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Abstract 

Conventional sound field reproduction technique requires extensive multi-channel signal pro-

cessing to control the beampattern of a speaker array. In this paper, we introduce a simplified di-

rectivity control strategy, in which a designated beampattern is synthesized through the control of 

individual polarity of very small speaker units. Each small speaker operates like a pixel of a display 

panel, and the combination of multiple pixels using a spatial binary pattern produces the designated 

beampattern. A Spatial Delta-Sigma Modulation (DSM) technique is used to convert the continuous 

spatial excitation pattern into a binary pattern. For the speaker unit, thermoacoustic speakers made 

up of vertically aligned carbon nanotubes (VACNT) is selected for its sound radiation characteristic 

less influenced by radiating area. The experiment with a prototype pixel display shows that the di-

rectivity control is possible with negligible errors. 
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1. Introduction 

Application of binary excitation patterns for reducing the computational complexity in array signal 

processing has been attempted in various ways. Takeoka[1] proposed a 1-bit array signal processing 

scheme based on temporal delta-sigma modulation (DSM). As well known, DSM can convert a con-

tinuous signal into an equivalent 1-bit binary signal by exploiting the oversampling and noise shaping 

properties[2,3].  In the scheme proposed in [1], multichannel signals are produced by applying dif-

ferent delays to a single channel DSM signal, so it is advantageous for steering a beampattern. Beyond 

the temporal DSM structure, more general space-time coupled DSM structures have been proposed 

by Tamura[4] and Scholnik[5], for simultaneous conversion in both space and time domain. The 

space-time coupled DSM also generates 1-bit multichannel signals, but the combination of spatal and 

temporal DSM enables efficient conversion and generation of multichannel signals at a reduced 

sampling rate.  

In this paper, we attempt to realize an array structure that controls directivity simply by turning 

on/off the array elements. The on/off switching of array elements is equivalent to applying a spatial 

binary excitation pattern to the array. Spatial DSM is employed for synthesizing a spatial binary pat-

tern, and all array elements receiving the same channel time signal are turned on/off according to the 

applied spatial binary pattern. However, the spatial DSM requires the oversampled transducer distri-

bution in space, which implies that the size of each array element and inter-element spacing should 

be small enough. This is impractical for conventional dynamic loudspeakers whose sound radiation 

efficiency is proportional to the area of the transducer. In this work, we tackle this problem using 

thermo-acoustic (TA) transducers that are less influenced by the radiating area. Since the proposed 

array is constructed from a group of small TA transducers, we denote the array as an acoustic pixel 

display.  
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2. Solution methods 

2.1 Spatial DSM 

DSM[2,3] can convert a band-limited analogue signal into a binary signal through the 1-bit quan-

tization. The quantization noise inevitably produced during the 1-bit quantization process is sup-

pressed by utilizing oversampling and noise shaping. Usually, the DSM handles time-domain signals, 

but in this work, a spatial DSM structure is considered to produce a spatial binary pattern that can 

synthesize a desired beampattern in space. In the following sections, the basic process of the temporal 

DSM is reviewed and differences between the temporal and spatial DSM are explained. 

2.1.1 Basic operation of temporal DSM 

 

Figure 1: (a) Block diagram of DSM in the time domain. (b) Block diagram of DSM in z-domain. 

 

The temporal DSM structure is characterized by a feedback loop combined with a low order quan-

tizer, as shown in Figure 1(a). A discrete-time signal [ ]q n  represents an input signal ( )q t  sampled 

with the sampling frequency sF  and bounded between 1  and 1 . The output signal ˆ[ ]q n  is a bipo-

lar signal obtained by quantizing the input [ ]q n  using the 1-bit quantizer. Because the 1-bit quantizer 

is a nonlinear block, a quantization noise exists in ˆ[ ]q n . In general, the quantization noise can have 

various spectral distributions, but for simple analysis it is often assumed as a white noise[6]. 

