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NEAR-FIELD NULL AND BEAMFORMING

CROSS-REFERENCE TO RELATED APPLICATIONS

[0001] This application is a continuation-in-part of U.S. Patent Application No.

13/31 2,498, filed December 6 , 201 1 and titled "Near-Field Null and Beamforming;" the

disclosure of which is hereby incorporated herein in its entirety.

TECHNICAL FIELD

[0002] The present discussion is related to acoustic noise reduction for microphone

arrays, and more particularly to creating an acoustic null for the microphones where a

noise source is located.

BACKGROUND

[0003] Portable electronic devices continue to trend smaller while providing increased

and improved functionality. Because of the limited space on the smaller devices,

creative and sometimes less than ideal positioning of components occurs. For example,

a microphone and a speaker may be positioned in close proximity of each other. This

leads to a high degree of coupling from the speaker radiated signal to the microphone

capsule. While this is not a big problem when the microphone is not being used to pick

up a local talker, it is challenging for acoustic echo cancellers to spectrally subtract the

speaker playback signal from the microphone signal that includes both the local talker

and the speaker signal.

[0004] Also, because of the proximity of the speaker(s) to the microphones, the sound

pressure level of the radiated signal from the speaker is often greater than that of the

talker. This typically leads to a poor signal-to-noise ratio (SNR) and presents a

formidable challenge for echo cancellers that can be exacerbated if the speaker to

microphone path is non-linear.

SUMMARY

[0005] Devices and methods are disclosed that allow for selective acoustic near-field

nulls for microphone arrays. One embodiment may take the form of an electronic device

including a speaker and a microphone array. The microphone array may include a first

microphone positioned a first distance from the speaker and a second microphone

positioned a second distance from the speaker. The first and second microphones are

configured to receive an acoustic signal. The microphone array further includes a



complex vector filter coupled to the second microphone. The complex vector filter (both

magnitude and phase over the frequency range of interest) is applied to an output signal

of the second microphone to generate an acoustic sensitivity pattern for the array that

provides an acoustic null at the location of the speaker.

[0006] Another embodiment may take the form of a method of operating an electronic

device to functionally provide an acoustic near-field unidirectional microphone and a far-

field omnidirectional microphone. The method includes receiving an acoustical signal at

an acoustic transducer array. The acoustic transducer array has a plurality of

microphones. The method also includes generating a plurality of electrical signals,

wherein each microphone of the acoustic transducer array generates an electrical signal.

A beamformer is implemented that creates a near-field null in a position that corresponds

to a location of a near-field noise source. Additionally, the beamformer provides a

generally omindirectional aucoustic respond in the far-field. The farfield beamformer

sensitivity may generally be defined by:

where S is the acoustic signal, and ø = kd(1+cos9), where Θ is the angle of incidence of

the normal of the wave to the axis of the array, k is the wave number, and d is the

distance between the first and second microphones.

[0007] While multiple embodiments are disclosed, still other embodiments of the present

invention will become apparent to those skilled in the art from the following Detailed

Description. As will be realized, the embodiments are capable of modifications in various

aspects, all without departing from the spirit and scope of the embodiments.

Accordingly, the drawings and detailed description are to be regarded as illustrative in

nature and not restrictive.

BRIEF DESCRIPTION OF THE DRAWINGS

[0008] Fig. 1 illustrates an example electronic device having a microphone array

configured with an acoustic near-field null.

[0009] Fig. 2A illustrates the microphone array of the device of Fig. 1, with a speaker

located in the acoustic near-field co-axially with the array.

[0010] Fig. 2B illustrates the microphone array of the device of Fig. 1, with a speaker

located in the acoustic near field in a non-axial position relative to the array.



[001 1] Fig. 3 . illustrates example output signals of microphones in the array when the

speaker shown in Fig. 2 is driven.

[0012] Fig. 4 illustrates modification of one of the signals of Fig. 3 after filtering.

[0013] Fig. 5 illustrates an example acoustic sensitivity pattern having a near-field null

and far-field omnidirectional sensitivity.

[0014] Fig. 6 illustrates an alternative microphone array configured to provide selective

acoustic sensitivity patterns.

[0015] Fig. 7 illustrates an example acoustic sensitivity pattern.

[0016] Fig. 8 illustrates another example acoustic sensitivity pattern.

[0017] Fig. 9 illustrates a microphone array having three microphones.

