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Array, radar and communication engineering microphone array signal processing power requirements Ethernet (PoE), class 0Power consumption 13 W, up to 9 W @25°C, power requirements via typical WeightApprox. 2 pounds 3.2 ounces (1 kg) (body only) about 2 pounds 14 ounces (1.3 kg) (ceiling bracket)) Dimension Φ: about 240
mm (9 1/2 inches) Height: about 50 mm (2 inches) control browser (MAS-A100) Google Chrome operating temperature range 0-40 °C operating humidity 20% to 8 0% (condensation is not allowed) storage temperature -20° Δ to +60°C (-4° F to 140°F) Storage humidity 20% to 80% (no condensation allowed) provided accessoryceiling
bracket (1) safety provisions (1) the microphone array used to improve the direction of the signal of interest microphone array is one of the most advanced tools to improve voice quality. A single microphone provides too much directionality, so there is too much reduction of noise and reverberation without a post processing solution. The
microphone array effectively improves the quality implicitly by focusing the receiving radiation pattern in the desired signal direction, reducing interference and improving the quality of the captured sound. To understand how a microphone array works, consider the following figure: Figure 1: Spherical Coordinate System [1] Assumes that a
plane wave occurs along the unit vector γ starting from the origin. A vector is thought to be a unit vector because it does not know exactly where the sound source is in space. This vector is given to spherical coordinates: to calculate the delay experienced by the ith microphone, it is considered a location based on the location relative to
the origin. If the microphone is in position, this vector is as follows: the speed of the sound is given by the time delay compared to the origin of the papa hitting the c ≈ 333 m/s, ith microphone: and in terms of frame it is given: where the o frame is given by hop size. In the frequency domain, phase transitions cause this time delay. We can
express this phase change: often in space processing, we would like to incorporate the sentinel because the wave number indicates the number of waves in the space volume. Therefore, if you convert this frequency domain phase move to a sentinel domain domain, it is important to note that if the wavevector defined as follows is defined
as follows, this quantity represents a spetio-temporal delay between the ith microphone and the origin microphone. Each microphone has its own spatio-temporal delay. For specified frequencies and accident angles, all these delays are placed in the vector: here (•|)H represents the Hermione bulb. The first element represents a
microphone with no delay and uses a time reference to another microphone. This vector is called an array response vector or manifold vector, but it is most usefully known as a steering vector and indicates what happens to the array. In a flat wave of frequency ω accidents along the direction in 3D space. If this vector is calculated
continuously for all frequencies and all incident angle pairs, array manifold D is provided, which is a higher-dimensional receiver space. The derivation of the steering vector did not assume the array geometry, was not a microphone-oriented pattern, and the derivation was performed in three dimensions and can be applied to all geometry.
Assuming you know the covery pattern of each microphone (ω, δ, φ), you can integrate it into each manifold vector: the vector provides a manifold DA for a particular microphone array, giving you everything you need to know about how the microphone array reacts to flat waves at all frequencies. The problem with this approach is that it is
difficult to obtain an array manifold. At best, the manifold is a continuous mathematical object and the actual microphone characteristics are often different from the theory, so it can be cooled by sampling the manifold in discrete frequency and thinking angle pairs under careful experimental conditions. For voice applications, microphone
arrays are typically small arrays with few elements and should cover only the audible range of the EM spectrum. As a result, certain array manifolds are often precomputed and stored in memory compared to other applications, such as wireless beamforming. Unfortunately, the realized steering vector is not completely accurate for all
frequency and angle pairs, causing steering inaccuracies. To make things worse, individual microphone properties distort the beam shape to cause undesirable sidelobes and frequency-dependent attenuation. In order to ensure that the signal is transmitted in the shape direction to the gain of G, the signal outside the look direction is
attenuated to reduce the actual signal distortion, so we use a defined beamformer response vector: where the weight vector, (•=)C, represents a standard internal product that takes up value through a complex field. We also often work with beam patterns defined as | Advertising |2. We can write this in another perhaps more familiar way:
where m is the mic index. For fixed frequencies, this is the individual fourier conversion of the weight vector across the microphone. For a continuous linear array of uniform weights w (ω,m) = rect (m/L) and length L, the beamformer response will be r = Lsinc (kxL), so it is easiest to see. In the figure below, nulls occur when the normal
fractional interval x = mγ/L. Figure 2: Linear array uniform weight [2]kx is the x component of the wavevector. With calculated orientation for all frequencies and all incident angle pairs, you can visualize the directionality of the array. We use the phase components of the weight vector to steer the microphone in the desired direction. This