The relation between [ ]q n  and ˆ[ ]q n  can be clearly seen in the z-domain, where the 1-bit quantizer 

is expressed as a white noise adder. From the block diagram of Figure 1(b), the quantized output 
ˆ ( )Q z  can be related to the input ( )Q z  and quantization noise ( )N z  as  

 
1 1ˆ( ) ( ) (1 ) ( )Q z z Q z z N z    ,  (1) 

where only the quantization noise is high-pass filtered. This noise shaping structure suppresses the 

quantization noise in the low frequency region of interest without altering the input signal. When an 

analogue low-pass filter is applied to the binary signal, the high-pass filtered noise is removed, and 

hence, the original signal can be recovered. However, the noise shaping alone is insufficient to sup-

press the quantization noise. For this reason, an oversampling is also applied to lower the power 

spectral density of the noise signal. The resultant SNR in the frequency band of interest is given by 

 103.4 6.02 30logSNR B OSR    ,  (2) 

where B  is the number of bits used for quantizer, and the OSR  denotes an oversampling ratio[7].  

 

 

Figure 2: Signal spectrum after DSM ( sF : sampling frequency in Hz). 
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2.1.2 Differences between temporal and spatial DSM 

The basic principle of temporal DSM described above can be adopted to a spatial DSM as well, 

simply by changing ( )q t  to a space function ( )q x . Suppose that a continuous line array is aligned 

along the x  axis, and that the array is driven with the continuous excitation function ( )q x . The wave-

number spectrum of the excitation function ( )q x , given by 

 ( ) ( ) xik x

xQ k q x e dx



  , (3) 

is related to a beampattern ( ) ( sin )b Q k   at the wave number sin 2 sin /xk k f     ( : 

speed of sound,  : angle from the broadside direction). Since the beampattern is produced by the 

portion of wavenumber spectrum in the limited range | |xk k , we assume that ( )q x  is bandlimited 

in the wavenumber domain. The continuous function is spatially sampled to achieve [ ] ( )q n q n x  , 

which means that the discrete arrangement of array elements are driven by  [ ]q n . 

The primary objective of the spatial DSM is to convert an excitation function [ ]q n  into a binary 

signal, such that the binary signal can produce a desired beampattern. Unlike temporal DSM, however, 

there are two differences in the spatial DSM. First, the analogue low-pass filter applied for 

suppressing the high frequency quantization noise cannot be implemented as a circuit in the spatial 

DSM. Instead, the radiation circle(e.g. [8]), which suppress the propagation of high wavenumber 

components in the region xk k , plays a role of the natural low-pass filter.  

In addition, our objective is to control the beampattern just by turning on and off each loudspeaker 

element. For this purpose, the final output should be in form of a unipolar signal, so the bipolar output 

from the DSM should be biased. The bias results in the increase of a zero wavenumber component, 

which can distort the generated beampattern. In this regard, we apply a negative spatial bias to the 

input signal [ ]q n , and then, apply a positive spatial bias to the output signal ˆ[ ]q n  to maintain the 

original DC component in the unipolar spatial excitation pattern.  

In implementing the spatial DSM, the spatial oversampling requires small inter-element spacing, 

so the size of loudspeakers should be small. Usually, small radiation area of a loudspeaker leads to 

the reduction in sound pressure level (SPL), so it is not feasible to realize spatial DSM with conven-

tional loudspeakers. To circumvent this problem, we employ TA transducers, of which SPLs are less 

influenced by the radiating area. 

2.2 TA transducers  

TA loudspeakers generate sound via heat exchange with surrounding medium. In the 1910s, Ar-

nold and Crandall[9] solved the physical mechanism of the thermo-acoustic transducers. When an 

AC signal is applied to a conductor, a thermal wave is produced and propagates through the thin air 

layer surrounding the conductor. The net effect of the thermal wave yields expansion and contraction 

of the medium, which leads to the change of volume velocity converted into the sound. 

Among many types of conducting material, we chose CNT as thermo-acoustic material because 

of its extremely low heat capacity per unit area ( hc ) and ease of handling[10-13]. In the recent mod-

els[10,12], the RMS sound pressure rmsp  under the frequency of 100kHz is related to the input power 

inW , distance r  and frequency f  as 

 
0

1

2 2
rms in

p

f
p W

rT c



,  (4) 

where 0T  is ambient temperature and 
pc  is heat capacity per unit mass of ambient gas. This model 

implies that the volume velocity and resultant pressure are overly dependent on the input power, not 

by the radiating area. This is a strong advantage for the implementation of spatial DSM, because the 

small transducers for realizing the spatial oversampling can produce the sound, as long as the heat 

concentration on the transducer is not too high.  
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Albeit of this advantage, TA transducers have several downsides, such as nonlinearity ( rms inp W ) 

and low SPL at low frequencies ( rmsp f ). Accordingly, the sound pressure generated from a TA 

loudspeaker includes high harmonic distortion, which is suppressed by the biased temporal DSM(e.g., 

[14]) in this work. In addition, due to its low efficiency in a low frequency region, TA transducers 

implemented in this work are only suitable for tweeters.  

