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Description

Field of the Invention

[0001] The present invention relates to a method and device for channel equalization and beam controlling, particularly
to a method and device of channel equalization and beam controlling for a digital speaker array system.

Description of the Related Art

[0002] With the rapid development of the large scale integrated circuit and the digital technology, the inherent defects
of the conventional analog speaker system are becoming more and more obvious in power dissipation, volume and
weight, as well as in the transmission, storage, and processing of signals and the like. In order to overcome these defects,
the research and development of the speaker system is gradually heading for the low power dissipation, small outline,
digitization and integration. As the emergence of the class-AD digital power amplifier based on PWM modulation, the
digitization course of the speaker system has been advanced to the power amplifier part, however, the high quality
inductors and capacitors of big volume and high price are still required for the post-stage circuit of the digital power
amplifier to passively simulate low-pass filtering to eliminate high frequency carrier components, so as to further demod-
ulate the original analog signals.
[0003] In order to decrease the volume and cost of the digital power amplifier and achieve more integration, US patents
US 20060049889A1 and US 20090161880A1 disclose digital speaker systems based on PWM modulation and class-
BD power amplification technology. However, there exist two significant disadvantages in the digital speaker systems
based on PWM modulation: (1) the coding scheme based on PWM modulation has inherent nonlinear defects due to
modulation structure thereof, making the coded signals generate nonlinear distortion components in the desired band,
while if a further linearization means is employed to improve it, the realization difficulty and complexity of the modulation
manner will rise sharply; (2) Considering the realization difficulty of hardware, the over-sampling rate of the PWM mod-
ulation is low, generally in the frequency range of 200 KHz ∼ 400 KHz, making SNR (Signal to Noise Ratio) of the coded
signals can not be further increased due to the limitation of the over-sampling rate.
[0004] Considering the defects of nonlinear distortion and the low over-sampling rate of PWM modulation technique
in digital speaker system implementation, with the all-digital demand of the whole transmission link of signals, the china
patent CN 101803401A discloses a digital speaker system based on multi-bit Σ-Δ modulation. In such a system, the
high-bit PCM code is converted into unary code vector as a control vector for controlling the on-off action of the speaker
array, by multi-bit Σ-Δ modulation and thermometer coding techniques, and the high-order harmonic components of the
spatial domain synthetic signals arisen from frequency response difference between array elements are eliminated by
dynamic mismatch shaping technique; though the system disclosed in the patent realizes the all-digitalization of the
whole transmission link of signals, and reduces the total harmonic distortion ratio of the spatial domain synthetic signals
by dynamic mismatch shaping technique, however, the dynamic mismatch shaping technique does not have equalization
effect on the frequency response fluctuation in audio band of channel, thus, a great deviation between the system
restoration signal spectrum and the sound source signal real spectrum is caused by the frequency response fluctuation
in band of each channel, thus there is a great difference between the restoration sound field and the real sound field,
making the digital replay system can not reproduce the real sound field effect of the original sound source. Additionally,
this frequency response fluctuation in band of each channel also causes the lower stability and slower convergence rate
of various self-adaptive array beam-forming algorithms, thereby leading to the robustness of the self-adaptive array
beam-forming algorithms becoming poor.
[0005] Now the beam steering method based on the channel delay regulation disclosed in china patent CN 101803401A
is a simple method of beam-forming, which only regulates the phase information of the transmission signals of each
channel of array, without considering the magnitude regulation of transmission signals of each channel. The beam control
ability provided in the method is weak, and a certain beam steering ability is provided only in the environment adjacent
to free field in the method, in some cases, such method based on delay control can not accomplish the steering control
of multiple beams, when it is needed for the digital system to generate multiple directional beams. Further, in practical
application, there are generally many scattering boundaries, this makes the transmitted signals contain a lot of multi-
path scattering signals besides the direct sound. In such reverberant environment of obvious multi-path scattering, the
better beam directional control can not be achieved only relying on the steering method of channel delay control. Con-
sequently, considering the problem of beam directional control of digital speaker array in reverberant environment, it is
needed to look for a forming method of complicated beam having the anti-reverberation ability, to simultaneously regulate
the magnitude and phase of the transmission signals of each channel, thus achieving the desired control effect of sound
field.
[0006] Currently, almost all the digital array systems based on multi-bit Σ-Δ modulation rely on the mismatch-shaping
technique to eliminate the frequency response difference between multiple channels, however, such correction method
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for frequency response difference of channels only adapts to the correction of a little frequency response deviation, and
the ability to correct phase deviation of which is quite weak. In addition, the mismatch-shaping technique has no equal-
ization effect on the frequency response fluctuation in band of each channel, while the frequency response fluctuation
of these channels would bring into the timbre ingredient variation of the restoration sound field, thus it isdifficult to ensure
the full recovery of the sound field. The beam controlling method employed in the conventional digital speaker arrays is
a simple method of channel delay control, and such method only adapts to the ideal environment of free sound field,
the method will not be suitable when a lot of multi-path interferences emerge in sound field due to reflection or scattering.
In some applications, the method based on delay control can not achieve the sound field control effect of multiple beams,
when it is needed for the arrays to generate multiple directional beams.
[0007] US patent application US2011/0002264 discloses a digital-to-analog converter (DAC) including a mismatch
shaping feedback vector quantizer configured to store state information in expanded format using One-Hot Encoding of
a matrix. The expanded state format storage enables implementation of a simplified state sorter for the vector feedback
mechanism of the vector quantizer. The simplified state sorter may minimize the variance of ones (or other symbols
representing state values) in the matrix, and allow performing sorting in a reduced number of clock cycles. For example,
sorting may be performed on a predetermined edge of single clock cycle, or on two edges of the same clock cycle. The
matrix may be normalized periodically or as needed, to avoid overflow and underflow. The DAC may be used as a
quantizer of a modulator of an access terminal in a cellular communication system.
[0008] Considering the defects of the existing digital speaker array system based on multi-bit Σ-Δ modulation in channel
equalization and beam controlling, a more effective method of channel equalization and beam controlling is needed to
satisfy the application demand of digital speaker array system based on Σ-Δ modulation in frequency band flatness and
beam directivity, and it is necessary to further make a digital speaker array system device having channel equalization
and beam controlling functionalities.

Summary of the Invention

[0009] In order to overcome the defects of digital speaker system in channel equalization, the present invention provides
a method of channel equalization and beam controlling for a digital speaker array system, as well as a digital speaker
system device having channel equalization and beam controlling functionalities.
[0010] For the foregoing purpose, the invention provides a method of channel equalization and beam controlling for
a digital speaker array system as defined in claim 1.
[0011] Further, the digital format conversion in step (a) can be directed to analog and digital signals. For the analog
signals, the signals should be converted into digital signals based on PCM coding by analog-to-digital conversion, before
being converted into PCM coded signals meeting the requirements of parameters according to designated bit-width and
parameter demand of sampling rate. For the digital signals, the signals are converted into PCM coded signals meeting
the requirements of parameters according to designated bit-width and parameter demand of sampling rate.
[0012] Preferably, for the channel equalization processing in step (b), the parameters of the equalizer can be achieved
according to measuring method. Provided that the number of elements is N, the quantity of measuring points in desired
location is M, and the elements emit the white noise signals s(t), the impulse response hi,j from the element channel to
the desired measuring location point can be calculated by obtaining received signals r(t) in the measuring point, wherein
i represents the index number of the element No. i, and j represents the index number of the measuring point No. j in
desired region.
[0013] Provided that all impulse responses hi,j|1≤j≤M from the element No. i to all measuring points have been calculated,

then the average impulse response  from the element No. i to the desired region can be obtained by

a weighted fitting method, wherein wj represents the weighted vector of frequency response from the element No. i to

the measuring point No. j. Then the inverse filter response  of the average impulse response hi can be calculated

according to the estimation algorithm of inverse filter. Finally, the convolution result of the average impulse response h1

from the first element to the desired location and the inverse filter response thereof h1
-1 is selected as the reference

vector hr = h1*h1
-1, then the inverse filter response hi

-1 (2 ≤ i ≤ N) of the residual element channels is compensated by

setting the compensation factor hc, the convolution result hi,r = hi * hi,c
-1 of the compensation result hi,c

-1 = hc * hi
1 and

the average impulse response hi completely equals to the reference vector hr, thereby obtaining the response vector of

the equalizer as follows: 
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[0014] Further, for the beam-forming control in step (c), the channel weight coefficient of the beam-former can be
calculated by a normal method of beam-forming. Provided that the number of the array elements is N, the steering vector
of spatial domain thereof is: 

[0015] The desired beam configuration of the spatial domain is: 

[0016] Provided that the array weight coefficient vector to be calculated is w = [w1 w2 ··· wN]T, then the calculation
formula of the array weight coefficient can be obtained by least square criterion as follows: 