changes the lookup direction to create maximum orientation in the direction of the incident wave. It is called beam steering. The size of the weight vector is to get the desired signal and attenuate interference. In this way, size is used to be called null steering. We allow weights assuming that i (Δi, γi) will manipulate the response to the
incident wave: therefore, there are two steps to selecting a weight vector: therefore, in essence, the directional pattern. First, to create a phase vector, you need to estimate where the sound is fed and, secondly, find the optimal set of sizes. Because space and time are inherently connected, these two processes are inextricably linked. In
other words, the error of the source localization will lead to the calculation of weights that are not optimal with respect to the reality of the sound source. In some cases, it is recommended that you use [3] instead of the frequency domain. In this case, we are interested in what happens in the cross-power spectrum. Consider that the time
delay for the ith microphone is γi. Then there is the correlation between the reference and the received signal of the ith microphone: RSS is the self-correlation of a true voice signal. This conversion from the frequency domain: where GSS is an automatic spectrum of true voices. In other words, the time delay appears as a phase
component of the automatic spectrum of the signal. A voice signal is a non-distributed signal, which means that different frequency components can all move at the same speed, phase speed, or group speed of the wave, allowing two microphones to experience a constant phase difference during the time interval between the voice and
receiving. Noise signals, on the other hand, are modeled as dispersion, allowing you to experience random phase differences over the intervals at which two microphones receive noise. You can then use this phase difference to find the direction of the sound source. As the SNR decreases, the phase differences between microphones
increase variability, thus reducing source localization accuracy. The arrangement factor of the common shapeWe saw early how to add a steering vector to the array response, taking into account the accident plane waves from any angle of 14. Throughout the microphone index, each microphone output is added to the progressive phase
shift corresponding to the arrival delay. This gradual change is often indicated by the addition of the factor βm to the origin reaction. Linear Array Figure 3: Uniform Linear Array [2] Considers linear arrayas as shown above. In this case, the position vector is =[xm, 0, 0]. Therefore, the phase relationship specifies the βxm as a phase
movement required for the steering reaction of the microphone m, the array response can be recorded as follows: when the microphone is equally spaced, βxm = β∀m angled microphone distance between the microphone is now uniform. This simplifies the equation above and allows ψ to create a sin (γ) of the ψ = kxdcos (Δ) β: in special
cases. Weights, multiply ingesting both sides to jγ and simplify: the last two simplificationassumes a reference microphone at the center of the array, and assumes a small value ψ each. The result shown in Figure 2. The orientation of the beamformer to a uniform weight system is a sinc function that is one-fourth of the rectangular window.
As a side note, the course (Δ) sin (γ) is often referred to as the direction cosin course (γ), provides an angle between the array axis and the incoming wave, which is the center of gravity from the origin. Plane Array Figure 4: Flat Array [4] The natural extension for the linear array is a flat array. Assuming there is an M microphone along the
x-axis and N microphone along the y, the total response to the array is: that is, the response of the array can be found by multiplying the response scan for the individual linear arrays of x and y. If you keep it simple, Sxm and Sym can be a response to each individual array: the resulting array coefficient in a uniformly weighted array with
uniformly spacing in accordance with the above simplification procedure for the linear array: where x = kxdxcos (Δ) sin (γ) + βx and y=kydys (γys). Circular Array Figure 5: Circular Array [5] Circular Array is another extension of the circular array. As with plane arrays, a circular array can control between Φ ε [0, 2φ]. The picture above
shows a flat wave accident in an array. Projecting onto the center-of-array φ produces an additional distance Δ that must be traversed. The radial position of the mth microphone is shown as follows: then the projection of the radial component is generally displayed and indicates the direction of the incoming plane wave described:
represents the radius of the array. An approximation is created for an array with uniform spacing because you can think of a circle as a one-point compression of a circle. The resulting array coefficient is the following: this decreases in special cases of uniform weights and uniform spacing: βm = || Acos-1 (Δ) cos (Δ) cos (Δ) ( Δ) ), the
additive steering coefficient is the following γβm, and we can write: previous analysis of the microphone-directional common geometry will actually be realized only if all fully omnidirectional microphones are used. This is because it responds to the individual microphone response αm (ω, Δ, φ) = 1. In some cases, you want to use a
directive microphone to get a different response from the array. The most common directive microphone is the first order direction microphone. The polar response of these microphones is only a linear combination of pressure and gradient mic design[6]:A is a gradient weight and a polar reaction of A+B = 1. The polar pattern simply adds
