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Capability
Vinal Patel, Member, IEEE, Jordan Cheer, and Simone Fontana

Abstract—This paper presents the design and implementation
of an active noise control (ANC) headphone system with a
directional hear-through capability and compares the perfor-
mance of this system to that of a standard hear-through head-
phone system. The directional hear-through ANC headphones
are a novel integration of microphone array beamforming and
ANC technologies into a pair of headphones, which provide
the consumer with additional functionality and new, digitally
augmented ways to interact with their acoustic environment.
As the microphone array is necessarily compact, superdirective
beamforming is utilised to increase its low and mid frequency
directional performance. In this unique integration of two current
consumer technologies, first, the ANC subsystem attempts to
maximise the attenuation and then the beamformer output is
added to the control signal and reproduced by the headphones’
loudspeakers, with the appropriate compensation to avoid self-
cancellation. The experimental study demonstrates that the pro-
posed spatially selective ANC headphones provide a hear-through
capability in the look direction, whilst reducing ambient noise and
enabling the wearer to experience reduced noise communication
in a noisy environment. The proposed system thus offers the
consumer the potential for an electronically enhanced acoustic
experience, allowing a selective reduction in environmental noise
whilst desired exterior noise remains audible.

Index Terms—Active noise control, Microphone array, Su-
perdirective beamformer, Adaptive control, Hardware, Aug-
mented reality, Feedforward systems.

I. INTRODUCTION

A
CTIVE noise control (ANC) headphones have seen sig-

nificant success in the consumer market over almost

two decades, since they improve the listening experience

in conditions that are usually hostile to audio reproduction,

such as trains, aeroplanes, and busy urban areas. The earliest

ANC headphones were demonstrated in the 1950s and utilised

analogue feedback controllers, however, they could not readily

adapt to changes in the unwanted sound or small changes in the

plant responses due to the positioning of the headphones [1].

In the recent past, a large volume of research has been carried

out to develop digital ANC headphones that can potentially

provide higher levels of performance than analogue ANC

due to the greater level of flexibility in the controller design

and this has resulted in a significant level of adoption of
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ANC technology into consumer headphones, rather than just

in the original aerospace and military applications [2]. The

basic single channel feed-forward ANC system consists of a

reference microphone that senses the noise to be cancelled, a

loudspeaker that generates the anti-noise and an error micro-

phone that measures the level of noise cancellation achieved.

The anti-noise, produced by the loudspeaker, is generated

using an adaptive controller that is conventionally an adaptive

filter trained using a suitable learning algorithm [3].

Although the idea of implementing noise cancellation using

digital processing integrated into the ANC headphones seems

somewhat straightforward, the realisation is a complicated

process where many system components must be consid-

ered [3]. One such issue in digital ANC headphones is the

inter-linked delays due to analogue-to-digital and digital-to-

analogue conversion, antialiasing and reconstruction filtering,

and controller processing. These delays limit the bandwidth

over which control can be achieved and, therefore, a number

of systems have been proposed that combine an analogue

feedback controller with a digital feedforward controller [4],

[5]. It has been reported that as the processing speed continues

to increase, higher sampling rates could be readily used in the

digital controller implementations to reduce the inherent delay

in digital implementations of ANC headphones [3]. Regardless

of the type of headset ANC is implemented in (in-ear, supra-

aural or circumarual and open or closed back headsets), there

are three basic control strategies to reduce ambient noise:

feedforward, feedback and hybrid control [4]–[9].

In general, ANC headphones, irrelevant of the specific

control strategy, have used independent controllers for the left

and right ears. Recently, however, a multi-reference control

strategy for ANC headphones has been proposed, which uses

the reference signals from the reference microphones on each

ear to improve the performance of the ANC headphones

[10]. The main advantage of the multi-reference ANC system

over existing ANC headphone strategies is the availability

of additional time-advanced information, which results in an

increased control bandwidth [10].

In more recent years, in addition to reducing the sound due

to exterior noise sources, consumer audio systems have begun

to focus on virtual and augmented reality [11]–[15]. One area

of current interest focuses on designing headphones that allow

hear-through functionality in addition to reducing the sound

due to exterior noise sources [11], [12], however, this previous

work has not actually demonstrated the combination of these

technologies. These devices have generally been designed to



PREPRINT SUBMITTED TO IEEE TRANSACTIONS ON CONSUMER ELECTRONICS 2

allow the consumer to hear the exterior acoustic environment

without coloration, and there is an increasing desire to aug-

ment this listening experience through the addition of virtual

sound sources [11]–[15]. The limitation of current augmented

reality devices is that they do not allow the consumer to

reduce unwanted environmental noise, by selecting the spatial

region over which the environmental noise is fed-through,

whilst reducing the noise in other directions. The need for

greater and more flexible control of acoustic noise is extremely

important for consumers, who are subjected to increasing

levels of environmental noise in their daily lives, but still

need to communicate and interact with the exterior acoustic

environment.