[0017] The transmission signals of each channel are regulated in magnitude and phase by utilizing the array weighted
vector, thereby steering the spatial domain emitting acoustic beam of the array to the desired region.
[0018] Further, the process of multi-bit Σ-Δ modulation in step (d) is as follows: firstly the high-bit PCM codes after
equalization processing are subjected to interpolation filtering by an interpolation filter in terms of the designated over-
sampling factor, to obtain over-sampling PCM coded signals; and then the noise energy within audio bandwidth is pushed
out of the audio band by the Σ-Δ modulation processing, to ensure the system has high enough SNR in band. While the
original high-bit PCM codes are converted into low-bit PCM codes by the Σ-Δ modulation processing, and the bit number
of the PCM codes thereof is reduced.
[0019] Preferably, the multi-bit Σ-Δ modulation in step (d) performs the noise shaping processing on the over-sampling
signals output from the interpolation filter by utilizing various existing Σ-Δ modulation methods, such as Higher-Order
Single-Stage serial modulation method or Multi-Stage (Cascade, MASH) parallel modulation method, to push the noise
energy out of band and further ensure the system has high enough SNR in band.
[0020] Further, the thermometer code conversion in step (e) is to convert the low-bit PCM coded signals with a width
of M into unary code vectors of digital power amplifier and transducer load corresponding to 2M transmission channels.
The code of each digit of the unary code vectors will be sent to the corresponding digital channel. The code of each digit
has two level states of "0" or "1" at any time, wherein on the "0" state the transducer load will be turned off while on the
"1" state the transducer load will be turned on. The thermometer coding operation is to assign the coded information to
multiple transducer load channels, thereby bringing the transducer load to the signal coding flow, and achieving the
digital coding and digital switch control of the transducer array. Further, the dynamic mismatch-shaping processing in
step (f) is to reorder the thermometer coded vectors, to further optimize the data allocation scheme of the unary code
vectors and eliminate the nonlinear high-order harmonic distortion components of the spatial domain synthetic signals
arisen from the frequency response difference between array elements.
[0021] Further, the dynamic mismatch-shaping in step (f) shapes the nonlinear harmonic distortion spectrum arisen
from the frequency response difference between array elements, by utilizing various existing shaping algorithms such
as DWA (Data-Weighted Averaging), VFMS (Vector-Feedback mismatch-shaping) and TSMS (Tree-Structure mismatch
shaping) algorithms, to reduce the magnitude of the harmonic distortion in band and push the power to the high frequency
section out of band, thereby reducing the magnitude of harmonic distortion in band and improving the sound quality of
the Σ-Δ coded signals.
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[0022] Further, the information extraction in step (g) refers to performing the coded information distribution operation
to each channel, and the process of signals processing is as follows: firstly the dynamic mismatch shaper of each channel
performs the dynamic mismatch-shaping processing to obtain reordered shaping vectors, and then a designated digit
code is selected from the 2M digits of the shaping vector of each channel according to a certain extraction selection
criterion. To ensure complete restoration of the information, the number of the digit selected of one channel should be
different from that of other channels, and all the digit order numbers selected of all 2M channels completely contain the
digit order of 1 to 2M.
[0023] During the course of selecting operation in channel information extraction, generally the digit selection is carried
out by a simple rule, i.e., in No. i channel, No. i digit coded information is selected from the shaping vectors thereof.
After the selection and combination of the bits of the channels, the equalization and beam weighted processing preset
in the multiple array element channels is succeeded effectively, thereby providing an effective realization way for the
equalization and directivity controlling of the digital array.
[0024] Preferably, the sending in step (7) can be to a digital speaker array comprising multiple speaker units, or a
speaker unit having multiple voice-coil windings, or alternatively a digital speaker array comprising a plurality of speaker
units of multiple voice-coils.
[0025] The present invention also provides a digital speaker array system having channel equalization and beam
controlling functionalities as defined in claim 13.
[0026] Further, the sound source can be analog signals generated by various analog devices or digital coded signals
generated by various digital devices. Preferably, the digital converter which can be compatible with the existing digital
interface formats, may contain analog-to-digital converter, digital interface circuits such as USB, LAN, COM and the like,
and interface protocol programs. Via the interface circuits and protocol programs, the digital speaker array system can
interact and transmit information with other devices flexibly and conveniently. Meanwhile, the original input analog signals
or digital sound source signals are converted into high-bit PCM coded signals with a bit-width of N and a sampling rate
of fs by the processing of the digital converter. Further, the channel equalizer can perform equalization processing in
terms of the response parameters of inverse filtering in time domain or frequency domain, and eliminate the frequency
response fluctuation in band of each channel, while the frequency response difference of each channel can be corrected,
thus making the frequency response difference of each channel tend towards consistency.
[0027] Further, the beam-former performs weighted processing on the transmitted signals of each channel by utilizing
the designed weighted vectors, to regulate the magnitude and phase information thereof, thereby making the spatial
domain pattern of digital array in a complicated environment meet the desired design demand.
[0028] Preferably, the process of signal processing of the Σ-Δ modulator is as follows: at first the PCM coded signals
with a bit-width of N and a sampling rate of fs are subjected to over-sampling interpolation filtering in terms of the over-
sampling factor mo to obtain the PCM coded signals with a bit-width of N and a sampling rate of mofs, and then the over-
sampling PCM coded signals with a bit-width of N are converted into low-bit PCM coded signals with a bit-width of
M(M<N), thereby reducing the bit-width of the PCM coded signals.
[0029] Further, the Σ-Δ modulator can perform noise shaping processing on the over-sampling signals output from
the interpolation filter, according to the signal processing structures of various existing Σ-Δ modulators, such as higher-
order single-stage serial modulator structure or multi-stage parallel modulator structure, and push the noise energy out
of band, to ensure the system has high enough SNR in band.
[0030] Preferably, the thermometer coder is used for converting the low-bit PCM coded signals with a bit-width of M
into unary code signal vector of the digital amplifier and transducer load corresponding to 2M channels. The coded
information of each digit of the unary code vector is assigned to a corresponding digital channel, to bring the transducer
load into the signal coding flow, thereby achieving digital coding and digital switch controlling for the transducer load.
[0031] Further, the dynamic mismatch shaper utilizes various existing shaping algorithms such as DWA (Data-Weight-
ed Averaging), VFMS (Vector-Feedback mismatch-shaping) and TSMS (Tree-Structure mismatch shaping) algorithms
to shape the nonlinear harmonic distortion spectrum arisen from the frequency response difference between array
elements, to reduce the magnitude of the harmonic distortion components in band and push the power to the high
frequency section out of band, thereby reducing the magnitude of harmonic distortion and improving the sound quality
of the Σ-Δ coded signals. Preferably, the extraction selector extracts according to a certain extraction rule the information
of one digit from the shaping vectors of each channel of 2M digital channels as the output coded information of the
corresponding channel, for controlling the on/off action of post-stage transducer load. After the bit extraction and merging
operation of the extraction selector, the operation of the equalizer response and channel directivity weighting vectors of
the original multiple channels is achieved effectively, that ensures frequency response flatness of the digital array and
controllability of the beam direction. Further, the multi-channel digital power amplifier send the switch signals output
from the extraction selector to the MOSFET grid end of a full-bridge power amplification circuit. The on/off status of the
circuit from the power source to load can be controlled by controlling the on/ff status of the MOSFET, thereby achieving
the power amplification of the digital load.
[0032] Preferably, the digital array load can be a digital array comprising multiple speaker units, or a speaker unit of
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multiple voice-coils, or alternatively be a speaker array comprising speakers of multiple voice-coils. Each digital channel
of the digital load may comprise one or more speaker units, or one or more voice-coils, or alternatively comprises multiple
voice-coils and multiple speaker units. The array configuration of the digital load can be arranged according to the
quantity of transducer units and the practical application demand, to form various array configurations.
[0033] The present invention has following advantages over the prior art:

A. The invention achieves the all-digitalization of the whole signal transmission link, the whole system of the invention
consists of digital devices and thus facilitates to designing the integrated circuit highly, and the invention improves
the work stability of the system, as well as decreases the power dissipation, volume and weight of the system. Also,
the digital speaker array system provided in the invention can achieve data interchange with other digital system
devices flexibly and conveniently, and can adapt to the digitization development demand better.
B. The multi-bit Σ-Δ modulation employed in the invention pushes the noise power to high frequency region out of
band by noise shaping, thereby ensuring the demand of high SNR in band. The hardware realization circuits of this
modulation technique are simple and low-priced, and have excellent immunity to the parameter deviations caused
in the manufacturing process of the circuit elements.
C. The all-digital system of the invention has great anti-interference ability, and can work stably in the complicated
environment of electromagnetic interference.
D. The dynamic mismatch shaping algorithm utilized in the invention can eliminate effectively the magnitude of the
nonlinear harmonic distortion arisen from the frequency response difference between array elements and improve
the sound quality of the system, therefore, the system of the invention has excellent immunity to the frequency
response deviation between the transducer units.
E. The thermometer coding method applied in the invention can allocate corresponding unary code signals to each
transducer unit, making each speaker unit (or each voice-coil) works in on/off status, while such alternative working
status of on/off can avoid the overload distortion phenomenon of each speaker unit (or each voice-coil), thereby
extending the lifetime of each speaker unit (or each voice-coil). Furthermore, the transducer can achieve higher
electro-acoustic transforming efficiency and generate less heat by utilizing the on/off working way.
F. The digital power amplifying circuit applied in the invention sends the amplified switch signals to speaker and
further control the on/off action of the speaker, without adding any inductors and capacitors of great volume and
high-priced in the post-stage circuit of the digital power amplifier for the analog low-pass processing, thus decreasing
the volume and cost of the system. Further, for the piezoelectric transducer load with capacitive characteristic,
generally it is needed to add inductor for the impedance matching to increase the output acoustic power of the
piezoelectric speaker, and the impedance matching effect of applying digital signals to transducer end is superior
to the same of applying analog signals to transducer end.
G. The thermometer coding scheme utilized in the invention makes the allocated unary code signals of each set of
array elements only contain part information of the original sound source signals, thus, the sound source information
cannot be completely restored simply relying on the emitted information from single set of array elements, therefore,
the full restoration of the sound source information can be achieved only by combining the synthetic effects of the
spatial domain emitting sound field of all sets of array elements. Further, the restored information obtained by the
above combining way has spatial domain directivity and has the maximum SNR in the symmetry axis of array, and
the SNR reduces as the distance to the axis increasing.
H. The channel equalization method of the invention can keep the frequency response in band flat and correct the
frequency response difference between channels; this makes the sound source signal spectrum restored by system
and the real spectrum of the original sound source signal tend awards consistency, thereby ensuring the digital
replay system truly reproduces the sound field effect of the original sound source. Meanwhile, the flatness of the
frequency response in band of each channel and the consistency of the frequency response in band between
channels resulted from the method provides a favorable support for the better stability, the higher convergence rate
and the better robustness of various self-adaptive algorithms.
I. The channel equalization method based on data extraction selection provided in the invention can efficiently
suppress the frequency response fluctuation of each channel and improve the restoration quality of the sound field
of the digital system, as well as eliminate the great frequency response difference between channels, therefore, the
frequency response difference between channels can be compensated in a great degree after the multi-channel
equalization processing, and only a few residual deviations remain, while these residual deviations can be further
efficiently corrected relying on the mismatch shaping algorithm, thereby making the ability of mismatch shaping
algorithm to eliminate a few deviations can be brought into full play. The frequency response difference of array
elements can be corrected efficiently via the channel equalization processing, thereby ensuring the various array
beam controlling algorithms based on the coherent accumulation of array element channels can work efficiently.
Such method of digital array beam-forming based on data extraction selection can efficiently improve the ability of
the digital arrays to control the spatial sound field in complicated environment.
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J. The beam controlling method applied in the invention ensures that the digital speaker array has better beam
directivity in complicated environment, via the information combination way of extraction selection, the normal beam
controlling method can be applied efficiently in the beam controlling of the digital array, which provides a effective
implementation way for the generation of the special sound field effects in practical environment, such as 3D stereo
sound field, virtual surround sound field, and directional sound field and the like.
K. In the data extraction selection method, employed in the invention, the conventional channel equalization and
beam-forming algorithms based on PCM coding format can be applied directly in the digital array systems based
on multi-bit Σ-Δ modulation, thereby creating a bridge between the conventional channel equalization and beam
controlling algorithms and the digital array systems based on multi-bit Σ-Δ modulation, and ensuring the conventional
algorithms can continue playing the role of channel equalization and beam steering effectively in array systems
based on Σ-Δ modulation.

