
Combining the Remote Microphone Technique with

Head-tracking for Local Active Sound Control

Woomin Jung,∗ Stephen J. Elliott, and Jordan Cheer

Institute of Sound and Vibration Research,

University of Southampton, SO17 1BJ, United Kingdom

(Dated: June 9, 2017)

Abstract

This paper describes practical integration of the remote microphone technique with a head-

tracking device in a local active noise control system. The formulation is first reviewed for the

optimized observation filter and nearfield pressure estimation. The attenuation performance and

stability of an adaptive active headrest system combined with the remote microphone technique

are then studied. The accuracy of the nearfield estimation and the effect of the head-tracking on

the control performance are investigated in real-time experiments. The regularization factor of the

observation filter is selected as a trade-off between its accuracy and its robustness. The integrated

active headrest system is used to estimate and attenuate disturbance signals at a listener’s ears

from a single tonal primary source, while a commercial head-tracking device detects and provides

the real-time head position to the active headrest system whose responses are updated accordingly.
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I. INTRODUCTION1

Active sound control in enclosures can be mainly divided into two strategies: global active2

control and local active control [1] [2] [3]. Global active control is designed to reduce the3

overall acoustic potential energy in an enclosure, and previous research has demonstrated4

that the attenuation performance of global active control is generally limited to low fre-5

quencies. For instance, global control inside a car cabin sized enclosure can be effective at6

frequencies below about 300 Hz, but because the modal density increases at higher frequen-7

cies, it is difficult to achieve control using a limited number of loudspeakers [2]. In contrast,8

since local active control aims to reduce the sound pressure at particular locations, a higher9

level of attenuation can be achieved at higher frequencies. Zones of quiet are thus generated10

at the control-targeted locations such as a listener’s ears in a vehicle cabin. Previous re-11

search has investigated the use of active headrest systems to achieve local active control in a12

practical vehicle cabin [4] [5] [6] [7]. In the active headrest system, secondary control sources13

and error sensors are installed around the headrests of the seats to control the interior noise14

around the driver and passengers.15

Although the attenuation performance of the active headrest system depends on various16

factors, including the geometry of the active headrest system and the acoustic characteristics17

of the sound field, it is demonstrated that for a single channel system in a diffuse field, the18

10 dB zone of quiet, in which at least 10 dB of attenuation is achieved, is formed around19

the error microphone with a diameter of about one tenth of the acoustic wavelength [8].20

At higher frequencies the 10 dB zone of quiet becomes increasingly small. Additionally,21

when the physical error microphones are remotely installed from control-targeted areas due22

to practical limitations, the 10 dB zone of quiet may be generated outside of the control-23

targeted areas. To overcome this limitation, a number of virtual sensing algorithms have24

been proposed [9] [10] [11]. The virtual sensing algorithms allow the signals at virtual25

error microphones, which are located in the control-targeted areas, to be estimated from26

a set of physical monitoring microphones, which are installed remotely from the target27

areas. Amongst the virtual sensing algorithms, the remote microphone technique, initially28

suggested by Roure and Albarrazin [9], assumes that a filter, called the observation filter29

here, can be used to estimate the disturbance signals at the virtual error sensors from the30

disturbance signals at the monitoring sensors. A formulation for the optimal design of31
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this observation filter in the frequency domain is presented by Elliott and Cheer [11]. The32

present paper investigates the accuracy and robustness of the remote microphone technique33

in an active headrest, to estimate the disturbance signals at the listener’s ears from the34

disturbance signals at the monitoring sensors on the headrest.35

Another practical issue concerning local active control is the effect of listener head move-36

ments on the control performance. When local control is implemented around a listener’s37

ears, head movements during control can introduce changes to the sound field and the acous-38

tic responses. In particular, if the remote microphone technique is applied, the accuracy of39

the virtual sensing estimation method can be degraded by head movement and as a result,40

the attenuation performance and stability of the adaptive algorithm can be reduced. To over-41

come this problem, moving virtual sensing methods have been studied [12] [13] and the appli-42

cation of a head-tracking device to local active control has also been suggested [10] [14] [15].43