[0018] Fig. 10 illustrates another acoustic sensitivity pattern having nulls at

approximately 60 and 90 degrees.

[0019] Fig. 11 illustrates a microphone array having five microphones and providing at

least three acoustic null regions.

DETAILED DESCRIPTION

[0020] In order to reduce or eliminate microphone-speaker echo coupling in certain

electronic devices, beamforming techniques may be implemented in the near-field to

create an acoustic null at the location of the speaker. In particular, multiple microphones

may be implemented to form an array from which signals may be processed in a manner

such that the sound from the speaker is reduced or eliminated.

[0021] In one embodiment, for example, two microphones may be used to form a

microphone array. The microphone array may be coaxial with a speaker. Additionally, in

some embodiments, the array may be coaxial with a user. One of the microphones of

the array may be located closer to the speaker than the other microphone. Because of

near-field effects, the acoustic pressure level at this microphone may be significantly

greater than that of the microphone located farther away from the speaker due to the

inverse relationship between sound pressure and distance from the source. A complex

vector having a magnitude and phase with respect to frequency may be applied to the



closest microphone to help equalize signals output by the microphones and effectively

reduce or eliminate the microphone-speaker echo coupling when the microphone signals

are combined.

[0022] In some embodiments, the result of the complex compensation vector is a

cardioid sensitivity pattern being formed by the microphone array in the near field. The

cardioid sensitivity pattern includes an acoustic null of near-field sources, such as the

speaker. In contrast, the vector also results in the microphone array performing as an

omnidirectional microphone in the far-field, where the talker may be located. Hence, the

vector results in the rejection of the sounds emitted from the speaker while achieving

high sensitivity to the local talker.

[0023] In other embodiments, additional microphones may be implemented in the

microphone array. These additional microphones may allow second, third, fourth and

fifth order sensitivity patterns that may include multiple acoustic nulls. For example, in

some embodiments, three microphones may be implemented in the array and an

acoustic sensitivity pattern may be formed that includes two acoustic nulls: one for the

speaker and one for a second noise source, such as a system fan or the like. In other

embodiments, placement of the acoustic nulls may be dynamic and changes as a

determined location of a noise source changes.

[0024] Referring to Fig. 1, an example electronic device 100 is illustrated. The electronic

device 100 is a notebook computer in Fig. 1. It should be appreciated, however, that the

electronic device 100 is presented merely as an example and the techniques described

herein may be implemented is a variety of different electronic devices including cellular

phones, smart phones, media players, desktop computers, televisions, cameras, and so

forth.

[0025] The electronic device 100 includes a display 102, a camera 106, a speaker 108

and a microphone array 110 . The electronic device 100 may be configured to provide

audio and video playback, and audio and video recording. Generally, audio playback

may be provided via the speaker 108.

[0026] Telecommunication functionality including audio based phone calls and video

calls may be provided by the device 100. As the microphone array 110 is proximately

located to the speaker 108, the use of the device 100 for such services encounters the

aforementioned issues with respect to signal to noise ratio (SNR) and microphone-

speaker echo coupling.



[0027] Turning to Fig. 2A, the microphone array 110 is illustrated in proximity to the

speaker 108. The speaker 108 may be driven by a speaker driver 112 which may

receive audio signals from the system of the device 100. The microphone array 110 may

be coupled to audio processing 114 which may be configured to process signals from the

microphones of the microphone array 110 and provide them to the system of the device

100. The audio processing 114 may include processors, filters, digital signal processing

software, memory and so forth for processing the signals received from the microphone

array 110. Amplifiers 116 may be provided to amplify the signals received from the

microphone array 110 prior to processing the signals. It should be appreciated that

analog to digital converters (not shown) may also be utilized in conjunction with the

amplifiers 116 so that a digital signal may be provided to the audio processing 114. At

least one of the microphones of the microphone array 110 may be coupled to a complex

vector filter 118, as will be discussed in greater detail below. Additionally, at least one of

the microphones may be coupled to another filter 119 .

[0028] Generally, the microphone array 110 may include two microphones that may be

coaxial with a speaker 108. Although, it should be appreciated that in other

embodiments, the speaker 108 may not be coaxial with the array 110 . Additionally, in

some embodiments, the microphone array 110 may be approximately coaxial with an

expected location of a user. The two microphones may be located a distance "d" from

each other. In some embodiments, the distance d may be between 10-40 mm, such as

approximately 20 mm. In other embodiments, the distance d between the microphone

may be greater or lesser.

