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ABSTRACT 

In this paper, we propose a beam-forming speaker based on digitally direct driven speaker system (digital-SP); the 
proposed speaker employs multibit delta-sigma modulation in addition to a line speaker array and a delay circuit. 
The proposed speaker can be realized only by D flip-flops and digital-SP. Delay elements are introduced between 
the mismatch shaper and sub-loudspeakers, and beam-forming is realized without degradation of the noise shaping 
performance of the multibit DSM. By using a small amount of additional hardware, we can easily control the sound 
direction. If a beam-forming speaker can be driven digitally, all processes can be performed digitally without the use 
of analog components such as power amplifiers, and a small, light, high-quality speaker system can be realized. The 
prototype is constructed using an FPGA, CMOS drivers, and a line speaker array.  The effectiveness has been 
confirmed by using measurement data. A gain of 8 dB or more is measured relative to the normal digital speaker 
system.  And an attenuation of 14.7dB for 40° direction is measured.  
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1. INTRODUCTION 

A beam-forming speaker is required in various 
applications. Some applications require one speaker 
box, while some others two or more speaker boxes  
wirings are needed such as a 5.1 home theater system 
require two or more speakers. Moreover, it is possible to 
watch television at an arbitrary position if the beam-
forming speaker is used. Hence, a low-cost beam-
forming speaker would be useful for such uses. Most of 
the audio systems are realized by using a digital system 
because audio signals recorded in storage media such as 
CDs and DVDs are in the form of digital data. However, 
a loudspeaker is an analog device. The digital audio 
signals are converted into analog signals by a digital-to-
analog converter (DAC). The loudspeaker is driven by a 
heavy analog amplifier connected to the DAC. As 
compared to the components of a digital circuit, analog 
devices are usually large in size on the circuit scale and 
are also heavy. Hence, class-D amplifiers are becoming 
popular due to their light weight and their ability to 
reduce power dissipation. However, conventional digital 
class-D amplifiers require a clock signal with a 
frequency exceeding 100 MHz. The quantization noise 
in a 1-bit delta-sigma modulator (DSM) employed to 
realize a switching amplifier results in large out-of-band 
noise. Furthermore, the occurrence of distortions is not 
desirable in advanced audio systems.  

Many problems arise when beam-forming is carried out 
in conventional beam-forming systems. Since a delay 
circuit is needed for each speaker, many DACs and 
amplifiers are needed. Therefore, an analog component 
will cause additional problems. 

 If a speaker system can be directly driven by a digital 
signal, the DAC and heavy analog amplifier can be 
eliminated from the audio system [1], [2]. In addition, 
only a delay line followed by output buffers is required 
in beam-forming speakers. At this (127th) AES 
convention, we propose a beam-forming speaker using a 
speaker system (Digital-SP) directly driven by digital 
signals.  

In the proposed system, the bit length of the input 
digital data is reduced by a multibit DSM in order to use 
Digital-SP with few loudspeaker sub-units. By using an 
ON-OFF control circuit, we convert the output binary 
code into a thermometer code in order to drive equal-
weighted loudspeakers sub-units. Moreover, a delay 
circuit is introduced between the mismatch shaper [5] 

and CMOS buffer, in order to add the beam-forming 
function.  

The advantages of the proposed beam-forming speaker 
are as follows. 

• All the electrical systems in the speaker employ 
digital processing (analog circuits are not necessary). 

• The loudspeaker sub-units are driven by ON-OFF 
signals. 

• The power efficiency is high. 

• The effect of nonlinearity of the driven circuit is 
small. 

• Out-of-band noise is reduced by the multibit DSM. 

• The delay circuit can be easily realized. 

• Precise delays can be introduced by using 
oversampling. 

In this study, we propose a novel beam-forming speaker 
using a digital speaker system that can directly drive the 
sub-speaker units. A prototype is constructed using an 
FPGA, CMOS drivers, and a line speaker array, and its 
characteristics are discussed. 
               

2. BEAM-FORMING USING A CONVENTIONAL 
SYSYTEM 

A block diagram of a beam-forming speaker using a 
conventional audio system and a speaker is shown in 
Fig.1 [3], [4]. The PCM signal from a CD is provided as 
the input to the delay circuit. The output PCM signal 
from delay circuit is converted into an analog signal by 
the DAC. Because the amplitude of the converted signal 
is relatively low, it must be increased. The analog signal 
from the DAC is amplified by an analog amplifier. 
Because beam-forming is carried out, the number of 
amplifiers required is the same as the number of 
speakers. The output signal from the speaker that is sent 
through the analog speaker cable is a sound signal. The 
performance requirements of the speaker are listed 
below. 

• The level of distortion should be low. 
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• The signal-to-noise ratio (SNR) should be high. 

• The dynamic range should be high. 

•  The frequency response should be flat over a wide 
frequency range. 