That is, as the head-tracking device detects a change in the head position, this informa-44

tion can be utilized to update the controller and the observation filter using pre-calculated45

responses, which are required to implement an adaptive local active control system. This46

paper goes beyond previous conference publications [14] [15] in its discussions of how the47

remote microphone technique can be used in practice and on the condition for the stability48

of the overall tonal adaptive control system with integrated head-tracking. Moreover, a49

complete experimental implementation, which includes practical head-tracking, is presented50

and validates the performance and stability analysis.51

In Section II, a theoretical analysis of the remote microphone technique and the integrated52

active headrest system are presented. In Section III, the real-time implementation of the53

nearfield estimation and integrated active headrest system for controlling tonal sounds is54

presented. Finally, in Section IV, conclusions are drawn.55

II. THE COMBINED LOCAL ACTIVE CONTROL SYSTEM56

In this section, the remote microphone technique is reviewed using a frequency-domain57

formulation to obtain the optimized observation filter. In addition, for the case when the58

remote microphone technique is combined with an adaptive feedforward active control sys-59

tem, the optimized control signals and attenuation performance are also formulated. Finally,60

a condition for the stability of the combined system is derived. Analysis in the frequency61
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domain allows a straightforward assessment of both the nearfield estimation and the be-62

haviour of the active control system when it aims to control tonal noise. For generality,63

all signals are initially assumed to be stationary random, so that only their spectral den-64

sities are time-invariant [11], but their frequency dependence is suppressed for notational65

convenience.66

A. The remote microphone technique for nearfield estimation67

As discussed in the introduction, it is often impractical to install physical error micro-68

phones close to the ears of the listener. To overcome this problem, the remote microphone69

technique [9] [10] [11] can be applied to estimate virtual error signals from the signals mea-70

sured at the remote monitoring microphones, as shown in Fig. 1. The remote microphone71

technique relies on the primary field being sufficiently uniform that there is a strong spatial72

correlation between the monitoring microphones and the virtual error microphones.73

The primary sources produce a vector of complex disturbance signals, at a given frequency,74

of de = [ de1, de2 . . . deNe ]T at the virtual microphones, and the secondary sources are75

driven by the vector of control signals u = [ u1, u2 . . . uNu ]T to minimize these disturbance76

signals. The vector of complex error signals, e, at the virtual microphones after control can77

be defined as78

e = de + Geu, (1)

where Ge is the matrix of plant responses between the secondary sources and the virtual79

error microphones. When the direct measurement of the physical error signals is infeasible,80

they can be estimated from the monitoring microphone signals m = [m1, m2 . . . mNm ]T ,81

which are defined as82

m = dm + Gmu, (2)

where dm is the vector of disturbance signals at the monitoring microphones, which is83

described as dm = [ dm1, dm2 . . . dmNm ]T and Gm is the matrix of plant responses84

between the secondary sources and the monitoring microphones. The remote microphone85

technique is used, as illustrated in Fig. 1, where it is assumed that only estimates of the86
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FIG. 1. Block diagram of the remote microphone technique.

plant responses Ge and Gm are available, as denoted by Ĝe and Ĝm, and Ô is the estimated87

observation filter used to calculate d̂e from d̂m. The estimated error signals, ê, at the virtual88

error microphones can then be written as89

ê = d̂e + Ĝeu = Ôd̂m + Ĝeu = Ô(m− Ĝmu) + Ĝeu. (3)

The observation filter in Eq. (3) will influence how accurately d̂e is estimated, compared90

to de and the estimation error between them is an important factor for the performance of91

the control system. The optimal observation filter, Oopt, can be derived by minimizing the92

estimation error between de and d̂e. In practice, however, it is also necessary to include93

a term in the cost function that is proportional to the effort required by the observation94

filter to improve the robustness of this filter. If de and dm are measured in preliminary95

experiments before active control and dm is thus identical to d̂m, Oopt can be obtained by96

minimizing the cost function [11],97

J1 = trace

{
E
[
(de −Odm)(de −Odm)H + β OOH

]}
, (4)

where E[ ] is the expectation operator and H is the Hermitian, complex conjugate transpose98

and β is a positive real effort-weighting parameter. In the calculation of the optimized filter99

it is assumed that de and dm are known perfectly. From Eq. (4), when the number of100

monitoring microphones (Nm) is larger than the number of error microphones (Ne), the101

problem is mathematically overdetermined and Oopt, which minimizes J1 in Eq. (4), can be102

calculated using similar methods to those described in Ref. [2] to give103
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Oopt = Sdmde(Sdmdm + βI)−1 = PeSvvP
H
m(PmSvvP

H
m + βI)−1, (5)

where Sdmde = E[ded
H
m] is the cross spectral density matrix between dm and de, Sdmdm =104

E[dmd
H
m] is the power spectral density matrix for dm, I is the identity matrix having the105

same dimensions as Sdmdm and the leakage term, β, is seen to act as a regularization factor.106