Brief Description of the Drawings

[0034]

Figure 1 is a block diagram illustrating the component modules of the digital speaker system device having channel
equalization and beam controlling functionalities, according to the present invention;
Figure 2 is a schematic view illustrating the channel parameter measuring in the process of parameter estimation
of channel equalization, according to the present invention;
Figure 3 is schematic view showing the channel weight vector loading in the process of beam controlling, according
to the present invention;
Figure 4 is schematic view showing the extraction rule utilized in channel information extraction, according to the
present invention;
Figure 5 is a graph illustrating the magnitude spectrums of the inverse filters utilized in the process of channel
equalization, according to one embodiment of the invention;
Figure 6 is a flow chart showing the signal processing of the fifth-order CIFB modulation structure utilized by the Σ-
Δ modulator, according to one embodiment of the invention;
Figure 7 is schematic view illustrating the on-off control of the thermometer coded vector, according to one embod-
iment of the invention;
Figure 8 is a flow chart showing the VFMS mismatch shaping algorithm utilized by the dynamic mismatch shaper,
according to one embodiment of the invention;
Figure 9 is a schematic view showing the extraction rule utilized by the extraction selector, according to one em-
bodiment of the invention;
Figure 10 is a schematic view showing the arrangement of the 8-element speaker array, according to one embodiment
of the invention;
Figure 11 is a schematic view showing the location configuration of the speaker array and the microphone unit,
according to one embodiment of the invention;
Figure 12 is a comparison graph illustrating the magnitude spectrums of the system frequency response before and
after equalization at the location point of one meter away from the array axis, according to one embodiment of the
invention;
Figure 13 is a graph illustrating the beam patterns generated in the three predetermined directions of -60 degree,
0 degree and +30 degree, according to one embodiment of the invention;
Figure 14 shows the values of the parameters utilized by the Σ-Δ modulator, according to one embodiment of the
invention.

Detailed Description of the Invention

[0035] The present invention will be described hereinafter with reference to the appended drawings. It is to be noted,
however, that the drawings illustrate only typical embodiments of this invention and are therefore not to be considered
limiting of its scope, for the invention may admit to other equally effective embodiments.
[0036] In the invention, firstly the sound source signals in the audio-frequency range are converted into high-bit PCM
coded signals with a bit-width of N by a digital conversion interface. Then, the frequency response fluctuation in band
of each channel is eliminated by inverse filtering the digital sound source signals of each channel utilizing the channel
equalization technique, and the frequency response difference between channels is eliminated simultaneously. Subse-
quently, the signals of each channel after equalization is subject to weighted processing by the beam-forming technique,
thereby making the array are directed to the desired spatial direction. And then the high-bit PCM coded signals with a
bit-width of N are converted into low-bit PCM coded signals with a bit-width of M (M<N) by multi-bit Σ-Δ modulation
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technique. Next, the PCM coded signals with a bit-width of M are converted into thermometer coded signals with a bit-
width of 2M by thermometer coding method, thereby forming unary code signals assigned to 2M sets of transducer arrays.
Then the unary code signals allocated to each set of arrays are subjected to dynamic mismatch shaping to eliminate
the high-order harmonic components arisen from the frequency response difference of each set of arrays, and reduce
the all harmonic distortion of the system, as well as improve the sound quality of the system. Then the bit information
of one digit is extracted from the mismatch shaping vectors of each channel and sent to the digital amplifier of the
channel, to form power signal and drive the on/off action of the digital load of the channel, the spatial sound fields emitted
by the digital loads of all channels restore the original signals after superposition in some spatial predetermined region.
[0037] As shown in figure 1, a digital speaker system device having channel equalization and beam controlling func-
tionalities is provided according to the present invention, the main body of which comprises a sound source 1, a digital
converter 2, a channel equalizer 3, a beam-former 4, a Σ-Δ modutator 5, a thermometer coder 6, a dynamic mismatch
shaper 7, a extraction selector 8, a multi-channel digital power amplifier 9 and a digital array load 10 and the like. Wherein
the sound source 1 can use the sound source files in MP3 format stored in the hard discs of PCs and output in digital
format via USB ports, and can use the sound source files stored in MP3 players and output in analog format, and can
also use the test signals in audio-frequency range generated by signal source and output in analog format as well as.
The digital converter 2 is electrically coupled to the output end of the sound source 1, which contains two input interfaces
of digital input format and analog input format. For the digital input format, by utilizing a USB interface chip typed PCM2706
of Ti Company, the files in MP3 format stored in PCs can be read real-time into FPGA chips typed Cyclone III
EP3C80F484C8 through I2S interface protocol via USB port, with a bit-width of 16 and a sampling rate of 44.1 KHz. For
the analog input format, by utilizing a analog-to-digital conversion chip typed AD1877 of Analog Devices Company, the
analog sound source signals can be converted into PCM coded signals with a bit-width of 16 and a sampling rate of
44.1 KHz, and can also be read real-time into FPGA chips through I2S interface protocol.
[0038] The channel equalizer 3 is electrically coupled to output end of the digital converter 2, which calculates the
parameters of inverse filter of each channel by measuring. The magnitude spectrum graphs of inverse filters of channels
1 to 8 are shown in figure 5, the PCM signals after equalization with a bit-width of 16 and a sampling rate of 44.1 KHz
are obtained by performing equalization processing on the channels in terms of the parameters of inverse filters.
[0039] The beam-former 4 is electrically to output end of the channel equalizer 3, which calculates weighted vectors
of the 8-element array according to the desired beam pattern, then loads the calculated weighted vectors to the trans-
mission signals of each array channel by multiplier unit, i.e., the PCM signals after equalization with a bit-width of 16
and a sampling rate of 44.1 KHz, thereby forming the multi-channel PCM signals with orientation weighted regulation.
[0040] The Σ-Δ modulator 5 is electrically coupled to the output end of the beam-former 4, the PCM coded signals of
44.1 KHz, 16-bit are processed with a 3-level up-sampling interpolation inside the FPGA chip, wherein the first level
interpolation factor is 4, and the sampling rate is 176.4 KHz, the second level interpolation factor is 4 and the sampling
rate is 705.6 KHz, while the third level interpolation factor is 2 and the sampling rate further increases to 1411.2 KHz.
After the 32 times interpolating, the original signals of 44.1 KHz, 16-bit are converted into the over-sampling PCM coded
signals of 1.4112 MHz, 16-bit. Then the over-sampling PCM coded signals of 1.4112 MHz, 16-bit are converted into
PCMb coded signals of 1.4112 MHz, 3-bit by 3-bit Σ-Δ modulation. As shown in figure 6, in this embodiment, the Σ-Δ
modulator 5 is provided with a fifth-order CIFB (Cascaded Integrators with Distributed Feedback) topology construction.
The coefficient of the Σ-Δ modulator 5 is shown in table 1. In order to save hardware resource and reduce the realization
cost, the constant multiplication operation is generally substituted by the shift addition operation inside the FPGA chip,
and the parameters of the Σ-Δ modulator are depicted in CSD code.
[0041] The thermometer coder 6 is electrically coupled to the output end of the Σ-Δ modulator 5, which converts the
Σ-Δ modulation signals of 1.4112 MHz, 3-bit into unary codes of 1.4112 MHz, 8-bit by thermometer coding. As shown
in figure 7, when the PCM code of 3-bit is "001" and the converted thermometer code thereof is "00000001", the code
is used for controlling one element being on status and the other 7 elements being off status of the transducer array.
When the PCM code of 3-bit is "100" and the converted thermometer code thereof is "00001111", the code is used for
controlling four elements being on status and the other 4 elements being off status of the transducer array. While when
the PCM code of 3-bit is "111" and the converted thermometer code thereof is "01111111", the code is used for controlling
seven elements being on status and only the residual one element being off status of the transducer array.
[0042] The dynamic mismatch shaper 7 is electrically coupled to the output end of the thermometer coder 6, which is
used for eliminating the nonlinear harmonic distortion components arisen from the frequency difference between array
elements. The dynamic mismatch shaper 7 reorders the 8-bit thermometer codes according to the optimum criteria of
least nonlinear harmonic distortion components, thereby determining the code assigning way to the 8 transducers. As
shown in figure 7, when the thermometer code is"00001111", after the reordering of the dynamic mismatch shaper 7, it
will be determined that the transducer elements 1, 4, 5, 7 are allocated code "1" and the transducer elements 2, 3, 6, 8
are allocated code "0", and thus the transducer elements 1, 4, 5, 7 will be on and the transducer elements 2, 3, 6, 8 will
be off by this assigning way. Performing the on/off control of the transducer array according to the code allocation way
will make the synthesized signals of the sound fields emitted by array contain the least harmonic distortion components.
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In this embodiment, the dynamic mismatch shaper utilizes VFMS (Vector-Feedback mismatch shaping) algorithm, the
process of signal processing is shown in figure 8, wherein the heavy line represents the N dimension vector and the thin
line represents scalar, the input signal V is N dimension code vector processed by the Σ-Δ modulator and the thermometer
coder, in which the code vector contains ν "1" status and N-ν "0" status, and the output signal is N dimension vector
processed by the mismatch shaper, the order of the "1" status and the "0" status of the output vector is adjusted by the
mismatch shaping processing, but the numbers of the "1" status and the "0" status still remain , moreover, each element
of the vectors controls the on/off action of the corresponding channel of array element in array according to the status
thereof. Via certain selection scheme, the unit selection module ensures the error arisen from frequency difference has
better shaping effect on frequency spectrum , wherein - min() module represents selecting the element of minimum
number value from the N dimension vectors and negating it, the scalar element obtained by - min() module operation is
u, and mtf represents the mismatch shaping function, the general form of which is (1- z-1)M and M is the order, the order
of the mismatch shaper utilized in this embodiment is 2-order. According to the flow chart of signal processing of figure
8, the expression of the output vector after mismatch shaping processing is obtained as follows: 