3. Acoustic pixel design 

3.1 Array design 

The arrays are designed to cover a high frequency range around 5 ~ 8 kHz, considering the high-

pass characteristic of a TA transducer. With wavelength  , the half-power beamwidth 
hpbw  of a 

uniformly-driven sound beam is roughly given by 

 0.886 /hpbw L    (degrees) (5) 

where L  is the aperture length. The maximum 
hpbw  was set to 20  such that L  = 174 mm.  To avoid 

the spatial aliasing, the inter-element spacing before applying DSM should satisfy the following con-

dition at the highest operating frequency [15]:  

 
1 sin beam

x



 


,  (6) 

where beam  is a beam steering angle, measured from the broadside direction. In the case of an end-

fire beampattern, x  should be smaller than the half of the wavelength at 8 kHz, so the inter-element 

spacing was determined as x 20.3 mm. With this spacing, 8 array elements are required to sample 

the array aperture. 

3.2 Beampattern simulation 

As an exemplary target beampattern, we employed a band-limited Dolph-Chebyshev window of  

-20dB sidelobe level. The target excitation function is shown in Figure 3(a) as a grey line, which is a 

continuous function. The corresponding wavenumber spectrum is shown in Figure 3(b), where /xk k  

is the normalized wavenumber and k  is the wavenumber corresponding to 8.44 kHz. 

The orange-coloured unipolar pattern of Figure 3(a) represents the output of the spatial DSM. 

From simulations, OSR of 8.5 times showed the quantization noise less than the sidelobe level. It can 

be seen that the quantization noise only influences the evanescent region (i.e., outside the radiation 

circle), in which the sound wave does not propagate to the far-field.  

 

 

Figure 3: (a) Excitation functions before and after the spatial DSM.  

(b) Wavenumber spectra of the target and DSM excitation functions. 

evanescent 

(a) (b) 
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4. Experiments 

4.1 Fabrication of an acoustic pixel array 

With OSR = 8.5, the oversampled inter-element spacing /osx x OSR    becomes 2.54 mm, and 

the total number of acoustic pixels is given by 68. A single CNT pixel was fabricated by drawing 

Vertically Aligned CNTs (VACNTs) over a 2-pin jumper header of 2.54 mm pitch (Figure 4(a); small 

sample on the left). The size of the fabricated sample is 2.54 mm  3.00 mm. The pixel array was 

constructed by arranging 68 pixels on a multi-pin socket (Figure 5(a)). Each pixel was wired to a 

mechanical switch to turn on/off the pixel according to the unipolar pattern obtained the spatial DSM.  

Due to manufacturing variances, resistances of pixels were not perfectly identical. The mean re-

sistance and standard deviation of 68 pixels are 261 6  . All pixels were electrically connected in 

parallel, so the total resistance of the array becomes 3.8  when all pixels are turned on. 

 

 

 

Figure 4: (a) Fabricated free-standing CNT speaker samples. Small sample on the left side  

(2.54 mm  3.00 mm) and large sample on the right side (30 mm  50 mm). (b) Measured frequency  

response of both samples 

 

 

 

Figure 5: (a) Prototype acoustic pixel array. (b) Experimental setup. 

 

4.2 Experimental setup and measurement 

The acoustic pixel array was tested in an anechoic chamber. Figure 5(b) shows the experimental 

setup for the acoustic measurements. To measure the directivity at all frequencies within the fre-

quency range of interest, we measured the frequency response for every 2 degrees using an automatic 

precision turntable (LT360EX, LinearX) synchronized with the acoustic analyser (CLIO fw11, Au-

diomatica). A logarithmic chirp signal was used for driving pixels, which was amplified by an am-

plifier (CLIO QCBox Model V, Audiomatica). The distance between the acoustic pixel array and the 

(a) (b) 

microphone array 

Turntable 

D = 50 

cm 

(b) (a) 
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microphone (MIC-02, Audiomatica) was configured as 0.5 m, considering the Rayleigh distance of 

the given array size.  