[0029] As shown, a first microphone 120 of the array 110 may be located further away

from the speaker 108 than the second microphone 122. The difference in distance from

speaker 108 between the first and second microphones 120, 122 results in the first

microphone receiving the sound wave later and with a lower amplitude than the second

microphone. Generally, the delay may be defined as: (d2-di)/c, where c is the speed of

sound. Additionally, the amplitude of the sound wave is based on the distance of each

microphone from the speaker. It may be defined for the first microphone as 1/d2, and

1/di for the second microphone. Thus, the amplitude difference between the received

signals may be predominantly based on the relative distances of the microphones from

the speaker in the near field and it may be an inverse relationship (e.g., the greater the

distance, the smaller the amplitude). In contrast, sound sources in the far field generally

will have the same or substantially similar amplitudes. Indeed, the acoustic far field may

be roughly defined based on a distance from the array 110 where the amplitude of sound



wave sensed by each of the microphones has approximately equal amplitude. That is,

the source is located a sufficient distance away from the array that the distance between

the microphones of the array is generally inconsequential with respect to the relative

amplitude of the signals generated by the microphones in response to the sound from

the sound source.

[0030] Fig. 3 illustrates example signals 124, 126 output from the first and second

microphones 120, 122 upon sensing sound waves. It should be appreciated that the

time delay is not illustrated in Fig. 3 . While the illustrated signals 124, 126 have similar

shapes (e.g., similar spectral distribution), the amplitude of the signal 126 output by the

second microphone 120 is much larger than that of the first microphone 120.

[0031] A complex vector may be applied to the signal 126 of the second microphone 122

that compensates for the near-field effects and operates as a beamforming filter to

generate a desired acoustic sensitivity of the microphone array 110. For example, in this

example, the desired acoustic sensitivity may take the form of a cardioid that presents an

acoustic null at the location of the speaker 108. Generally, to form the desired cardioid

sensitivity pattern, the signal from microphone 122 is delayed and subtracted from the

signal of microphone 120. It should be appreciated that depending on the spatial

relationship of the speaker 108 to the microphone array 110, a different near field

sensitivity pattern may be desired. That is, the cardioid pattern may be suitable when

the speaker 108 is coaxial with the array 110 , but another pattern may be more suitable

when the speaker and array are not coaxial.

[0032] Referring again to Fig. 2A, the signals generated by the microphones may be

represented by:

X =Sn( ), and

he physical gain relationship between the speakers due to

the propagation of sound in air. It typically is treated in the digital realm and thus the

physical relationship between the microphones has been constrained by a minimum

sampling rate. That is, the distance between the microphones was correlated to the

sampling rate of the system. However, for the present purposes, the analog realm is



used so that the same constraints are not presented. The combination of the signals

after filtering is:

where S represents the acoustic signal, ω represents the frequency of the signal, Θ is the

angle between the axis of the array 110 and line from the second microphone forming a

right triangle with the path of the sound waves that reach the first microphone, k is the

wave number, T is an added time delay, d is the distance between the microphones 120,

122, and j is the imaginary number. As beamformers are inherently frequency

dependent, a compensation vector "A" (may also be referred to as "gain factor A") is

provided to help adjust and compensate for the frequency dependence. If the filter 118

,

y = 0 .

Thus, the array 110 is configured to cancel the near-field signal by creating an acoustic

null in the near field. The positioning of the null may be achieved by designing/adjusting

the filters 118 and 119 (e.g., T and A factors). In particular, varying T between 0 and d/c

rotates the position of the null (i.e. T=d/c) would be below the device (as shown in the

Fig. 2A) and T = 0 would pace the null to the side of the array. Varying A moves the null

toward or away from the device (i.e. A=1 moves the null to the far field and setting A < 1

brings the null closer to the device)

[0033] Fig. 2B illustrates an example embodiment where the near field source is offset

from the axis of the array. Using the equations set forth above,

y = Ae- ] T , Sn ( ) - (d Sn ( )e-

Again, T may be set to ) to place the null in a

desired location where y= 0 to provide a near field null at the location of the speaker.



The setting of T to 2 (or dcos(9), where d is the distance between the

microphones) changes the placement of the null based on the physical relationship of

the noise source to the array. In some embodiments, A and/or T may be manipulated as

to change the near-field sensitivity pattern and placement of the null in the near field.