[0043] Wherein se=sv-y. Provided that the N dimension vector ed represents the unconformity error between array
units, and the sum of all elements of ed is 0, then the expression of the output sound signals of array obtained through
the superposition of the output sound field of each array in the any spatial location by the speaker array is as follows: 

[0044] It can be seen from the expression of the output sound signals of array that the shaping function mtf can shape
the array errore

d, and the better shaping effect on the array error ed can be achieved when the better mismatch shaping
function is selected. Within the FPGA chip, the harmonic components existing in the original Σ-Δ coded signals are
pushed to high frequency section out of band, thereby improving the sound quality of the sound source signals in band.
The extraction selector 8 is electrically coupled to the output end of the dynamic mismatch shaper 7, which is used for
extracting the digit from the shaping vectors of each channel to send to the post-stage circuit of the power amplifier and
digital load. As shown in figure 9, each channel generates one unary code vector of 8-element by mismatch shaping
processing, the extraction selector 7 will extract unary code signal of a corresponding digit for each channel as the input
signal of the post-stage digital power amplifier, according to the rule of the ith channel extracting the ith digit of the
shaping vector.
[0045] The multi-channel digital power amplifier 9 is electrically coupled to the output end of the extraction selector 8.
In this embodiment, the digital power amplifier chip is a digital power amplifier chip typed TAS5121 from Ti Company,
the response time of the chip is 100 ns order of magnitude, and the distortionless response of the unary code flow signal
of 1.4112 MHz can be achieved. The differential input format is used in the input end of the power amplifier, one path
of the output data from the dynamic mismatch shaper is output directly and the other path is output inversely, thus
forming two paths of differential signals and sending them to the differential output end of the TAS5121 chip. While the
differential output format is used in the output end of the power amplifier, the two paths of differential signals are applied
to the positive and negative lead wires of the array element channel of single transducer.
[0046] The digital array load 10 is electrically coupled to the output end of the multi-channel digital power amplifier 9.
In this embodiment, the digital load unit is the speaker unit of full frequency band typed B2S produced by HuiWei
Company, the frequency band range of the unit is 270 Hz∼20 KHz, the sensitivity (2.83V/1m) is 79 dB, the maximum
power is 2 W, and the rated impedance is 8 ohm. As shown in figure 10, the digital load 8 is a speaker array of 8-element,
the array comprises 8 said speaker units arranging according to a linear array way, the array elements are at 4 cm
interval, and each speaker unit corresponds to a digital channel.
[0047] In the free space, provided that the arrangement of the speaker array and the microphone unit is shown in
figure 11, according to the simulation experiment method, provided that the swept signals of 100 Hz∼20 KHz are input
into the digital speaker system device, the frequency response characteristic of the system is observed at the location
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point of one meter away from the axis of the speaker array. Figure 12 shows the magnitude spectrum comparative
graphs of the system frequency response at the location point of one meter away from the axis before and after applying
the equalizer, the magnitude spectrum of the system frequency response has an obvious downtrend in the frequency
range of 2 KHz∼20 KHz before applying equalizer, and the magnitude spectrum of the system frequency response
decreases from 65 dB to 45 dB, thus there is 20 dB magnitude difference here. After applying equalizer, the magnitude
spectrum of the system frequency response still maintains 57 dB approximately in the frequency range of 2 KHz∼20
KHz and presents flat spectrum characteristic, thereby ensuring the actual restoration of the synthetic signals of the
system. It can be seen from the result of equalization that the equalizer response information of each channel can be
succeeded effectively by utilizing the multi-channel bit information synthesis way of extraction selection, thereby ensuring
the frequency response flatness of each channel.
[0048] The digital speaker array system based on channel equalization can eliminate effectively the frequency response
fluctuation in audio band of each channel and correct the frequency response difference between channels, and thus
ensures the system has the quite flat time-domain frequency characteristics, thereby ensuring the spectrum of the spatial
synthetic signals of all channels can restore the real spectrum of the original sound source signals and the digital replay
system can reproduce the sound field effect of the original sound source actually. Additionally, eliminating the frequency
response fluctuation in audio band of each channel can ensure various self-adaptive spatial domain array beam-forming
algorithms have the higher convergence rate and the better robustness.
[0049] In the free space, in terms of the speaker array arrangement way as shown in figure 11, the simulation experiment
of array beam controlling can be carried out according to the three predetermined beam main lobe directions of -60
degree, 0 degree and +30 degree, all the array lode width of the three circumstances is set as 20 degree. The spatial
pattern of the array in the three predetermined directions is shown in figure 13, it can be seen from these graphs that
the beam main lobe of the array points at the predetermined direction, the beam width reaches the desired demand,
and the magnitude difference value between the main lobe and side lobe reaches 15 dB. It is known from the result of
these array beam controlling that, utilizing the multi-channel information synthesis way of extraction selecting can succeed
effectively the magnitude and phase adjustment information loaded on each channel by beam-former, thereby achieving
the beam directionality control of array. This digital array beam-forming method based on extraction selecting can
enhance the spatial directional ability of the digital array in complicated environment, and provide a reliable realizing
way for the effect generation of the special sound field of the digital array, such as 3D stereo sound field, virtual surround
sound field and directivity sound field etc.
[0050] It should be stated that the above embodiments are simply intended to illustrate the technical scheme of the
invention, instead of limitation. Although the invention is described in detail with reference to the embodiment, it should
be appreciated by those skilled in the art that any variations or equal replacements of the technical scheme of the
invention are covered within the scope of the invention.

Claims

1. A method of channel equalization and beam controlling for a digital speaker array system, the method comprising
steps of:

(a) digitally converting original signals of each channel into high-bit pulse code modulated (PCM) signals having
a first bit-width (N);
(b) performing inverse filtering of the high-bit PCM signals of each channel using channel equalization to obtain,
for each channel, equalized PCM signals having the first bit-width (N);
(c) applying weighted processing to the equalized PCM signals having the first bit-width (N) of each channel
using beam-forming to obtain, for each channel, beam-formed equalized PCM signals having the first bit-width
(N);
(d) converting the beam-formed equalized PCM signals having the first bit-width (N) into PCM signals having
a second bit-width (M), the second bit-width (M) being less than the first bit-width (N) using multi-bit ∑-Δ mod-
ulation;
(e) converting the PCM signals having the second bit-width (M) into thermometer coded signals having a bit-
width 2M using thermometer code conversion, the thermometer coded signals being assigned to 2M sets of
transducer arrays and corresponding to 2M transmission channels of a digital power amplifier;
(f) applying dynamic mismatch-shaping to the thermometer coded signals assigned to each set of the 2M sets
of transducer arrays to reorder the thermometer coded signals; and
(g) extracting bit information of one digit from the thermometer coded signals of each channel to which the
dynamic mismatch-shaping was applied and sending the extracted bit information to the digital power amplifier.
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2. The method according to claim 1, wherein the original signals to be converted in step (a) are analog signals which
in step (a) are firstly converted into digital signals based on PCM coding by analog-to-digital conversion, and then
are converted in terms of parameter demands of a designated bit-width and a sampling rate into PCM coded signals
meeting the parameter demands.

3. The method according to claim 1, wherein the original signals to be converted in step (a) are digital signals which
in step (a) are converted into PCM coded signals in terms of parameter demands of a designated bit-width and a
sampling rate.

4. The method according to claim 1, wherein the channel equalization in step (b) comprises processing by an equalizer
with parameters obtained by measurement and calculation.

5. The method according to claim 1, wherein the beam-forming in step (c) is controlled by a beam-former with a channel
weight coefficient calculated by a method for beam-forming utilizing a following formula (1): 

wherein, a (θ) represents a spatial domain steering vector and a(θ)=[a1(θ) a2(θ) ··· aN(θ)]T, N represents an elements
number of array, and D(θ) represents a desired spatial domain beam configuration and 

6. The method according to claim 1, wherein the multi-bit ∑-Δ modulation in step (d) comprises performing interpolation
filtering by an interpolation filter on the equalized PCM signals having the first bit-width (N)according to a designated
over-sampling factor, to obtain over-sampled PCM coded signals; and then performing ∑-Δ modulation to push the
noise energy within audio bandwidth out of the audio band, thereby converting the equalized PCM signals having
the first bit-width (N) into the PCM signals having the second bit-width (M).

7. The method according to claim6, wherein the multi-bit ∑-Δ modulation in step (d)comprises applying a noise-shaping
treatment to the over-sampled PCM coded signals to push the noise energy out of the audio band by utilizing either
higher-order single-stage serial modulation method or multi-stage parallel modulation method.

8. The method according to claim 1, wherein a code on each digit of the thermometer coded signals in step (e) is sent
to a corresponding digital channel, the code on each digit having only two level states of "0" or "1" at any time
wherein the transducer load is turned off when on the "0" state and is turned on when on the "1" state.

9. The method according to claim 1, wherein the dynamic mismatch-shaping of step (f) comprises utilizing shaping
algorithms including DWA (Data-weighted Averaging), VFMS (Vector-Feedback mismatch-shaping) and/or TSMS
(Tree-Structure mismatch shaping) to shape a nonlinear harmonic distortion frequency spectrum arisen from fre-
quency response difference between array elements, for reducing the magnitude of harmonic distortion components
in band and pushing the power thereof to the high frequency section out of band.