these two elements around the bearing angle of the microphone as shown below: Figure 6: General First Order Microphone Pattern [6] Cardioid microphone The most common directional microphone in use today. Intuition is caused by the same weight of pressure and gradients. In other words, the polar reaction to the cardioid
microphone is as follows, with an attenuation of about -6 dB at ±π/2 and π is substantially zero. The cardioid microphone polar directional plot is as follows: Figure 7: Cardioid Microphone Directional Pattern [6] The core microphone initial microphone pattern is the result of unequal weighting of pressure and gradient terminology. It results
in the maximum ratio between the front beam and the total beam area. Polar reaction: The π ±π supercore microphone polar directional plot is as follows: Ultrasound microphone directional pattern [6] ultrasound microphone core microphone core microphone painstaking pattern is another unequal weighting scheme. Generates the
highest directness and distance coefficient of all common first order microphones. Its polar reaction is: hypercardioid has an attenuation of -12dB in π ±π/2 and -6dB. The hypercadoid pattern is as follows:Figure 9: Hypercadoid microphone directional pattern [6] In fact, the measured pattern is often out of theory due to manufacturing
tolerances. This non-ideal response, multiplied by the array factor, makes the microphone array behave slightly differently than the theory predicts. It should be noted that the three-dimensional version can be obtained by rotating the two-dimensional pattern around the directional axis. The basic space alias of the space alias causes
ambiguity in the location of the sound source [6]. By default, space aliases occur when multiple sources corresponding to different locations create the same array response vector. This phenomenon is especially problematic in the broadband beam forming we can often have (ω1, Δ1, γ1)= (ω2, Δ2, γ2, γ2, γ2). The spatial sampling theory
is the same as the time sampling theory and states that spatial signals must be sampled: here, fmax is the maximum spatial frequency that can be accurately represented. Across our standard three dimensions, the spatial sampling frequency vector is: Because it is a unit vector, the maximum spatial frequency you can represent is the
following: γmin is the minimum wavelength. Therefore, the spacing between elements for each dimension should be as follows: The beam width of the directional pattern is defined as each separation between the two points on the opposite side of the main lobe. The first null beam width (FNBW) determines the degree of ability of the
calculated pattern to resolve two adjacent sources separated by some angular distance [5]. With respect to the microphone array, the minimum angle distance between the two sources is: half power beam width (HPBW) is defined as twice the width of the first null beam, and often The parameter is most commonly called beam width.
Figure 10: beam width [5] space low sampling results in the presence of a lattice lobe in a directional pattern. A lattice lobe is basically a beam pointing away from the shape direction. If you choose the wrong individual microphone, the problem may be worse. These sidelobes capture unwanted noise, acoustic echoes, and echoes to lower
beampore's SNR. Therefore, higher frequencies tend to be more affected by distortion than low frequencies. A particularly bad example of a grid lobe for a steering beam is: Figure 11: For a grid lobe [8] linear array, you can pin the azimuth angle π, such as the direction of the array shape is limited to being on a plane. Directional plots for
linear arrays are all ignored together and often provide what is called a directional polar plot as a function of Δ. Figure 12: The direction is high in the shape direction of 0 degrees, and the side is low, showing a good beam pattern for the linear array, as you can see in the linear array polar pattern [2]. The problem shown here is that the
linear array can only distinguish the signal from the range of Δ ε [0, π]. In other words, the source on the front of the array cannot be distinguished from the source behind the array in terms of the array itself. This is applied as a front rear problem for the linear array. Other array geometry, such as plane and circular arrays, can control Δ ε
[0, 2γ] to eliminate front and rear problems. The discussion shows how the microphone array works. Careful selection of complex weights can significantly increase directive gain and interference cancellation. The various microphone array geometry is the requirements of a system that is suitable for a variety of tasks and tells you which
design to use. Reference[1] E. W. Weinstein, spherical coordinate math world {wolfram web resources coordinator.html[2] I.A. McCowan. Mike Array, Ph.D., Queensland Uni-Truth Technology, 2001[3] A. Pierre-Sol, IEEE transaction for time delay estimates using step data, sound, voice and signal processing, 29, 29, no. 3, June 4,
1981[4] W. Stutzman, C. Stutzman, C. Stutzman, C. T. Hodyllen, New Jersey, John.; Son, Inc., 1981[5] C. Varanis, Antenna Theory: Analysis and Design. 3rd ed. Hoboken, New Jersey: John Wylie &amp; Sons, Inc., 2005[6] V. Madisetti, D.B. Williams, Digital Signal Processing Handbook. #1 Ed. Salem, MA: CRC Press LLC., 1998[7] J.
Eargle, Mike Book. 2 nd ed. Burlington, MA: Elsevier., 2005[8] A. Greenstead. (October 10, 2012). Delayed Sum Beam Forming – Lab Book Page [Online]. Available:
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