (bright zone) sound pressure level from array using measured and modelled responses. 

In addition to the sensitivity issues described above, at frequencies above 3 kHz, discrepancies between the 

modelled and true transfer responses cause the acoustic contrast to decrease, while the measured contrast 

continues to increase up to 4.4 kHz, whereupon spatially aliased beams begin to impinge on the dark zone. At 

3 kHz, the wavelength of sound in air is comparable to the dimensions of the loudspeaker cabinet, meaning 

that both the monopole model and the model of the rectangular piston in an infinite baffle poorly approximate 

the true transfer response matrix. Given the marginal performance increase when moving from the simple 

monopole source model to the more complex rectangular piston model exhibited in Figures 7-9, it is 

hypothesized that the mismatch between array elements is the dominant source of error between the modelled 

transfer responses, which assumes matched drivers, and the true transfer responses – accordingly, without 

measurements and subsequent digital correction for this mismatch, predicting the radiation pattern using a 

more detailed technique such as finite element modelling is unlikely to yield significantly better performance. 

In practical, reverberant environments, lower levels of acoustic contrast are expected overall due to increased 

leakage from the bright zone into the dark zone. Additionally, without re-measuring the responses in-situ, the 

difference in acoustic contrast between using modelled and measured responses may be less significant in 

these environments, as the mis-match between the reverberant 𝑮 and anechoic �̂� is greater. 

5. CONCLUSIONS 

The intention of the presented paper is to introduce a reproducible, low-barrier-to-entry testbed for personal 

audio research that does not require specialist acoustical measurement equipment or facilities to deliver high 

performance. To this end, a design for a compact loudspeaker array has been presented. The device can be 

constructed using low-cost components and is driven using the ubiquitous USB audio protocol. High aspect 

ratio loudspeaker drivers are used to improve vertical directivity over circular drivers with the same inter-

element horizontal spacing. This aims to reduce excitation of the reverberant field by reducing the impact of 

floor and ceiling reflections.  

The performance of the array has been evaluated in anechoic conditions, using both measured and modelled 

transfer responses to optimise acoustic contrast control filters. The highest performance is achieved using 

measured responses, as this captures the true directivity and any inherent mismatch in sensitivity and frequency 

response between the loudspeaker drivers, though comparable performance is achieved without the use of any 

acoustical measurements. Using only the geometry of the loudspeaker array and the desired positions of the 

sound zones, acoustic contrast in excess of 10 dB can be achieved between the bright and dark zones from 1-

10 kHz. The limiting factor in the acoustic contrast is the matching between loudspeaker drivers; with 

compensation for this, or by selecting drivers with better matching, the performance deficit compared to using 

measured responses is expected to be narrowed. 
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