When the nonlinear behaviour of TA transducers is considered, only the 2nd harmonic signal in 

the log-chirp measurement is relevant to the input signal. For this reason, we extracted and examined 

the second order harmonic component by applying a temporal window to the measured impulse re-

sponse.  Regarding the maximum allowable input power per unit area of a TA transducer [11, 16], 

the input power to each pixel is controlled. Through a series of experiments, we found that each pixel 

can withstand maximum input power up to 0.3W on average. The array hence can handle 20.4W in 

total.  

As discussed in section 2.2, the sound pressure of a TA transducer is directly proportional to the 

input power (equation (4)). Using this relation, we converted magnitudes of all measured responses 

to equivalent outputs corresponding to 1W input power. 

4.3 Size dependency of a single pixel 

Prior to measuring the array’s response, we tested the size dependency of SPL produced by a single 

CNT pixel. To this end, we fabricated two pixels of different sizes (Figure 4(a)). The sizes of small 

and large samples are 2.54 mm3.00 mm and 30 mm50 mm, respectively. The measured fre-

quency responses of both samples, converted into responses for the 1W input power, are shown in 

Figure 4(b). It can be seen that SPL difference between two samples is less than 2dB, which ensures 

that the SPL of a CNT pixel is not significantly influenced by its size.  

4.4 Comparison of measured beampatterns 

The simulated and measured beampatterns at different frequencies are compared in Figures 6-8. 

Each beampattern is normalized by the sound pressure on the beam axis. We compared the perfor-

mance by two measures: maximum sidelobe level (MSL) and half-power beamwidth 
hpbw . The max-

imum difference in MSLs between the simulation and experiment is 4.5 dB, and the maximum error 

in 
hpbw is 4 degrees. This result shows that the proposed method can reproduce a designated 

beampattern with an acceptable amount of errors. The major source of these errors is suspected to be 

the unidentical resistances across individual pixels.  

   One possible problem of the proposed technique is a loss of efficiency, because much of its input 

power is consumed for the evanescent components that do not propagate to the far-field. To check 

this possibility, we compared two on-axis SPLs generated by the spatial DSM and uniform excitation 

(Figure 9). It is turned out that the Dolph-Chebyshev array shows higher on-axis pressure (Figure 

9(a)). This is suspected due to the higher side lobes of the uniform excitation, which is not small 

compared to the evanescent waves of spatial DSM. In the simulation, on-axis beam powers of both 

arrays are almost the same (Figure 9(b)), so the on-axis pressure with respect to the same input power 

is not much degraded compared to the uniformly excited arrays.  

 

 

Figure 6: Simulated and measured beampatterns at 5kHz. (a) Simulated beampattern: MSL 20dB  , 

20
hpbw

   . (b) Measured beampattern: MSL 15.8dB  , 24
hpbw

   . 

(b) (a) 
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Figure 7: Simulated and measured beampatterns at 6.5kHz. (a) Simulated beampattern: MSL 20dB  , 

15.4
hpbw
   . (b) Measured beampattern: MSL 15.5dB  , 18

hpbw
    

 

Figure 8: Simulated and measured beampatterns at 8.44kHz. (a) Simulated beampattern: MSL 20dB  , 

11.9
hpbw
   . (b) Measured beampattern: MSL 17.6dB  , 14

hpbw
   . 

 

 

Figure 9: Efficiency comparison test. (a) On-axis pressure of uniform excitation array and  

Dolph-Chebyshev array after DSM. (b) Wavenumber spectrum of both arrays. 

5. Conclusion 

We proposed and validated a method to control a beampattern through on/off switching of acoustic 

pixels. The spatial DSM was introduced to obtain a binary spatial excitation function, and thermo-

acoustic CNT loudspeakers were fabricated to implement small acoustic pixels. From simulations 

and experiments, it has been shown that the proposed method can produce the designated beampattern 

with an acceptable error. The proposed method can reduce the complexity and system construction 

cost by removing the multi-channel system. The proposed structure by itself is not adequate for steer-

ing a beampattern, which requires extra delays in the signal processing chain. Nevertheless, the sim-

ple structure enables shaping of beampatterns into various shapes just by on/off switching. Due to its 

simplicity, the proposed technique can be extended and combined with various space-time structures 

to enable more comprehensive control of beampatterns.  

(b) (a) 

(b) (a) 

(a) (b) 
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