Analog devices such as analog amplifiers are usually 
large in size and heavy. Therefore, if the beam-forming 
speaker can be driven digitally, all the processes from 
the input to the output can be performed digitally. 

3. BEAM-FORMING SPEAKER USING A 
DIGITAL SPEAKER SYSTEM 

A block diagram of the proposed beam-forming speaker 
using the digital speaker system (Fig. 2) is shown in 
Fig.3. The digital data from the CD player, 16-bit LR 
digital data streams, are converted into multibit signals 
by the multibit DSM. The quantization noise caused by 
the reduction in the bit length is shifted towards a higher 
frequency. Therefore, a high SNR, exceeding 98 dB, 
can be achieved. The output data from the DSM is 
converted to equal-weighted signals by a binary to-
thermometer code converter; the signals drive the 
speakers in the array after passing through the CMOS 
buffers. The performance of the speakers should be 
identical in order to reproduce the original signal.  
 

CD Player

Digital

Analog

Delay Delay Delay

DAC DAC DAC

Amplifier Amplifier Amplifier

speaker speaker speaker

16bit PCM

 
 

Figure1: Block diagram of a beam forming speaker 
using conventional system 

However, actual devices exhibit a performance 
mismatch that is caused by a manufacturing error. The 
mismatch degrades the sound quality drastically. For 
example, a sound pressure mismatch of 1% reduces the 
SNR to 40 dB. In order to reduce the degradation, a 
mismatch shaper circuit [5] is introduced between the 
binary-to-thermometer code converter and the CMOS 
buffers. The circuit shifts the noise to a higher 
frequency, beyond the audio frequency range. If the 
mismatch between the speakers is large, a high-order 
mismatch shaper circuit is required. 

The delay circuit, comprising D flip-flops, is introduced 
between the mismatch shaper circuit and the CMOS 
buffers. Beam-forming is achieved by controlling the 
signal delay in each CMOS buffer resulting from this 
delay circuit while simultaneously considering the clock 
frequency and the velocity of sound wave. 

3.1 Mismatch Shaper Circuit 

A block diagram of the mismatch shaper circuit is 
shown in Fig.4. The selection codes, which drive the 
speakers, are determined by arranging the values of the 
filtered selection codes in ascending order so as to 
ensure that they are constant. If the filter is a cascaded 
integrator, high-order mismatch shaping can be realized 
[5].  
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Figure2: Block diagram of a digital speaker system. 
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Figure3: Block diagram of the beam-forming 
speaker using a digital speaker system. 

This is an advanced technique and can be used to shape 
the noise to a higher order; however, a very large 
number of components are required to implement a 
vector quantizer when the number of loudspeaker sub-
units is increased. Nowadays, an advanced high 
integrated CMOS technology allows to utilize the 
mismatch shaper. 
 
3.2 Delay circuit using 1-bit D flip-flops 
 
The delay circuit implemented by using D flip-flops is 
shown in Fig.5. The output of the D flip-flop maintains 
the input signal provided at the time of a particular edge 
of the clock input. 
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Filter

Filter
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Delay
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Figure4: Block diagram of Mismatch sharper circuit. 
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Figure5: Circuit diagram of delay circuit using D flip-
flops. 

 

Delay circuits that control the phase of signals help in 
realizing the beam-forming function; the use of these 
circuits involves the consideration of the characteristics 
of the speaker array, speed of sound, distance from 
loudspeaker sub-units to listening position, etc. It is 
unquestionable for hearing at the position in which the 
beam is turned. Because different signals are generated 
by the line speaker array, according to the principle of 
digital speakers, the noise caused by the use of many 
speakers degrades the sound quality in directions other 
than the direction in which the speaker is directed. 
However, in the proposed speaker, the sound quality is 
not deteriorated because of the mismatch shaper 
between the delay circuit and speaker, which can reduce 
the noise caused by the delay circuit. Moreover, a one-
bit delay circuit is good enough because the bit length of 
the output of the mismatch shaper is one bit. In contrast, 
a 16-bit delay circuit is required in conventional 
speakers since the delay circuit delays the PCM code 
from the CD player. 
 
3.3 CMOS Buffer 

 
The output of the delay circuit drives the CMOS buffer, 
which amplifies the output voltage swing of the speaker 
unit. The driver circuit can be simply realized by using 
CMOS inverters. The structure of the CMOS buffer and 
the connection diagram of the delay circuit are shown in 
Fig.6. 
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Figure6: Circuit diagram of CMOS buffer. 

 

3.4 Theory of line array 

The sound wave radiated by speaker arrays broaden to 
vertical direction. The acoustic pressure of the line 
speaker array as observed by an observer is attenuated 
by 3 dB when the distance of the observer from the 
speaker is doubled, while that of a normal speaker is 
attenuated by 6 dB. In a word, the acoustic pressure 
attenuation in the case of the line speaker array is half of 
that in the case of the normal speaker. In this research, 
the line speaker array in Fig.7 is used because its 
characteristics are suitable for beam-forming.  
 