10. The method according to claim 1, wherein the bit information extraction of step (g) comprises performing a coded
information distribution to each channel in which the signal processing as follows: firstly the dynamic mismatch
shaper of each channel performing the dynamic mismatch shaping to obtain reordered shaping vectors, and then
selecting a designated digit code from the 2M digits of the shaping vector of each channel as the output code of the
channel according to a certain extraction selection rule, wherein in order to ensure the information being restored
completely the number of the digit selected of one channel is different from that of other channels and all the digit
numbers selected of all the 2M channels contain the digit order of 1 to 2M completely.
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11. The method according to claim 10, wherein in the bit information extraction the digit selection is carried out in
accordance with a simple rule of in No. i channel selecting No. i digit coded information from the shaping vector thereof.

12. The method according to claim 1, wherein the bit information extracted in step (g) is used to drive a load, wherein
the load comprises one of a digital speaker array including a plurality of speaker units, a speaker unit having multiple
voice-coil windings, and a digital speaker array containing a plurality of speaker units of multiple voice-coils.

13. A digital speaker array system having channel equalization and beam controlling functionalities, the system com-
prising:

a sound source (1) comprising information to be played by the system;
a digital converter (2) electrically coupled to an output end of the sound source (1), the digital converter (2)
configured for converting (step a) original signals received from the output end of the sound source (1) into
high-bit pulse code modulated (PCM) signals having a first bit-width (N);a channel equalizer (3) electrically
coupled to an output end of the digit converter (2), the channel equalizer (3) configured for performing (step b)
inverse filtering of the high-bit PCM signals of each channel using channel equalization to obtain, for each
channel, equalized PCM signals having the first bit-width (N);
a beam-former (4) electrically coupled to an output end of the channel equalizer (3), the beam-former (4)
configured for applying (step c) weighted processing to the equalized PCM signals having the first bit-width (N)
of each channel using beam-forming to obtain, for each channel, beam-formed equalized PCM signals having
the first bit-width (N);
a ∑-Δ modulator (5) electrically coupled to an output end of the beam-former (4), the ∑-Δ modulator (5) configured
for converting (step d) the beam-formed equalized PCM signals having the first bit-width (N) into PCM signals
having a second bit-width (M), the second bit-width (M) being less than the first bit-width (N) using multi-bit ∑-
Δ modulation;
a thermometer coder (6) electrically coupled to an output end of the ∑-Δ modulator (5), the thermometer coder
(6) configured for converting (step e) the PCM signals having the second bit-width (M) into thermometer coded
signals having a bit-width 2M using thermometer code conversion, the thermometer coded signals being assigned
to 2M sets of transducer arrays and corresponding to 2M transmission channels of a digital power amplifier;
a dynamic mismatch shaper (7) electrically coupled to an output end of the thermometer coder (6), the dynamic
mismatch shaper (7) configured for applying (step f) dynamic mismatch-shaping to the thermometer coded
signals assigned to each set of the 2M sets of transducer arrays to reorder the thermometer coded signals;
an extraction selector (8) electrically coupled to the dynamic mismatch shaper (7), the extraction selector (8)
configured for extracting (step g) bit information of one digit from the thermometer coded signals of each channel
to which the dynamic mismatch-shaping was applied and sending the extracted bit information to the digital
power amplifier and controlling an on/off action of each channel;
a multi-channel digital amplifier (9) electrically coupled to the extraction selector (8), the multi-channel digital
amplifier (9) configured for amplifying power of control coded signals of each channel, and driving an on/off
action of a post-stage digital load; and
a digital array load (10) electrically coupled to an output end of the multi-channel digital amplifier (9), the digital
array load (10) configured for achieving an electro-acoustic conversion and converting the digital electric signals
of switch into air vibration signals in analog format.

14. The system according to claim 13, wherein the sound source (1) comprises analog signals or digital coded signals.

15. The system according to claim 13, wherein the digital converter (2) contains an analog-to-digital converter, digital
interface circuits such as USB, LAN, COM or the like, and an interface protocol program.

16. The system according to claim 13, wherein the channel equalizer (3) is configured to perform equalization processing
in terms of the response parameters of inverse filtering in time domain or frequency domain, to eliminate the frequency
response fluctuation in band of each channel and correct a frequency response difference of the channels.

17. The system according to claim 13, wherein the beam-former (4) is configured to carry out weighted processing to
the transmitted signals of each channel by utilizing the designed weighted vectors, to regulate the magnitude and
phase information thereof.

18. The system according to claim 13, wherein the signal processing of the ∑-Δ modulator (5) comprises:
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first, subjecting the PCM signals having the first bit-width (N) and a sampling rate of fs are subjected to over-
sampling interpolation filtering according to an over-sampling factor mo to obtain the PCM signals having the
first bit-width (N) and a sampling rate of mofs, and
second, converting the PCM signals having the first bit-width (N) and a sampling rate of mofs into the PCM
signals having the second bit-width (M).

19. The system according to claim 13, wherein the ∑-Δ modulator (5) is configured to perform noise shaping on the
over-sampled signals output from the interpolation filter to push the noise energy out of band, in terms of higher-
order single-stage serial modulator structure or multi-stage parallel modulator structure.

20. The system according to claim 13, wherein code information of each digit of the thermometer coded signals is
assigned to a corresponding digital channel to bring the transducer load into the signal coding flow and achieve
digital coding and digital switch control for the transducer load.

21. The system according to claim 13, wherein the dynamic mismatch shaper (7) is configured to utilize shaping algo-
rithms including DWA (Data-weighted Averaging), VFMS (Vector-Feedback mismatch-shaping) and/or TSMS (Tree-
Structure mismatch shaping) to shape the nonlinear harmonic distortion frequency spectrum arisen from the fre-
quency response difference between array elements, to reduce the magnitude of the harmonic distortion components
in band and push the power thereof to the high frequency section out of band, thus reducing the magnitude of the
harmonic distortion in band.

22. The system according to claim 13, wherein the extraction selector (8) is configured to extract according to a certain
extraction rule the information of one digit from shaping vectors of each of 2M digital channels as the output coded
information of the corresponding channel, for controlling an on/off action of a post-stage transducer load.

23. The system according to claim 13, wherein the multi-channel digital amplifier (9) is configured to send the switch
signals output from the extraction selector (8) to the MOSFET grid end of a full-bridge power amplification circuit,
thereby an on/off action of the circuit from power source to load being controlled by the on/off status of MOSFET.

24. The system according to claim 13, wherein the digital array load (10) is a digital array comprising a plurality of
speaker units, each digital channel of which consists of one or more speaker units; or a speaker unit of multiple
voice-coils, each digital channel of which consists of one or more voice-coils; or an array of speakers of multiple
voice-coils, each digital channel of which consists of multiple voice-coils and multiple speaker units.

25. The system according to claim 13 or 24, wherein the array configuration of the digital array load (10) is arranged
according to the quantity of transducer units and the practical application demand.

Patentansprüche

1. Verfahren zur Kanalentzerrung und Strahlsteuerung für ein digitales Lautsprechergruppensystem, wobei das Ver-
fahren die Schritte aufweist:

(a) digitales Umsetzen ursprünglicher Signale jedes Kanals in hochbitformatige pulscodemodulierte (PCM-)Si-
gnale mit einer ersten Bitbreite (N);
(b) Durchführen einer inversen Filterung der Hochbit-PCM-Signale jedes Kanals mittels Kanalentzerrung, um
für jeden Kanal entzerrte PCM-Signale mit der ersten Bitbreite (N) zu gewinnen;
(c) Anwenden einer gewichteten Verarbeitung auf die entzerrten PCM-Signale mit der ersten Bitbreite (N) jedes
Kanals mittels Strahlformung, um für jeden Kanal strahlgeformte entzerrte PCM-Signale mit der ersten Bitbreite
(N) zu gewinnen;
(d) Umsetzen der strahlgeformten entzerrten PCM-Signale mit der ersten Bitbreite (N) in PCM-Signale mit einer
zweiten Bitbreite (M), wobei die zweite Bitbreite (M) kleiner ist als die erste Bitbreite (N), mittels Mehrbit-∑-Δ-
Modulation;
(e) Umsetzen der PCM-Signale mit der zweiten Bitbreite (M) in thermometercodierte Signale mit einer Bitbreite
2M mittels Thermometercode-Umsetzung, wobei die thermometercodierten Signale 2M Sätzen von Wandler-
gruppen zugewiesen werden und 2M Übertragungskanälen eines digitalen Leistungsverstärkers entsprechen;
(f) Anwenden einer dynamischen Fehlanpassungsformung auf die thermometercodierten Signale, die jedem
Satz der 2M Sätze von Wandlergruppen zugewiesen sind, um die thermometercodierten Signale neu zu ordnen;
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und
(g) Extrahieren von Bitinformation einer Digitalstelle aus den thermometercodierten Signalen jedes Kanals, auf
den die dynamische Fehlanpassungsformung angewendet wurde, und Senden der extrahierten Bitinformationen
an den digitalen Leistungsverstärker.

2. Verfahren nach Anspruch 1, wobei die im Schritt (a) umzusetzenden ursprünglichen Signale analoge Signale sind,
die in Schritt (a) zuerst in digitale Signale basierend auf PCM-Codierung durch Analog-Digital-Umsetzung umgesetzt
werden und dann im Hinblick auf Parameteranforderungen einer festgelegten Bitbreite und einer Abtastrate, die die
Parameteranforderungen erfüllt, in PCM-codierte Signale umgesetzt werden.

3. Verfahren nach Anspruch 1, wobei die im Schritt (a) umzusetzenden ursprünglichen Signale digitale Signale sind,
die in Schritt (a) in PCM-codierte Signale im Hinblick auf Parameteranforderungen einer festgelegten Bitbreite und
einer Abtastrate umgesetzt werden.

4. Verfahren nach Anspruch 1, wobei die Kanalentzerrung in Schritt (b) eine Verarbeitung durch einen Entzerrer mit
durch Messung und Berechnung gewonnenen Parametern umfasst.