If Svv is the power spectral density matrix of primary source strengths, v, and Pe and107

Pm are the matrices of acoustical transfer responses from the primary sources to the error108

microphones and monitoring microphones respectively, Oopt can be written in the alternative109

form on the right-hand side of Eq. (5). When practical estimates of Pe and Pm are used to110

calculate the observation filter, it is denoted Ôopt and applied to Eq. (3).111

When the inverse term in Eq. (5) has a large condition number, Oopt can be sensitive to112

physical and numerical uncertainties. A reduction in the condition number can be obtained113

by appropriate selection of the regularization factor, β. Although the solution for the optimal114

observation filter with regularization becomes more robust to practical uncertainties, an115

excessively large regularization factor can produce a biased solution with a higher estimation116

error. Therefore, to select an appropriate regularization factor, it is necessary to consider117

both the robustness and the accuracy of the solution.118

B. Local active control combined with the remote microphone technique and119

head-tracking120

To use the remote microphone technique in practice it is combined with the filtered-121

reference LMS algorithm for feedforward control, and the block diagram of the combined122

algorithm is shown in Fig. 2. In Fig. 2, the error signals estimated using the remote micro-123

phone technique with the optimal observation filter are multiplied by the filtered-reference124

signals to update the control filter coefficients. The active control system thus attempts to125

adaptively reduce the estimated error signals, ê. The optimal control signals, uopt, can be126

obtained by minimizing ê using the cost function defined as127

J2 = trace

{
E
[
ê êH

]}
. (6)

To describe Eq. (6) in terms of u, we first substitute Eq. (2) into Eq. (3) and use the optimal128
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estimated observation filter, Ôopt, so Eq. (3) can be expressed as129

ê = Ôoptdm +
[
Ĝe + Ôopt(Gm − Ĝm)

]
u. (7)

In Eq. (7), the term, Ĝe + Ôopt(Gm − Ĝm) can be defined as the effective plant response,130

G, between u and ê, and only if both Ĝe is equal to Ge and Ĝm is equal to Gm, will this131

plant response be equal Ge. By substituting Eq. (7) into Eq. (6), the cost function can be132

written as133

J2 = trace

{
E
[
(Ôoptdm + Gu)(Ôoptdm + Gu)H

]}
. (8)

The optimal control signals, uopt, that minimize Eq. (8) can be obtained using the derivation134

detailed in Ref. [2] as135

uopt = −(GHG)−1GHÔoptdm. (9)

The spectral density matrix of the signals at the error microphones, See, after optimal control136

can then be obtained by substituting Eq. (9) into Eq. (1), so that137

See = E
[
(de + Geuopt)(de + Geuopt)

H
]

= Sdede −Ge(G
HG)−1GHÔoptS

H
dmde − SdmdeÔ

H
optG(GGH)−1GH

e

+ Ge(G
HG)−1GH ÔoptSdmdmÔ

H
optG(GGH)−1 GH

e .

(10)

The optimal attenuation performance at the error microphones can then be obtained by138

dividing the sum of diagonal terms of See by the corresponding term for Sdede .139

To investigate the conditions for the convergence of the adaptive algorithm in Fig. 2,140

when a single tonal reference signal is assumed, the vector of complex control signals, u, at141

the (n+ 1)-th iteration can be written as142

u(n+ 1) = u(n)− αĜH
e ê(n), (11)

where α is the convergence coefficient and ê(n) is the vector of sampled estimated error143

signals at the nth sample time. In Eq. (11), the internal model, Ĝe, is applied instead of144
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FIG. 2. Block diagram of the filtered-reference LMS algorithm for adaptive feedforward control,

combined with the remote microphone technique.

the effective plant response, G, since the difference between Gm and Ĝm is not known and145

so is assumed to be zero. From Eq. (7), the vector of sampled estimated error signals at the146

nth sample time, ê(n), can be written as147

ê(n) = Ôoptdm(n) +
[
Ĝe + Ôopt(Gm − Ĝm)

]
u(n) = Ôoptdm(n) + Gu(n). (12)

By substituing Eq. (12) into Eq. (11), Eq. (11) can be expressed as148

u(n+ 1) = u(n)− α
[
ĜH
e Ôoptdm(n) + ĜH

e Gu(n)
]
. (13)

The expression in square brackets in Eq. (13) is zero after convergence if convergence is149

achieved. Therefore, the steady state vector of control signals after the convergence, u∞, is150

defined to be151

u∞ = −(ĜH
e G)−1ĜH

e Ôoptdm. (14)