Hence, the beamformer may be customized and/or dynamically configured to place an

acoustic null in the near field to reduce near field noise sources, such as the speaker

108.

[0034] While the near field acoustic sensitivity has a null, such as one resulting from a

cardioid sensitivity pattern, the far field acoustic sensitivity may be omnidirectional in

some embodiments. In other embodiments, the far field sensitivity pattern may have one

or more nulls and the nulls, and the sensitivity pattern in the far field, may be different

from that of the near-field. In some embodiments, the output signals after filtering for

the far field may be defined by the following equation:

That is, the foregoing equation shows the far-field sensitivity of the array 110. The array

110 , therefore, may provide a null in the near field, but have omnidirectional sensitivity in

the far-field.

[0035] The step-by-step derivation of the equation incorporating compensation vector A

includes the distributive property, trigonometric identities and complex exponentials, as

shown below. Starting with the same equation used for the near field:

y = As(u>) - A S(u>) [e w e d] ,

S( ) is drawn out using the distributive property to give:

Υ(ω ,θ ) = S(o))[A - e- cT M ] ,

where both k and d are vectors whose product is given by kd cos Θ and where k and d

are now the magnitude of the vectors. This equation describes the output of the

beamformer due to a source in the far-field (i.e., the pressure at both microphones due to

the source S ( ) is equal). Then, the exponent - j is multiplied through to give:

Υ(ω ,θ ) = S( )[A - e de d os ] .



The distributive property of the complex exponent gives:

Υ(ω ,θ ) = S( )[A - e d + ] .

Euler's formula relates the complex exponent to trigonometric functions to give:

Υ( ,Θ) = S(ffl)[A - cos(M (1+ cos Θ) - j sin(kd (1 + cos ))] .

The kd term is multiplied through using the distributive property to provide:

Υ( ,θ ) = S( )[Α - cos(kd +kd cos Θ) - sin(fei(l + cos )] .

Finding the magnitude of Y and using trigonometric identities give:

+ sin 2 ] ,

where Φ is given by kd(1 +cos Θ). Multiplying (A-cos^) with (A-cos^) gives:

.

Trigonometric identities may reduce it to :

, and

[0036] The frequency compensation vector A may be empirically determined to place the

acoustic null over the location of the speaker 108. The frequency compensation vector A

may generally be some number less than one in some embodiments. In other

embodiments, the compensation vector A may be greater than one, which would place a

null on the other side of the array 110 . For example, in some embodiments, the

frequency compensation vector A may be less than 0.6, such as approximately 0.5, 0.4,

0.3, 0.2 or 0 .1. It should be appreciated, however, that the frequency compensation

vector A may be any suitable number less than one that provides the desired acoustical

sensitivity pattern (e.g. , places an acoustic null at the location of the speaker).

[0037] Fig. 4 illustrates the output signal 126' after the filter has been applied to the

signal 126. As may be seen, the amplitude of the signals 126' and 124 are

approximately equal. Furthermore, the application of the filter achieves the desired



acoustical sensitivity pattern. The pattern is illustrated in Fig. 5 as a cardioid with a null

140 at the location of the speaker 108. In Fig. 5 , the microphones 120,1 22 may be

spaced approximately 20 mm apart and the second microphone 122 may be

approximately 20 mm from the speaker 108. In other embodiments, the spacing

between the microphones 120, 122 and the speaker 108 may vary and the frequency

compensation factor may be adjusted accordingly. Generally, the acoustic null 140 may

have the effect of reducing acoustic signals approximately 6dB or more in the near-field

where the null is located. Contrastingly, the acoustic sensitivity of the microphone array

may function omnidirectionally in the far-field (e.g., the array provides an acoustic

sensitivity pattern approximately representative of an omnidirectional microphone in the

far-field). This is achieved by the array 110 providing approximately uniform sensitivity in

the far-field depending on the distance from the array. Thus, the filter may achieve the

rejection desired for the speaker 108 while achieving a high sensitivity to a user's

speech.