5. Verfahren nach Anspruch 1, wobei die Strahlformung im Schritt (c) durch einen Strahlformer mit einem Kanalwich-
tungskoeffizienten gesteuert wird, der nach einem Verfahren zur Strahlformung unter Verwendung einer folgenden
Formel (1) berechnet wird: 

wobei a(θ) einen Raumbereichssteuervektor darstellt und 

wobei N die Anzahl von Elementen einer Gruppe darstellt und D(θ) eine gewünschte Raumbereichsstrahlkonfigu-
ration darstellt und 

6. Verfahren nach Anspruch 1, wobei die Mehrbit-∑-Δ-Modulation in Schritt (d) umfasst: Durchführen einer Interpola-
tionsfilterung der entzerrten PCM-Signale mit der ersten Bitbreite (N) mittels eines Interpolationsfilters gemäß einem
festgelegten Überabtastfaktor, um überabgetastete PCM-codierte Signale zu gewinnen; und anschließendes Durch-
führen einer ∑-Δ-Modulation, um die Rauschenergie in der Audiobandbreite aus dem Audioband abzuschieben,
wodurch die entzerrten PCM-Signale mit der ersten Bitbreite (N) in die PCM-Signale mit der zweiten Bitbreite (M)
umgesetzt werden.

7. Verfahren nach Anspruch 6, wobei die Mehrbit-∑-Δ-Modulation in Schritt (d) umfasst: Anwenden einer Rauschfor-
mungsbehandlung der überabgetasteten PCM-codierten Signale, um die Rauschenergie aus dem Audioband unter
Verwendung entweder eines einstufigen seriellen Modulationsverfahrens höherer Ordnung oder eines mehrstufige
parallelen Modulationsverfahrens abzuschieben.

8. Verfahren nach Anspruch 1, wobei ein Code an jeder Digitalstelle der im Schritt (e) thermometercodierten Signale
an einen entsprechenden digitalen Kanal gesendet wird, wobei der Code an jeder Digitalstelle zu jeder Zeit nur zwei
Pegelzustände, nämlich "0" oder "1" hat, wobei die Wandlerlast ausgeschaltet ist, wenn der Zustand "0" ist, und
eingeschaltet ist, wenn der Zustand "1" ist.
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9. Verfahren nach Anspruch 1, wobei die dynamische Fehlanpassungsformung im Schritt (f) umfasst: Benutzen von
Formungsalgorithmen einschließlich DWA (datengewichtete Mittelwertbildung), VFMS (Vektorrückkopplungs-
Fehlanpassungsformung) und/oder TSMS (Baumstruktur-Fehlanpassungsformung), um ein Frequenzspektrum der
nichtlinearen harmonischen Verzerrung aus einer Frequenzgangdifferenz zwischen Gruppenelementen zu formen,
um die Größe der harmonischen Verzerrungskomponenten im Band zu reduzieren und ihre Leistung in den Hoch-
frequenzabschnitt außerhalb des Bandes abzuschieben.

10. Verfahren nach Anspruch 1, wobei die Bitinformationsextraktion im Schritt (g) umfasst: Durchführen einer Verteilung
der codierten Information an jeden Kanal, in dem die Signalverarbeitung wie folgt abläuft: zuerst Durchführen der
dynamischen Fehlanpassungsformung durch den dynamischen Fehlanpassungsformer jedes Kanals, um neu ge-
ordnete Formungsvektoren zu gewinnen, und anschließendes Auswählen eines festgelegten Digitalstellencodes
aus den 2M Digitalstellen des Formungsvektors jedes Kanals als Ausgabecode des Kanals gemäß einer bestimmten
Extraktionsauswahlregel, wobei, um zu gewährleisten, dass die Information vollständig wiederhergestellt wird, die
Nummer der ausgewählten Digitalstelle eines Kanals sich von der anderer Kanäle unterscheidet und alle ausge-
wählten Digitalstellennummern aller 2M Kanäle die Digitalstellenordnung von 1 bis 2M vollständig enthalten.

11. Verfahren nach Anspruch 10, wobei bei der Bitinformationsextraktion die Digitalstellenauswahl gemäß einer einfa-
chen Regel erfolgt, nämlich dass im Kanal Nr. i codierte Information der Digitalstellen Nr. i aus dessen Formungs-
vektor ausgewählt wird.

12. Verfahren nach Anspruch 1, wobei die im Schritt (g) extrahierte Bitinformation verwendet wird, um eine Last anzu-
steuern, wobei die Last eines von Folgendem umfasst:

eine digitale Lautsprechergruppe, einschließlich einer Vielzahl von Lautsprechereinheiten, eine Lautsprecher-
einheit mit mehrere Schwingspulenwicklungen und eine digitale Lautsprechergruppe, die eine Vielzahl von
Lautsprechereinheiten aus mehreren Schwingspulen enthält.

13. Digitales Lautsprechergruppensystem mit Kanalentzerrung und Strahlsteuerfunktionalitäten, wobei das System um-
fasst:

eine Schallquelle (1) mit durch das System wiederzugebender Information;
einen Digital-Umsetzer (2), der mit einem Ausgangsende der Schallquelle (1) elektrisch gekoppelt ist, wobei
der Digital-Umsetzer (2) dafür konfiguriert ist, vom Ausgangsende der Schallquelle (1) empfangene ursprüng-
liche Signale in hochbitformatige pulscodemodulierte (PCM-)Signale mit einer ersten Bitbreite (N) umzusetzen
(Schritt a);
einen Kanalentzerrer (3), der mit einem Ausgangsende des Digitalstellen-Umsetzers (2) elektrisch gekoppelt
ist, wobei der Kanalentzerrer (3) dafür konfiguriert ist, eine inverse Filterung der Hochbit-PCM-Signale jedes
Kanals mittels Kanalentzerrung durchzuführen (Schritt b), um für jeden Kanal entzerrte PCM-Signale mit der
ersten Bitbreite (N) zu gewinnen;
einen Strahlformer (4), der mit einem Ausgangsende des Kanalentzerrers (3) elektrisch gekoppelt ist, wobei
der Strahlformer (4) dafür konfiguriert ist, eine gewichtete Verarbeitung auf die entzerrten PCM-Signale mit der
ersten Bitbreite (N) anzuwenden (Schritt c), um für jeden Kanal strahlgeformte entzerrte PCM-Signale mit der
ersten Bitbreite (N) zu gewinnen;
einen ∑-Δ-Modulator (5), der mit einem Ausgangsende des Strahlformers (4) elektrisch gekoppelt ist, wobei
der ∑-Δ-Modulator (5) dafür konfiguriert ist, die strahlgeformten entzerrten PCM-Signale mit der ersten Bitbreite
(N) in PCM-Signale mit einer zweiten Bitbreite (M), wobei die zweite Bitbreite (M) kleiner ist als die erste Bitbreite
(N), mittels Mehrbit-∑-Δ-Modulation umzusetzen (Schritt d);
einen Thermometercodierer (6), der mit einem Ausgangsende des ∑-Δ-Modulators (5) elektrisch gekoppelt ist,
wobei der Thermometer-Codierer (6) dafür konfiguriert ist, die PCM-Signale mit der zweiten Bitbreite (M) in
thermometercodierte Signale mit einer Bitbreite 2M mittels Thermometercode-Umsetzung umzusetzen (Schritt
e), wobei die thermometercodierten Signale 2M Sätzen von Lautsprechergruppen zugewiesen werden und 2M

Übertragungskanälen einer digitalen Verstärkerstufe entsprechen;
einen dynamischen Fehlanpassungsformer (7), der mit einem Ausgangsende des Thermometercodierers (6)
elektrisch gekoppelt ist, wobei der dynamische Fehlanpassungsformer (7) dafür konfiguriert ist, eine dynamische
Fehlanpassungsformung auf die thermometercodierten Signale, die jedem Satz der 2M Sätze von Wandleran-
ordnungen zugewiesen sind, anzuwenden (Schritt f), um die thermometercodierten Signale neu zu ordnen;
einen Extraktionsselektor (8), der mit dem dynamischen Fehlanpassungsformer (7) elektrisch gekoppelt ist,
wobei der Extraktionsselektor (8) dafür konfiguriert ist, Bitinformation einer Digitalstelle aus den thermometer-
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codierten Signalen jedes Kanals, auf die die dynamische Fehlanpassungsformung angewendet wurde, zu ex-
trahieren (Schritt g) und die extrahierte Bitinformation an den digitalen Leistungsverstärker zu senden und einen
Ein/Aus-Schaltvorgang jedes Kanals zu steuern;
einen digitalen Mehrkanalverstärker (9), der mit dem Extraktionsselektor (8) elektrisch gekoppelt ist, wobei der
digitale Mehrkanalverstärker (9) dafür konfiguriert ist, die Steuerleistung codierter Signale jedes Kanals zu
verstärken und einen Ein/AusSchaltvorgang einer nachgeschalteten digitalen Last zu steuern; und
eine digitale Gruppenlast (10), die mit einem Ausgangsende des digitalen Mehrkanalverstärkers (9) elektrisch
gekoppelt ist, wobei die digitale Gruppenlast (10) dafür konfiguriert ist, eine elektroakustische Umsetzung zu
erreichen und die digitalen elektrischen Signale des Schalters in Luftvibrationssignale in analoger Form umzu-
setzen.

14. System nach Anspruch 13, wobei die Schallquelle (1) analoge Signale oder digital codierte Signale umfasst.

15. System nach Anspruch 13, wobei der Digital-Umsetzer (2) einen Analog-Digital-Umsetzer, digitale Schnittstellen-
schaltungen, wie etwa USB, LAN, COM oder dergleichen, und ein Schnittstellenprotokollprogramm enthält.

16. System nach Anspruch 13, wobei der Kanalentzerrer (3) dafür konfiguriert ist, Entzerrungsverarbeitung bezüglich
der Frequenzgangparameter der inversen Filterung im Zeitbereich oder im Frequenzbereich durchzuführen, um die
Frequenzgangschwankung im Band jedes Kanals zu beseitigen und eine Frequenzgangdifferenz der Kanäle zu
korrigieren.