By substracting Eq. (14) from both sides of Eq. (13), Eq. (13) can be written as152

(u(n+ 1)− u∞) =
[
I− αĜH

e G
]

(u(n)− u∞). (15)

When the eigenvalues of ĜH
e G are denoted by λNu, from the principal coordinates analysis153

presented by Elliott [2], the condition for the stability of the adaptive algorithm is given by154
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0 < α <
2Re(λNu)

|λNu|2
for all Nu (16)

Therefore, a sufficient condition for the convergence is that the real parts of all the eigenval-155

ues must be positive. In the case considered here, when the remote microphone method is156

combined with the filtered-reference LMS algorithm, and using the definition of the effective157

plant response, G, above, the sufficient condition becomes [14]158

Re(eig[ĜH
e Ĝe + ĜH

e Ôopt(Gm − Ĝm)]) > 0. (17)

In Eq. (17), because the real parts of the eigenvalues of ĜH
e Ĝe are always positive, the sta-159

bility is determined by the term, ĜH
e Ôopt(Gm−Ĝm). This would be zero if Ĝm was exactly160

equal to Gm, but in practice small differences between these matrices can be amplified by161

Ôopt if the elements of this observation filter are large.162

When the sound at the ears of a listener is locally controlled, Gm, Ge and de will all be163

modified by head movements. Therefore, if Ĝm, Ĝe and Ôopt were pre-modelled and fixed at164

a nominal head position, the stability and performance of the active headrest system would165

be influenced by differences between the pre-modelled responses and the physical responses166

that will be introduced due to head movements. To overcome this problem, a head tracking167

device can be integrated with the active headrest system, which uses the remote microphone168

technique and adaptive control algorithm shown in Fig. 2. The integrated active headrest169

system is shown in Fig. 3. The head tracking device detects changes in the listener’s head170

position and provides this information to the adaptive algorithm employing the remote171

microphone technique. The control system can then use this position information to update172

Ĝm, Ĝe and Ôopt dynamically, as the head position is changed, by using a pre-calculated173

lookup table, for example.174

III. REAL-TIME IMPLEMENTATION AND EXPERIMENTAL INVESTIGA-175

TION176

To investigate the performance of the integrated active headrest system in a practical177

arrangement, several experiments have been conducted. In this section, the optimized ob-178

servation filters have been calculated by off-line analysis of the measured acoustic transfer179

9



FIG. 3. The active headrest system integrated with the headtracker and monitoring microphones

of the remote microphone technique.

responses, based on the theory developed in the previous section. Experiments have then180

been conducted to investigate the performance of the active headrest system using the re-181

mote microphone technique and head-tracking in real-time, when the primary sound field is182

produced by a single tonal source.183

A. Experiment arrangement184

Fig. 4 shows the experimental installation used for the real-time implementation and185

testing in an anechoic chamber. Four monitoring microphones were installed, with two on186

the back of the headrest and two on the supporting structure, as shown in Fig. 4. The187

positions of these monitoring microphones were selected through a series of preliminary188

experiments to obtain an accurate nearfield estimation of the disturbance signals at the189

virtual error sensors. To compare the estimated disturbance signals at the virtual error190

microphones with the actual disturbance signals, two microphones were also installed in the191

ears of a dummy head. The dummy head and physical error microphones can be removed192
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after the preliminary measurements and the system can be used by a real listener. After193

calculating the observation filter, the active headrest system with the adaptive algorithm194

shown in Fig. 2 was applied using the measured plant responses, to reduce the disturbance195

signals in real-time. The full set of transfer responses between the primary and secondary196

sources and the monitoring and physical error microphones was measured when the dummy197

head was located at 20 different positions on a 5 x 4 grid of points spaced 5 cm apart. A198

single loudspeaker was installed behind the active headrest system to act as the primary199

source, driven by a single frequency signal. Finally, a commercial device, the Microsoft200