[0038] In Fig. 5 , a user 150 is illustrated in the acoustic far-field and coaxial with the

microphone array 110 to show that the user may be located in the direction of the near-

field null and the far-field sensitivity in that direction will not be impacted. That is, due to

the omnidirectional sensitivity in the far-field , the user 150 may be in line with the null

and will still pick up the user's speech. In other embodiments, the user may not be

coaxial with the array and the array will still pick up the user's speech. Additionally, the

user 150 may or may not be co-planar with the microphone array 100. Indeed, the user

150 may be elevated relative to the plane of the array 110 and speaker 108. For

example, the user may be elevated between 20 and 60 degrees (in one embodiment the

user may be approximately 40 degrees elevated) relative to the microphone array. Due

to the approximately omnidirectional acoustical sensitivity of the microphone array 110 in

the far-field, the user 150 may be positioned in a variety of positions in the far-field and

the microphone array will be able to pick-up the user's speech, while rejecting "noise"

that may be originating in the near-field (e.g., from the speaker 108).

[0039] It should be appreciated that more complex beamforming schemes may be

implemented based on the foregoing principles utilizing the complex vector and gain

factor A. In some embodiments, a dynamic beamformer may be implemented that

allows for dynamic placement of nulls. Fig. 6 illustrates an example circuit diagram for a

dynamic null placement circuit 200. At a high level, the circuit illustrated in Fig. 6

includes two of the circuit of Fig. 2A. As with the prior examples, the dynamic null

placement circuit 200 may include the microphones 120, 122 separated a distance d . A



signal output from the microphone 122 may be routed through the filter 118 to be filtered

by the complex vector with the gain factor A. Additionally, the signal from microphone

122 may be subject to a delay T 202 and pass to a difference circuit 204 to be subtracted

from the filtered signal (filtered by filter 209) from the microphone 120. The difference is

provided to a secondary filter 206 which will be discussed in greater detail below.

[0040] In addition to being filtered and provided to the difference circuit 204, the output

of the microphone 120 is provided to a delay circuit 208. The output of the delay circuit

208 is provide to a difference circuit 2 10 which also receives an out of the filter 118 . The

output of the difference circuit 210 is provided to yet another difference circuit 212 which

also receives the output from the filter circuit 206. The output of the difference circuit

212 is provided to beamforming circuitry 214 which may include one or more processors,

memory, and so forth to determine a location of a noise source and dynamically adjust

the filter of filter circuit 206 to create an acoustic null in the sensitivity of the microphone

array 110 to account for the noise source.

A differential beamforming equation for the beamforming circuitry 214 may generally take

a form similar the equations set forth above. However, the

[0041] A and β that can be selected to change the location of the desired nulls while T is

fixed by the delay time between the microphones, i.e., =d/c. In this case A may be used

(as above) to bring the null closer to the device (A=1 is far field and A<1 brings the null

closer to the device) and β rotates the location of the null relative to the device.

Generally, β = 0 places the null below the array and β = 1 places the null to the side of

the array.

[0042] Generally, when A is selected to be one, the output may take the form of two

cardioid sensitivity patterns oriented in opposite directions. If A is no longer selected as

one, then the sensitivity pattern is no longer a cardioid pattern. As discussed above,

selection of A may also create a null in the near field. In some embodiments, the

shaping may include monopole and dipole components. Selection of other filtering

parameters may provide other sensitivity patterns. Thus, a null in the far-field to exclude

a far-field noise source may be provided without losing acoustic sensitivity to a user.

Moreover, the user may be located anywhere in the far-field.

[0043] Additionally, the filter 206 includes β which combines the outputs to provide a

desired beam form sensitivity β operates in the frequency domain, as does A. That is,

A and β are a function of frequency. To achieve a simple cardioid pattern, the β may be



set to 0 . To achieve a dipole sensitivity pattern, such as that shown in Fig. 7 , β may be

set to - 1 . To achieve a hyper cardioid such as that shown in Fig. 8 , β may be set to -26.

These beam forms are provided as examples and other shapes may also be achieved.

[0044] In some embodiments, the β may be dynamically selected based on feedback

from the beamformer circuit 214. The β may be set after one or more alternatives have

been tested to determine which provides the greatest noise immunity. For example, A

may be preset and β can be manipulated/tested until a desired sensitivity pattern is

found. As such, the selection of a β may be automated for the far-field to minimize the

noise. In still other embodiments, both the β and the A may be selectively modified to

achieve a desired noise immunity based on the beamforming shape. In such case, the

beamforming circuitry 214 may provide feedback to each of the filter circuits 118 and

206. This may be particularly useful when the selected value of A may be found not well

suited to a particular context, such as where there is a significant amount of acoustic

reflections in the room.