17. System nach Anspruch 13, wobei der Strahlformer (4) dafür konfiguriert ist, eine gewichtete Verarbeitung der über-
tragenen Signale jedes Kanals unter Verwendung der festgelegten gewichteten Vektoren durchzuführen, um deren
Größen- und Phaseninformation zu regulieren.

18. System nach Anspruch 13, wobei die Signalverarbeitung des ∑-Δ-Modulators (5) umfasst:

erstens, Unterziehen der PCM-Signale mit der ersten Bitbreite (N) und einer Abtastrate von fs einer Überab-
tastungs-Interpolationsfilterung gemäß einem Überabtastungsfaktor mo, um die PCM-Signale mit der ersten
Bitbreite (N) und einer Abtastrate mofs zu gewinnen, und
zweitens, Umsetzen der PCM-Signale mit der ersten Bitbreite (N) und einer Abtastrate mofs in die PCM-Signale
mit der zweiten Bitbreite (M).

19. System nach Anspruch 13, wobei der ∑-Δ-Modulator (5) dafür konfiguriert ist, eine Rauschformung der vom Inter-
polationsfilter ausgegebenen überabgetasteten Signale durchzuführen, um die Rauschenergie im Hinblick auf eine
einstufigen serielle Modulatorstruktur höherer Ordnung oder eine mehrstufige parallele Modulatorstruktur aus dem
Band abzuschieben.

20. System nach Anspruch 13, wobei Codeinformation jeder Digitalstelle der thermometercodierten Signale einem
entsprechenden digitalen Kanal zugewiesen wird, um die Wandlerlast in den Signalcodierungsfluss zu bringen und
digitale Codierung und digitale Schaltersteuerung für die Wandlerlast zu erreichen.

21. System nach Anspruch 13, wobei der dynamische Fehlanpassungsformer (7) dafür konfiguriert ist, Formungsalgo-
rithmen einschließlich DWA (datengewichtete Mittelwertbildung), VFMS (Vektorrückkopplungs-Fehlanpassungsfor-
mung) und/oder TSMS (Baumstruktur-Fehlanpassungsformung), zu nutzen, um das aus der Frequenzgangdifferenz
zwischen Gruppenelementen entstandenes Frequenzspektrum mit nichtlinearer harmonischer Verzerrung zu for-
men, um die Größe der harmonischen Verzemungskomponenten im Band zu reduzieren und ihre Leistung in den
Hochfrequenzabschnitt außerhalb des Bandes abzuschieben, wodurch die Größe der harmonischen Verzerrung
im Band reduziert wird.

22. System nach Anspruch 13, wobei der Extraktionsselektor (8) dafür konfiguriert ist, gemäß einer bestimmten Extrak-
tionsregel die Information einer Digitalstelle aus Formungsvektoren jedes von 2M digitalen Kanälen als die ausga-
becodierte Information des entsprechenden Kanals zu extrahieren, um einen Ein/Aus-Schaltvorgang einer nach-
geschalteten Wandlerlast zu steuern.

23. System nach Anspruch 13, wobei der digitale Mehrkanalverstärker (9) dafür konfiguriert ist, die vom Extraktionsse-
lektor (8) ausgegebenen Schaltersignale an das MOSFET-Gitterende einer Vollbrücken-Leistungsverstärkungs-
schaltung zu senden, wodurch ein Ein/Ausschaltvorgang des Stromkreises von der Stromquelle zur Last durch
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einen Ein/Aus-Zustand des MOSFETs gesteuert wird.

24. System nach Anspruch 13, wobei die digitale Gruppenlast (10) eine digitale Gruppe mit einer Vielzahl von Laut-
sprechereinheiten umfasst, wobei jeder digitale Kanal aus einem oder mehr Lautsprechereinheiten besteht; oder
aus einer Lautsprechereinheit mit mehreren Schwingspulen, wobei jeder digitale Kanal aus einer oder mehr
Schwingspulen besteht; oder aus einer Gruppe von Lautsprechern mit mehreren Schwingspulen, wobei jeder digitale
Kanal aus mehreren Schwingspulen und mehreren Lautsprechereinheiten besteht.

25. System nach Anspruch 13 oder 24, wobei die Gruppenkonfiguration der digitalen Gruppenlast (10) je nach Größe
der Wandlereinheiten und der praktischen Anwendungsanforderungen eingerichtet ist.

Revendications

1. Procédé d’égalisation de canaux et de commande de faisceau pour un système de réseaux de haut-parleurs nu-
mériques, le procédé comprenant les étapes qui consistent :

(a) à convertir numériquement des signaux d’origine de chaque canal en signaux modulés par impulsion et
codage (PCM) à débit binaire élevé ayant une première largeur binaire (N) ;
(b) à effectuer un filtrage inverse des signaux PCM à débit binaire élevé de chaque canal en utilisant une
égalisation de canaux pour obtenir, pour chaque canal, des signaux PCM égalisés ayant la première largeur
binaire (N) ;
(c) à appliquer un traitement pondéré aux signaux PCM égalisés ayant la première largeur binaire (N) de chaque
canal en utilisant une formation de faisceau pour obtenir, pour chaque canal, des signaux PCM égalisés formés
en faisceau ayant la première largeur binaire (N) ;
(d) à convertir les signaux PCM égalisés formés en faisceau ayant la première largeur binaire (N) en signaux
PCM ayant une deuxième largeur binaire (M), la deuxième largeur binaire (M) étant inférieure à la première
largeur binaire (N) en utilisant une modulation ∑-Δ multibit ;
(e) à convertir les signaux PCM ayant la deuxième largeur binaire (M) en signaux à codage thermométrique
ayant une largeur binaire de 2M en utilisant une conversion de code thermométrique, les signaux à codage
thermométrique étant attribués à 2M ensembles de réseaux de transducteurs et correspondant à 2M canaux
de transmission d’un amplificateur de puissance numérique ;
(f) à appliquer une mise en forme de désadaptation dynamique aux signaux à codage thermométrique attribués
à chaque ensemble parmi les 2M ensembles de réseaux de transducteurs pour réordonner les signaux à codage
thermométrique ; et
(g) à extraire des informations binaires d’un seul chiffre à partir des signaux à codage thermométrique de chaque
canal auquel la mise en forme de désadaptation dynamique a été appliquée et à envoyer les informations
binaires extraites à l’amplificateur de puissance numérique.

2. Procédé selon la revendication 1, dans lequel les signaux d’origine devant être convertis dans l’étape (a) sont des
signaux analogiques qui, dans l’étape (a), sont convertis, dans un premier temps, en signaux numériques sur la
base d’un codage PCM par conversion analogique-numérique, et puis sont convertis en termes de demandes de
paramètres d’une largeur binaire désignée et d’une vitesse d’échantillonnage en signaux codés en PCM répondant
aux demandes de paramètres.

3. Procédé selon la revendication 1, dans lequel les signaux d’origine devant être convertis dans l’étape a) sont des
signaux numériques qui, dans l’étape (a), sont convertis en signaux codés en PCM en termes de demandes de
paramètres d’une largeur binaire désignée et d’une vitesse d’échantillonnage.

4. Procédé selon la revendication 1, dans lequel l’égalisation de canaux dans l’étape (b) comprend un traitement par
un égaliseur avec des paramètres obtenus par mesure et calcul.

5. Procédé selon la revendication 1, dans lequel la formation de faisceau dans l’étape (c) est commandée par un
formeur de faisceau avec un coefficient de pondération de canal calculé par un procédé de formation de faisceau
utilisant la formule suivante (1) : 
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 où, a(θ) représente un vecteur d’orientation de domaine spatial et a(θ) = [a1(θ) a2(θ) ... aN(θ)]T, N représente le
nombre d’éléments de réseau, D(θ) représente une configuration souhaitée de faisceau de domaine spatial et 

6. Procédé selon la revendication 1, dans lequel la modulation ∑-Δ multibit dans l’étape (d) comprend le fait d’effectuer
un filtrage d’interpolation par un filtre d’interpolation sur les signaux PCM égalisés ayant la première largeur binaire
(N) selon un facteur de suréchantillonnage désigné, pour obtenir des signaux codés en PCM suréchantillonnés ; et
puis le fait d’effectuer une modulation ∑-Δ pour pousser l’énergie de bruit à l’intérieur d’une largeur de bande audio
en dehors de la bande audio, ce qui permet de convertir les signaux PCM égalisés ayant la première largeur binaire
(N) en signaux PCM ayant la deuxième largeur binaire (M).

7. Procédé selon la revendication 6, dans lequel la modulation ∑-Δ multibit dans l’étape (d) comprend le fait d’appliquer
un traitement de mise en forme de bruit aux signaux codés en PCM suréchantillonnés pour pousser l’énergie de
bruit en dehors de la bande audio en utilisant un procédé de modulation série à étage unique ou un procédé de
modulation parallèle à plusieurs étages d’ordre supérieur.

8. Procédé selon la revendication 1, dans lequel un code sur chaque chiffre des signaux à codage thermométrique
dans l’étape (e) est envoyé vers un canal numérique correspondant, le code sur chaque chiffre ayant uniquement
deux états de niveau de "0" ou "1" à tout moment où la charge du transducteur est désactivée lorsqu’il se trouve à
l’état de "0" et est activée lorsqu’il se trouve à l’état de "1".

9. Procédé selon la revendication 1, dans lequel la mise en forme de désadaptation dynamique de l’étape (f) comprend
le fait d’utiliser des algorithmes de mise en forme comportant le DWA (calcul de la moyenne de données pondérées),
la VFMS (mise en forme de désadaptation à rétroaction de vecteur) et/ou la TSMS (mise en forme de désadaptation
d’arborescence) pour mettre en forme un spectre de fréquences de distorsion harmonique non linéaire produit à
partir de la différence de réponse en fréquence entre des éléments de réseau, afin de réduire l’amplitude des
composantes de distorsion harmonique dans la bande et pousser la puissance de celles-ci vers la section à haute
fréquence hors-bande.