Kinect, was installed in front of the dummy head and used to track the head position. The201

information from the Kinect was decoded in real-time using plug-in software implemented202

in MaxMSP and this was passed to a dSPACE-based adaptive controller, which already had203

stored in it the various plant responses and pre-calculated observation filters for the 20 head204

positions.205

B. The nearfield estimation of tonal sounds in real-time206

As mentioned in Section II, the observation filter must be pre-calculated using Eq. (5)207

and the pre-measured acoustic responses. In addition, an appropriate regularization factor208

is necessary in order to achieve both accurate estimation and robustness to practical uncer-209

tainties. An estimate of the robustness of the system can be obtained from the condition210

number of the matrix being inverted in Eq. (5). Fig. 5 shows that for an excitation frequency211

of 600 Hz, a regularization factor between 10−4 and 10−2 appears to give a reasonable trade-212

off between the condition number and the estimation error if an attenuation of at least 10 dB213

is to be achieved. The estimation accuracy was calculated using the data measured in the214

installation shown in Fig. 4 with the disturbance signals at the error microphones estimated215

from the monitoring microphone array using the observation filters given by Eq. (5). The216

estimation error at each microphone, En, has been defined as217

En = 10 log10

∣∣∣∣ Sεε,nSdede,n

∣∣∣∣, (18)

where n is the number of the error microphone, and E1 and E2 indicate respectively the218

estimation error at the right and left error microphones, and if ε is defined as de − d̂e, then219
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(a)

(b) (c)

FIG. 4. (a) The overall installation for the real-time operation of both the nearfield estimation

and the integrated active headrest system for controlling tonal disturbance signals, (b) the dummy

head with 2 error microphones, one in each ear, and 4 monitoring microphones to the rear and (c)

the monitoring microphones on both a mounting structure and the headrest.

Sdede,n and Sεε,n are the diagonal elements of the spectral density matrices, Sdede and Sεε.220

In order to determine an appropriate regularization factor for the real-time implemen-221

tation, values in the range of 10−4 to 10−2 were investigated through off-line calculation of222

the estimation accuracy and the robustness to uncertainty. Following the related analysis223

presented by Elliott et al. [16], the acoustical uncertainty, ∆dm in the power spectral density224

matrix of dm can be included in Eq. (5) as225

Oopt = Sdmde(Sdmdm + ∆dm + βI)−1, (19)

where ∆dm is defined as226
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FIG. 5. Condition number of the inverse term in Eq. (5) (Solid line) and off-line nearfield estimation

error (Dash-dot line) with different regularization factors to estimate the disturbance signals at the

right error microphone at the nominal head position using the monitoring microphones at 600 Hz.

∆dm = e2
‖Sdmdm‖F

M2
I, (20)

where e is the normalized rms error, ‖ ‖F is the Frobenius matrix norm defined in [2] and227

M is the number of monitoring microphones. The normalized rms error is set to either 0.05,228

0.1 or 0.2, representing either 5 %, 10 %, or 20 % variation in the measured estimation of229

the pressure at the monitoring microphones. If different regularization factors are applied230

under these different levels of variation, changes in the nearfield estimation error indicate231

the robustness of the observation filter. Fig. 6 shows the nearfield estimation error for232

different levels of acoustical uncertainty for three different regularization factors. From the233

results in Fig. 6, it can be seen that when different levels of acoustical uncertainty exist, the234

nearfield estimation error with β =10−4 is influenced by the acoustical uncertainty, although235

a reasonably accurate estimation is achievable even with 20% uncertainty. However, the236

influence of the acoustical uncertainty is decreased as the regularization factor is increased237

such that with β =10−3 the variation in the estimation error for different levels of uncertainty238

is less than 1 dB . From the results shown in Fig. 5 and Fig. 6, a regularization factor, β =10−3239

was selected as appropriate for the real-time estimation. It can be seen from Fig. 6 that in240

the frequency range below 100 Hz, the nearfield estimation error is significantly increased241

because the primary loudspeaker does not generate sound efficiently in this frequency range242

and so the measured pressures are dominated by background noise, giving poor coherence243
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(a) (b)

(c)

FIG. 6. Changes in the nearfield estimation error for different acoustic uncertainties in the analysis

of the monitoring microphones when the observation filter is applied with different regularization

factors as: (a) β =10−4, (b) β =10−3, (c) β =10−2

between the loudspeaker input and microphone output.244

When tonal disturbance signals at the dummy head error microphones at different fre-245

quencies are measured and compared with those estimated from the monitoring microphones246

in real-time, with the pre-calculated observation filter using a regularization of β =10−3, re-247

sults in Table I show that less than -15 dB estimation error is achieved at all frequencies248

between 300 and 700 Hz. Table I also shows that the off-line results, which are predicted from249

the measured acoustic responses, give a reasonable indication of the real-time performance.250
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C. Real-time adaptive control using the integrated active headrest system251

The real-time performance of the integrated active headrest system was then tested when252

a single primary source in the anechoic chamber was driven to produce a tonal disturbance.253