[0045] In some embodiments, more than two microphones may be utilized to provide

further flexibility in null placement. For example, as illustrated in Fig. 9 , an array 220

having three microphones 120, 122, 224 may be provided. With the three microphones

120, 122, 224 the acoustic nulls may be selected not by only the shape of the acoustic

sensitivity pattern of the array 220, but also the orientation of the acoustic sensitivity

pattern. For example, in Fig. 10, a hyper cardioid sensitivity pattern may be created and

then rotated to effectively produce acoustic nulls at approximately 60 degrees and 90

degrees, as shown.

[0046] Generally, the number of degrees of freedom for placement of null is equal to the

number of microphones. In some embodiments, it may be possible to create as many

nulls as are microphones or even more nulls than there are microphones. However, one

or more null may be spatially dependent on another null or fixed relative to another null.

[0047] In some embodiments, one of the microphones 120, 122, 224 may be located

near a system fan to neutralize the noise generated by the fan. It should be appreciated

that a circuit diagram for microphone arrays having greater than two microphones may

generally take a form similar to that illustrated in Fig. 6 for the two microphone case. For

the sake of simplicity the circuitry has not been shown. However, the size of the circuit

would multiply as increasingly more microphones are added. In particular, more than

one filter 118 may be provided to help filter out near-field echo. For example, a filter may

be provided for one or more microphones that may be located near a system fan, hard



disk drive, or a keyboard, for example, that generates acoustic noise. Generally, it may

be desirable to provide sufficient microphones and/or filters to create an acoustic null for

each known noise source so that operation of the system does not interfere with or

degrade the ability of the system to register a user's speech or sounds that a user

desires the system to receive. It should be appreciated that one or more microphones

may be located inside of an enclosure of the computing device. As such, the

microphones of the array may not be co-planer with each other and, further, may not be

co-axial with each other. Additionally, more than one filter 206 may be provided to help

further define the contours of the acoustic sensitivity pattern and to create acoustic nulls

in the far-field as well as in the near-field.

[0048] Generally, with even more microphones in the array, further selectivity of both null

placement and acoustic pattern sensitivity may be provided. For example, in Fig. 11, an

array 230 having five microphones 122, 124, 224, 232, 234 is illustrated as providing

three acoustic null regions 240, 242, 244. It should be appreciated that more than three

null regions may be defined and that the null regions may be spatially distributed.

Additionally, the null regions may be adaptively set based on noise source location.

[0049] In one embodiment, the device may selectively test one or more filtering values

(e.g., A and/or β) to determine which of the tested values provide the best noise

reduction and/or improved signal to noise ratio. In some embodiments, the system may

be configured to sequentially test filtering values provided from a table or database, for

example. In other embodiments, the system may be configured to test a select number

of filter values (e.g., between two and one-hundred) and then iteratively modify and test

new values based on relative effectiveness of the values. For example, initially, a first

value and a second value may be tested. If the first value achieved better results than

the second value, then the first value may be modified (e.g., may be slightly increased

and slightly decreased) and then tested again. The process may repeat for a finite

number of iterations or until the system is unable to achieve further improvement through

modification of the values.

[0050] Additionally, an amplitude of the received signals may be utilized to determine

which microphone output should be filtered and how they should be filtered. For

example, if one microphone provides a larger amplitude signal than the other

microphones, the noise source location may initially be defined as being somewhere

nearer the microphone with the higher amplitude than other microphones. As such,

filtering and filter values may be selectively applied to create a null in space where the



noise source may possibly be located. By tuning β, a variety of beam patterns can be

created with nulls positioned at specific angles.

[0051] Moreover, in some embodiments, when a location of a noise source has been

determined and an acoustic null has been created for the location, the device may be

configured to adaptively preserve the null while the device moves. That is, movement

and/orientation sensors (e.g., accelerometers and/or gyroscopes) may be used to

determine the movement and/or orientation of the device relative to the noise source and

adapt the acoustic sensitivity pattern of the array to preserve the effectiveness of the

acoustic null.

[0052] The foregoing describes some example embodiments that provide specific

acoustic sensitivity patterns with selective null positioning to help decrease echo

coupling between speakers and microphones and improve the signal to noise ratio of a

system. In particular, embodiments provide for software processing of signals to achieve

a near-field unidirectional microphone approximation and a far-field omnidirectional

microphone, so that near-field noise may be reduced and far-field acoustics improved.

Although the foregoing discussion has presented specific embodiments, persons skilled

in the art will recognize that changes may be made in form and detail without departing

from the spirit and scope of the embodiments. Accordingly, the specific embodiments

described herein should be understood as examples and not limiting the scope thereof.