Distance A

Distance A×２

Radiating area A×２

Radiating area A

 
 

Figure7: Theory of line speaker arrays. 
 

 
 

Figure8: Photograph of line speaker arrays. 

There are eight speakers attached to the array speaker, 
and hence, the mismatch shaper shapes the noise 
resulting from the mismatch among the eight speakers. 
The line speaker array is shown in Fig.8. The delay time 
for each speaker is determined by the number of D flip-
flops, which can control the beam-forming direction. 
The direction of the main beam is in front of the wave 
surface determined by the delay time. 

 

4 EXPERIMENTAL RESULT 

The prototype speaker is constructed by using an FPGA 
board, CMOS inverters, and a line speaker array, which 
are connected to a CD player through SPDIF. A block 
diagram of the prototype is shown in Fig.9. Digital 
audio data from the CD player is converted into 16-bit 
LR channel PCM data, which is inputted to an 
interpolation digital filter in order to increase sampling 
frequency of the data and attenuate an image signal. The 
upsampled signal is inputted to a 9-level DSM, so that 
the output bit length is reduced to 4 bits (9 levels) for 
driving the line speaker array.  

CD Player SPDIF Digital Filter

FPGA Board
Driver

(CMOS Buffer)
Line Speaker 

Array
 

 

Figure9: Block diagram of the prototype of a beam-
forming speaker. 
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Figure10: Photograph of the prototype board 
 

The outputs of the mismatch shaper circuit are 
connected to the delay circuit in order to control the 
beam-forming characteristics. In addition to the DSM, a 
mismatch shaper circuit and delay circuit are 
programmed in the FPGA. The CMOS buffer is 
implemented along with inverters. Furthermore, since 
the output signal from delay circuit is an ON-OFF 
signal, it is possible to amplify it using the CMOS 
buffer. A photograph of the prototype system excluding 
the line speaker array is shown in Fig.10. A distance 
between loudspeaker sub-units is 8.5 cm.  

The effectiveness of the proposed beam-forming 
speaker system is tested by this prototype system. The 
test system is shown in Fig.11. Programs for carrying 
out beam-forming such that the beam is concentrated at 
a distance of 1 m in front of the speaker array and at 45° 
to the array are loaded to the FPGA board. These beams 
are hereafter referred to as “0° beam” and “45° beam,” 
respectively.  The distance of the speaker array and 
microphone is 1 m.  
 

CD Player DUT Mic
Audio 

InterFace
PC

 
 

Figure11: Block diagram of the measurement system 

Sinusoidal signals of 125 Hz, 1 kHz, and 8 kHz are 
inputted to the FPGA board in this experiment. In the 
output stage, a sound signal is outputted from the line 
speaker array, and the directional pattern is determined 
by the PC.  

The results obtained are shown in Figs.12, 13, and 14. 
These figures show the beam-forming characteristics of 
the 0° and 45° beams. The sound pressure of the beam-
forming 45° at 45° direction is 8dB higher than normal 
mode (1 kHz). The sound pressure of the beam forming 
concentration in front of speaker array at 0° direction is 
5dB higher than normal mode, and at 40° direction is 
14.7dB lower than 0° direction (1 kHz). Thus the beam-
forming can control the sound wave direction, which 
can control a listening position. The proposed beam-
forming system has several merits: 

• Delay circuit can be easily realized. 

• Beam-forming pattern can be easily controlled. 

• The loudspeaker sub-units can be digitally driven. 

• Since the loudspeaker sub-units are driven by ON-
OFF signals, the power efficiency is high. 

• Since the loudspeaker sub-units are driven by ON-
OFF signals, the nonlinearity of the loudspeaker sub-
units can be reduced. 

• The sound pressure can be increased by using several 
loudspeaker sub-units 

• No additional amplifier and DAC are required. 
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Figure13: Polar pattern (input 125Hz sine wave) 
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Figure14: Polar pattern (input 1-kHz sine wave) 
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Figure15: Polar pattern (input 8-kHz sine wave) 
 
 

5 CONCLUSION 

A novel beam-forming speaker using Digital-SP is 
proposed. The speaker comprises a line speaker array 
and a delay circuit and is directly driven by digital 
signals. The effectiveness of the proposed beam-
forming speaker is confirmed by the data obtained using 
a prototype beam-forming system. The beam-forming 
function is confirmed by experimental results. A gain of 
8 dB or more is measured relative to the normal digital 
speaker system. The theater system needs two or more 
rear speakers and complex wirings now. However, 
using the method proposed in this study, a home theater 
system can easily be realized with one speaker box and 
without analog circuits. 
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