For the estimation of the virtual error signals, the observation filters described in the previous254

section, with a regularization factor of β =10−3, were applied.255

When the dummy head was located in the nominal position ‘A’ in Fig. 7, the attenuation256

performance was measured, as summarised in Table II. The attenuation of the estimated257

error signals inside the control system, i.e. ê(n) in Eq. (12), is termed the “predicted”258

attenuation in this table, and this is almost perfectly cancelled by the adaptive controller259

since this calculation takes no account of background noise on processing errors. The at-260

tenuation actually achieved at the microphones in the dummy head is degraded, because in261

the previous section, as the regularization factor was applied to improve the robustness of262

the observation filter, the nearfield estimation error between the actual and estimated error263

signals was increased to between −20 and −30 dB. If a smaller regularization factor for the264

observation filter is used, differences between the predicted and actual attenuation can be265

decreased. However, with β =10−3, selected to giva a trade-off between the robustness and266

accuracy of the nearfield estimation, although the achieved performance is lower than the267

predicted performance, an actual attenuation of greater than 15 dB is still achieved at all268

frequencies between 300 and 700 Hz. The real-time estimation error in Table I generally269

corresponds to the actual attenuation in Table II because when differences between Ge and270

Ĝe and Gm and Ĝm are negligibly small, the actual attenuation from Eq. (10) becomes sim-271

ilar to the nearfield estimation error in Eq. (18). Therefore, although the real-time adaptive272

control was implemented between 300 and 700 Hz, a similar attenuation performance can273

be expected at higher frequencies based on the nearfield estimation error in Fig. 6.274

The effect of the head-tracking device on the integrated active control system was then275

investigated by moving the dummy head from position ‘A’ to the different positions indicated276

in Fig. 7. Fig. 8 shows changes in the acoustic transfer responses, Ge, Gm and Pe for277

different head positions. In Fig. 8, Ge11 and Ge12 indicate the acoustic transfer responses278

between the microphone in the right ear of the dummy head and the right and left secondary279

loudspeakers, respectively. In addition, Gm21 is the acoustic transfer response between the280

right secondary loudspeaker and monitoring microphone 2 and Pe11 is the acoustic transfer281
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FIG. 7. Moved head positions on the grid.

response between the primary source and the right ear microphone. As the dummy head282

is moved, the acoustic responses, Ge and Pe, which are directly related to the microphones283

in the dummy head, are significantly changed. It is also important to note, however, that284

the response from the secondary sources to the static monitoring microphones, Gm is also285

influenced by the head movement, due to the scattering effect of the dummy head. The286

use of the headtracker and the selection of accurate values for Ge, Gm and Pe can thus287

significantly improve the attenuation performance and stability.288

In Table III, attenuation results for the active headrest system with and without the289

headtracker in operation are compared for the 5 different positions, when the head-tracking290

device is used to update the acoustic transfer responses for the different positions, the291

attenuation performance is generally improved for all positions. In particular, when the292

dummy head is moved to either position ‘C’, ‘D’ or ‘E’, noise enhancement, as indicated as293

negative attenuations, is generated without head-tracking at 700 Hz, but the performance294

of the active headrest system with the headtracker is significantly improved. Since the error295

signals are influenced by the combined effects of a number of different terms, as seen in296

Eq. (10), it is difficult to pin down the source of the variability seen in Table III. Also,297

although in these experiments the control system remained stable as the dummy head was298

moved even without the head tracking, it was found in experiments at other frequencies299

that the control system became unstable without headtracking and that the control system300

could change from being stable to being unstable even for relatively small changes in the301

disturbance frequency.302

Fig. 9 shows the time history of the signal measured by the microphone in the dummy303

head as it is moved from position ‘A’ to ‘D’ for a disturbance frequency of either 600304

Hz or 700 Hz. The measured signals can be divided into three time intervals. The first305
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(a) (b)

(c) (d)

FIG. 8. Examples of changes in acoustic transfer responses, Ge, Gm and Pe for different dummy

head positions in Fig. 7: (a) Ge11 and (b) Ge12 between the right and left secondary loudspeakers

and the right error microphone at dummy head, (c) Gm21 between the right secondary loudspeaker

and the monitoring microphone 2 and (d) Pe11 between the primary source and the right ear

microphone.

interval shows the disturbance signals without control when the dummy head is located at306

position ‘D’. The second interval shows the error signals when the active headrest system is307

implemented without the head tracker. It can be seen that the disturbance signal at 600 Hz308

is slightly reduced but the disturbance signal at 700 Hz is enhanced due to the significant309

difference between the virtual and actual error signals. The head tracker is then in operation310

in the third time interval, and the attenuation performance is significantly improved at both311

frequencies.312

The feasibility of this integrated active headrest system was also tested with a human313
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(a) (b)