10. Procédé selon la revendication 1, dans lequel l’extraction d’informations binaires de l’étape (g) comprend le fait
d’effectuer une distribution d’informations codées à chaque canal dans lequel le traitement de signal s’effectue
comme suit : dans un premier temps, le dispositif de mise en forme de désadaptation dynamique de chaque canal
effectue la mise en forme de désadaptation dynamique pour obtenir des vecteurs de mise en forme réordonnés, et
puis sélectionne un code de chiffre désigné à partir des 2M chiffres du vecteur de mise en forme de chaque canal
comme étant le code de sortie du canal selon une certaine règle de sélection d’extraction, où afin d’assurer que les
informations étant restituées complètement, le nombre du chiffre sélectionné d’un canal est différent de ceux des
autres canaux et tous les nombres de chiffres sélectionnés de tous les 2M canaux contiennent l’ordre de chiffres
de 1 à 2M complètement.

11. Procédé selon la revendication 10, dans lequel dans l’extraction d’informations binaires, la sélection de chiffre est
effectuée conformément à une règle simple : dans le canal numéro i sélectionner les informations codées de chiffre
numéro i à partir de son vecteur de mise en forme.

12. Procédé selon la revendication 1, dans lequel les informations binaires extraites dans l’étape (g) sont utilisées pour
commander une charge, où la charge comprend l’un(e) parmi un réseau de haut-parleurs numériques comportant
une pluralité d’unités de haut-parleurs, une unité de haut-parleur ayant plusieurs enroulements de bobines acous-
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tiques, et un réseau de haut-parleurs numériques contenant une pluralité d’unités de haut-parleurs de plusieurs
bobines acoustiques.

13. Système de réseau de haut-parleurs numériques ayant des fonctionnalités d’égalisation de canaux et de commande
de faisceau, le système comprenant :

une source sonore (1) comprenant des informations devant être lues par le système ;
un convertisseur numérique (2) couplé électriquement à une extrémité de sortie de la source sonore (1), le
convertisseur numérique (2) étant configuré pour convertir (étape a) des signaux d’origine reçus à partir de
l’extrémité de sortie de la source sonore (1) en signaux modulés par impulsion et codage (PCM) à débit binaire
élevé ayant une première largeur binaire (N) ; un égaliseur de canaux (3) couplé électriquement à une extrémité
de sortie du convertisseur numérique (2), l’égaliseur de canaux (3) étant configuré pour effectuer (étape b) un
filtrage inverse des signaux PCM à débit binaire élevé de chaque canal en utilisant une égalisation de canaux
pour obtenir, pour chaque canal, des signaux PCM ayant la première largeur binaire (N) ;
un formeur de faisceau (4) couplé électriquement à une extrémité de sortie de l’égaliseur de canaux (3), le
formeur de faisceau (4) étant configuré pour appliquer (étape c) un traitement pondéré aux signaux PCM
égalisés ayant la première largeur binaire (N) de chaque canal en utilisant la formation de faisceau pour obtenir,
pour chaque canal, des signaux PCM égalisés formés en faisceau ayant la première largeur binaire (N) ;
un modulateur ∑-Δ (5) couplé électriquement à une extrémité de sortie du formeur de faisceau (4), le modulateur
∑-Δ (5) étant configuré pour convertir (étape d) les signaux PCM égalisés formés en faisceau ayant la première
largeur binaire (N) en signaux PCM ayant une deuxième largeur binaire (M), la deuxième largeur binaire (M)
étant inférieure à la première largeur binaire (N) en utilisant une modulation ∑-Δ multibit ;
un codeur de thermomètre (6) couplé électriquement à une extrémité de sortie du modulateur ∑-Δ (5), le codeur
de thermomètre (6) étant configuré pour convertir (étape e) les signaux PCM ayant la deuxième largeur binaire
(M) en des signaux à codage thermométrique ayant une largeur binaire 2M en utilisant une conversion de code
thermométrique, les signaux à codage thermométrique étant attribués à 2M ensembles de réseaux de trans-
ducteurs et correspondant à 2M canaux de transmission d’un amplificateur de puissance numérique ;
un dispositif de mise en forme de désadaptation dynamique (7) couplé électriquement à une extrémité de sortie
du codeur de thermomètre (6), le dispositif de mise en forme de désadaptation dynamique (7) étant configuré
pour appliquer (étape f) une mise en forme de désadaptation dynamique aux signaux à codage thermométrique
attribués à chaque ensemble des 2M ensembles de réseaux de transducteurs pour réordonner les signaux à
codage thermométrique ;
un sélecteur d’extraction (8) couplé électriquement au dispositif de mise en forme de désadaptation dynamique
(7), le sélecteur d’extraction (8) étant configuré pour extraire (étape g) des informations binaires d’un chiffre à
partir des signaux à codage thermométrique de chaque canal auquel la mise en forme de désadaptation dy-
namique a été appliquée et envoyer les informations binaires extraites à l’amplificateur de puissance numérique
et commander une action de marche/arrêt de chaque canal ;
un amplificateur numérique multicanal (9) couplé électriquement au sélecteur d’extraction (8), l’amplificateur
numérique multicanal (9) étant configuré pour amplifier la puissance des signaux codés de commande de
chaque canal, et entraîner une action de marche/arrêt d’une charge numérique post-étage ; et
une charge de réseau numérique (10) couplée électriquement à une extrémité de sortie de l’amplificateur
numérique multicanal (9), la charge de réseau numérique (10) étant configurée pour réaliser une conversion
électro-acoustique et convertir les signaux électriques numériques de commutateur en des signaux de vibration
dans l’air en format analogique.

14. Système selon la revendication 13, dans lequel la source sonore (1) comprend des signaux analogiques ou des
signaux codés numériques.

15. Système selon la revendication 13, dans lequel le convertisseur numérique (2) contient un convertisseur analogique-
numérique, des circuits d’interface numérique tels que USB, LAN, COM ou autres analogues et un programme de
protocole d’interface.

16. Système selon la revendication 13, dans lequel l’égaliseur de canaux (3) étant configuré pour effectuer un traitement
d’égalisation en termes de paramètres de réponse de filtrage inverse dans un domaine temporel ou un domaine
fréquentiel, pour éliminer les fluctuations de réponse en fréquence dans la bande de chaque canal et corriger une
différence de réponse en fréquence des canaux.

17. Système selon la revendication 13, dans lequel le conformateur de faisceau (4) est configuré pour réaliser un
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traitement pondéré sur les signaux transmis de chaque canal en utilisant les vecteurs pondérés désignés, pour
réguler les informations d’amplitude et de phase de celui-ci.

18. Système selon la revendication 13, dans lequel le traitement de signal du modulateur ∑-Δ (5) comprend le fait :

de soumettre, dans un premier temps, les signaux PCM ayant la première largeur binaire (N) et une vitesse
d’échantillonnage de fs à un filtrage d’interpolation de suréchantillonnage selon un facteur de suréchantillonnage
m0 pour obtenir les signaux PCM ayant la première largeur binaire (N) et une vitesse d’échantillonnage de m0fs, et
de convertir, dans un deuxième temps, les signaux PCM ayant la première largeur binaire (N) et une vitesse
d’échantillonnage de m0fs en signaux PCM ayant la deuxième largeur binaire (M).

19. Système selon la revendication 13, dans lequel le modulateur ∑-Δ (5) est configuré pour effectuer une mise en
forme de bruit sur les signaux suréchantillonnés délivrés en sortie par le filtre d’interpolation pour pousser l’énergie
de bruit en dehors de la bande, en termes de structure de modulateur série à étage unique ou de structure de
modulateur parallèle à étages multiples d’ordre supérieur.

20. Système selon la revendication 13, dans lequel des informations de code de chaque chiffre des signaux à codage
thermométrique sont attribuées à un canal numérique correspondant pour amener la charge de transducteur dans
le flux de codage de signal et réaliser une commande de commutation numérique et de codage numérique pour la
charge de transducteur.

21. Système selon la revendication 13, dans lequel le dispositif de mise en forme de désadaptation dynamique (7) est
configuré pour utiliser des algorithmes de mise en forme comportant le DWA (calcul de la moyenne de données
pondérées), la VFMS (mise en forme de désadaptation à rétroaction de vecteur) et/ou la TSMS (mise en forme de
désadaptation d’arborescence) pour mettre en forme le spectre de fréquences de distorsion harmonique non linéaire
produit à partir de la différence de réponse en fréquence entre des éléments de réseau, pour réduire l’amplitude
des composantes de distorsion harmonique dans la bande et pousser la puissance de celles-ci vers la section à
haute fréquence hors-bande, réduisant ainsi l’amplitude de la distorsion harmonique dans la bande.

22. Système selon la revendication 13, dans lequel le sélecteur d’extraction (8) est configuré pour extraire selon une
certaine règle d’extraction les informations d’un chiffre à partir des vecteurs de mise en forme de chacun des 2M

canaux numériques comme étant les informations codées de sortie du canal correspondant, pour commander une
action de marche/arrêt d’une charge de transducteur post-étage.

23. Système selon la revendication 13, dans lequel l’amplificateur numérique multicanal (9) est configuré pour envoyer
les signaux de commutation délivrés en sortie à partir du sélecteur d’extraction (8) à l’extrémité de grille de MOSFET
d’un circuit d’ amplification de puissance en pont complet, ce qui permet de commander une action de marche/arrêt
du circuit à partir d’une source de puissance à une charge par l’état de marche/arrêt du MOSFET.

24. Système selon la revendication 13, dans lequel la charge de réseau numérique (10) est un réseau numérique
comprenant une pluralité d’unités de haut-parleurs, dont chaque canal numérique est constitué d’une ou de plusieurs
unité(s) de haut-parleurs ; ou une unité de haut-parleur de multiples bobines acoustiques, dont chaque canal nu-
mérique est constitué d’une ou de plusieurs bobine(s) acoustique(s) ; ou un réseau de haut-parleurs de multiples
bobines acoustiques, dont chaque canal numérique est constitué de plusieurs bobines acoustiques et de plusieurs
unités de haut-parleurs.

25. Système selon la revendication 13 ou 24, dans lequel la configuration de réseau de la charge de réseau numérique
(10) est agencée selon la quantité d’unités de transducteurs et la demande d’application pratique.
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