CLAIMS

1. An electronic device comprising:

a speaker; and

a microphone array comprising:

a first microphone positioned a first distance from the speaker;

a second microphone positioned a second distance from the speaker,

wherein the first and second microphones are configured to receive an acoustic signal;

and

a complex vector filter coupled to the second microphone, wherein the

complex vector filter is applied to an output signal of the second microphone to generate

an acoustic sensitivity pattern for the array that provides an acoustic null at the location

of the speaker.

2 . The electronic device of claim 1, wherein the complex vector filter

comprises a gain factor A to compensate for an amplitude difference between the output

signal of the second microphone and an output signal from the first microphone.

3 . The electronic device of claim 2 , wherein the array further comprises:

a first delay circuit coupled to the second microphone;

a first difference circuit coupled to the first delay circuit and the first microphone;

a multiplier circuit coupled to the output of the first difference circuit;

a second difference circuit coupled to the output of the multiplier circuit;

a second delay circuit coupled to the first microphone;

a third difference circuit coupled to the second delay circuit and an output of the

complex vector filter; wherein the output from the third difference circuit if provided to the

second difference circuit; and

a beamforming circuit coupled to the output of the second difference circuit,

wherein the beamforming circuit is configured to form an acoustic sensitivity pattern for

the array.

4 . The electronic device of claim 3 , wherein the beamforming circuit is

configured to selectively provide a value to the multiplier circuit, wherein the acoustic

sensitivity pattern is determined at least in part based upon the provided value.



5 . The electronic device of claim 4 , wherein the beamforming circuit is

configured to selectively provide the gain factor A to the complex vector filter, wherein

the acoustic sensitivity pattern is determined at least in part based upon the provided

value.

6 . The electronic device of claim 3 , wherein the beamforming circuit is

configured to dynamically change the provided value.

7 . The electronic device of claim 2 , wherein the gain factor A is fixed.

8 . The electronic device of claim 2 , wherein the effect of the filter in the far

field is described by the equation:

where S is the acoustic signal, ω is the frequency of the signal, Θ is an angle of

propagation of the signal, k is a wave number, T is the delay, d is the distance between

the first and second microphones, j is the complex number and A is a gain factor.

9 . The electronic device of claim 1, wherein the first microphone, second

microphone and speaker are coaxial.

10 . The electronic device of claim 1, wherein the second microphone is

located closer to the speaker than the first microphone.

11. The electronic device of claim 10 , wherein the microphone array functions

as a unidirectional microphone in the near-field.

12 . The electronic device of claim 11, wherein the near-field comprises a

distance from the first speaker less than 100 mm.

13 . The electronic device of claim 11, wherein the microphone array functions

as an omnidirectional microphone in the far-field.

14. The electronic device of claim 12, wherein the far-field comprises a

distance from the first and second microphones greater than 100 mm.



15 . The electronic device of claim 1, wherein the first and second

microphones are positioned between approximately 10 and 60 mm apart.

16 . The electronic device of claim 15 , wherein the first and second

microphones are positioned approximately 20 mm apart.

17 . The electronic device of claim 15 , wherein the speaker is positioned

between approximately 10 and 30 mm from the second microphone.

18 . A method of operating an electronic device to functionally provide an

acoustic near-field unidirectional microphone and a far-field omnidirectional microphone,

the method comprising:

receiving an acoustical signal at an acoustic transducer array, wherein the

acoustic transducer array comprises a plurality of microphones;

generating a plurality of electrical signals, wherein each microphone of the

acoustic transducer array generates an electrical signal;

filtering at least one of the electrical signals according to the complex vector such

that the output is defined by

where S is the acoustic signal, ω is the frequency of the signal, Θ is an angle of

propagation of the signal, k is a wave number, T is the delay, d is the distance between

the first and second microphones and j is the complex number and A is a gain factor,

wherein filtering generates an acoustical sensitivity pattern for the acoustical

transducer array that provides a near-field null.

19 . The method of claim 18 further comprising:

delaying the at least one of the electrical signals;

subtracting the delayed signal from another signal of the electrical signals to

output a difference between the delayed signal and the other signal; and

multiplying the difference by value that determines, at least in part, the shape of

the acoustic sensitivity pattern.

20. The method of claim 19 further comprising dynamically adjusting at least

one of the gain factor A and the value.
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