FIG. 9. Measured signals at the right error microphone of the dummy head at position ‘D’ when

the integrated active headrest system with the remote microphone technique and the head tracker

reduces the tonal disturbance signals from a single primary source in the anechoic chamber: (a)

600 Hz, (b) 700 Hz

(a) (b)

FIG. 10. Active control of the integrated active headrest system with a human listener for reducing

600 Hz tonal disturbance signals in real-time: (a) The test installation, in which the participant

has two physical error microphones in their ears for evaluation purposes and (b) the measured

signals at these error microphones during active control and head-tracking.

listener moving their head. The installation shown in Fig. 4 was again used, but two physical314

error microphones were installed, for evaluation purposes, at the two ears of the human315

participant instead of in the dummy head. The active control system was implemented to316

reduce a 600 Hz tonal disturbance signal and the participant moved to different positions317

similar to those shown in Fig. 7. The resulting signals measured at the physical error318

microphones are shown in Fig. 10. In the second time interval, from about 10 to 20 seconds,319
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the active headrest system is switched on and effectively attenuates the disturbance signals320

at the nominal position. However, it can be seen from the third time interval, from about321

20 to 100 seconds, that as the listener then moves their head to different positions without322

the headtracker, the performance of the control system is significantly degraded. In the323

final step, from about 100 to 180 seconds, the headtracker is switched on and the control324

system achieves an improved performance in spite of head movements. In a practical system325

the accuracy and speed of the response of the headtracker may be important, depending326

on the application, but the current system demonstrates the feasibility with a commercially327

available device, the Kinect, that was not specifically designed for this purpose.328

IV. CONCLUSIONS329

The integration of both the remote microphone technique and head-tracking into an ac-330

tive headrest system has been investigated. The remote microphone technique has been331

formulated in the frequency domain and equations for the observation filter have been dis-332

cussed. When the remote microphone technique is combined with an adaptive feedforward333

active control system, equations for the optimal attenuation performance and for the sta-334

bility have also been derived. In this combined system, the use of a head-tracking device is335

investigated to improve the performance and stability when the head of a listener is moving.336

The nearfield estimation achieved using the observation filter and the integration of the337

remote microphone technique and head-tracking have been verified through real-time exper-338

iments, when a single primary source produces tonal noise in an anechoic chamber. To find339

an appropriate regularization factor for the observation filter calculation, changes in the ac-340

curacy and robustness of the nearfield estimation with different regularization factors have341

been calculated. With an observation filter having the selected regularization factor, the342

signals at the ears of a dummy head can be estimated in real-time from remotely installed343

monitoring microphones with less than −15 dB error. The adaptive active control system344

combined with the remote microphone technique also achieved more than 15 dB attenuation345

of the signals measured at the ears of the dummy head, which is located at a fixed nominal346

head position, for frequencies up to 700 Hz. When the dummy head was moved to different347

positions, the attenuation was degraded unless a headtracking device was used to update348

the acoustic responses using a look-up table containing pre-modelled responses.349
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Fig. 1. Block diagram of the remote microphone technique.388

Fig. 2. Block diagram of the filtered-reference LMS algorithm for adaptive feedforward389

control, combined with the remote microphone technique.390

Fig. 3. The active headrest system integrated with the headtracker and monitoring391

microphones of the remote microphone technique.392

Fig. 4. The overall installation for the real-time operation of both the nearfield es-393

timation and the integrated active headrest system for controlling tonal disturbance394

signals, (b) the dummy head with 2 error microphones, one in each ear, and 4 monitor-395

ing microphones to the rear and (c) the monitoring microphones on both a mounting396

structure and the headrest.397

Fig. 5. Condition number of the inverse term in Eq. (5) (Solid line) and off-line nearfield398

estimation error (Dash-dot line) with different regularization factors to estimate the399

disturbance signals at the right error microphone at the nominal head position using400

the monitoring microphones at 600 Hz.401

Fig. 6. Changes in the nearfield estimation error for different acoustic uncertainties in402

the analysis of the monitoring microphones when the observation filter is applied with403

different regularization factors as: (a) β =10−4, (b) β =10−3, (c) β =10−2404

Fig. 7. Moved head positions on the grid.405

Fig. 8. Examples of changes in acoustic transfer responses, Ge, Gm and Pe for different406

dummy head positions in Fig. 7: (a) Ge11 and (b) Ge12 between the right and left407

secondary loudspeakers and the right error microphone at dummy head, (c) Gm21408

between the right secondary loudspeaker and the monitoring microphone 2 and (d)409

Pe11 between the primary source and the right ear microphone.410

Fig. 9. Measured signals at the right error microphone of the dummy head at position411

‘D’ when the integrated active headrest system with the remote microphone technique412

and the head tracker reduces the tonal disturbance signals from a single primary source413

in the anechoic chamber: (a) 600 Hz, (b) 700 Hz414
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Fig. 10. Active control of the integrated active headrest system with a human listener415

for reducing 600 Hz tonal disturbance signals in real-time: (a) The test installation, in416

which the participant has two physical error microphones in their ears for evaluation417

purposes and (b) the measured signals at these error microphones during active control418

and head-tracking.419
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TABLE I. Comparisons of the nearfield estimation error between the off-line and real-time test

when tonal disturbance signals at the right error microphone of the dummy head are estimated by

the 4 monitoring microphones around the headrest with the pre-calculated observation filter in the

anechoic chamber.

Frequencies
Off-line

estimation error (dB)
Real-time estimation error

Magnitude (dB), Phase (radians)
300 Hz -28.5 -29.4, -0.01π
400 Hz -28.9 -32.1, -0.01π
500 Hz -27.7 -19.3, -0.03π
600 Hz -22.9 -21.1, -0.02π
700 Hz -27.8 -17.0, -0.01π

TABLE II. Predicted and achieved attenuation performance of the integrated active headrest sys-

tem for tonal disturbances at different frequencies in the anechoic chamber when the dummy head

is located in position ‘A’.

Frequencies
Predicted attenuation
right / left ear, (dB)

Achieved attenuation
right / left ear, (dB)

300 Hz 75.9 / 78.0 22.4 / 26.1
400 Hz 94.2 / 94.8 23.3 / 30.3
500 Hz 99.1 / 98.3 23.9 / 20.4
600 Hz 82.0 / 80.7 15.9 / 28.6
700 Hz 87.1 / 87.9 15.0 / 26.0
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TABLE III. Comparison between the actual attenuation performance of the integrated active head-

rest system with and without the head-tracking system when the dummy head is moved to different

positions and a single loudspeaker produces a tonal disturbance at different frequencies in the ane-

choic chamber.

Frequencies
Position ‘B’, Actual attenuation,

right/left ear (dB)
Position ‘C’, Actual attenuation,

right/left ear (dB)
without

head-tracking
with

head-tracking
without

head-tracking
with

head-tracking
300 Hz 10.8 / 17.8 21.1 / 23.1 12.7 / 22.3 27.0 / 22.0
400 Hz 9.7 / 12.8 18.5 / 16.6 9.8 / 16.1 16.8 / 15.6
500 Hz 8.0 / 1.0 30.2 / 4.5 7.2 / 3.6 14.0 / 11.0
600 Hz 24.5 / 6.9 13.7 / 13.0 5.0 / 8.8 17.6 / 11.6
700 Hz 9.7 / 8.6 21.0 / 11.4 2.1 / -1.6 17.3 / 9.3

Frequencies
Position ‘D’, Actual attenuation,

right/left ear (dB)
Position ‘E’, Actual attenuation,

right/left ear (dB)
without

head-tracking
with

head-tracking
without

head-tracking
with

head-tracking
300 Hz 19.4 / 11.8 26.7 / 24.8 7.9 / 20.6 27.6 / 22.9
400 Hz 14.1 / 5.7 21.4 / 20.7 5.0 / 14.2 14.1 / 15.6
500 Hz 0.9 / 6.4 16.1 / 21.5 5.1 / 3.2 14.8 / 14.2
600 Hz 2.5 / 4.0 20.4 / 23.7 5.3 / 19.5 12.2 / 13.6
700 Hz -2.5 / 4.6 16.9 / 23.2 4.0 / -0.6 22.1 / 16.0

Frequencies
Position ‘F’, Actual attenuation,

right/left ear (dB)
without

head-tracking
with

head-tracking
300 Hz 21.5 / 12.3 28.8 / 25.2
400 Hz 15.0 / 6.1 16.1 / 14.1
500 Hz 4.3 / 14.3 22.8 / 9.5
600 Hz 13.2 / 1.1 11.0 / 19.1
700 Hz 0.8 / 3.4 39.7 / 18.9
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