Fig. 1. Conceptual difference between (a) ANC headphones (b) ANC
headphones with direct hear-through (c) Directional hear-through ANC head-
phones. Dark and bright regions illustrate the controlled and uncontrolled
spatial directivities respectively.

In this paper, an ANC headphone system with a direc-

tionally selective hear-through capability is presented for the

first time. In comparison to standard ANC headphones, which

cancel the ambient noise in all directions, the proposed system

cancels the ambient noise whilst aiming to leave the sound

incident from a selected direction unaltered. This will provide

the perception of hear-through from the target direction, as if

the wearer was not wearing headphones for the sound coming

from that particular direction, as depicted in Fig. 1. This is dis-

tinct from direct hear-through headphones, in which the signal

output from the exterior reference microphone is reproduced

by the loudspeakers inside the ear cup after equalization to

compensate for the electro-acoustic response [11], [12]. The

presented technology thus provides a functionality improve-

ment over the current state-of-the-art systems. In addition, the

proposed ANC headphones could provide the consumer with

the ability to select the spatial regions over which both hear-

through and active control are focused. The spatially selective

hear-through functionality will be achieved in the proposed

system by integrating a directional microphone array into an

ANC system. These subsystems have both previously been

implemented independently in consumer electronics devices

and, therefore, this paper will focus on the theoretical frame-

work of combining the directional microphone array with the

ANC system to facilitate spatial selectivity. In addition, the

advantage of the spatially selective ANC headphones over

direct hear-through headphones with and without ANC is also

investigated.

The rest of this paper is organised as follows. The proposed

directional hear-through ANC system, with a brief overview

of both the multi-reference ANC and the superdiretive beam-

forming strategies, is discussed in Section II. A detailed study

of the hardware design for the directional hear-through ANC

system is presented in Section III. Experimental validation of

the spatially selective ANC headphones under different noise

fields is demonstrated in Section IV and concluding remarks

are made in Section V.

II. PROPOSED METHODOLOGY

The directional hear-through ANC headphones comprise of

two primary subsystems: an ANC headset and a microphone

array, which will ultimately be interlinked. A Multi-reference

ANC system is used due to its reduced sensitivity to the

direction of arrival of the incident noise source compared to

the conventional single-reference feedforward control system

[10]. This ANC system is described in the following section

and then the superdirective beamforming strategy is presented.

A. Multi-Reference Active Noise Control System

Figure 2 shows the block diagram of the multi-reference

ANC system. In the multi-reference feedforward controller, the

signal fed to the control loudspeaker can be expressed as the

summation of the control signals generated by filtering both

the left and right reference signals, xL and xR respectively.

Using the left ear controller as an example, the control signal

driving the left loudspeaker is given by

uL(n) = uLL(n) + uLR(n)

= w
T
LL(n)xL(n) +w

T
LR(n)xR(n). (1)

Fig. 2. Block diagram of the multi-reference feedforward active noise control
system for the left ear of the headphones; the equivalent block diagram for the
right ear controller can be obtained by interchanging the L and R subscripts.

In the above expression, xL(n) = [xL(n), xL(n −
1), ....., xL(n − I + 1)]T and xR(n) = [xR(n), xR(n −
1), ....., xR(n− I+1)]T are the left and right reference signal

vectors respectively, where I is the length of the vectors,

which is determined by the control filter length. Moreover,

wLL ∈ R
ILL×1 and wLR ∈ R

ILR×1 are the weights of the

control filters, where wLL corresponds to the control filter
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whose input is from the left reference microphone and is used

to control the left ear error sensor, whereas wLR corresponds

to the control filter whose input is from the right reference

microphone and is used to control the left ear error sensor.

The weights of the two control filters are updated using the

filtered-reference leaky LMS algorithm [3], [7], given as

wLL(n+1) = (1−αLLβLL)wLL(n)−αLLeL(n)rLL(n) (2)

wLR(n+ 1) = (1− αLRβLR)wLR(n)− αLReL(n)rLR(n)
(3)

where αLL and αLR are the normalized convergence coef-

ficient given as µ
rT
LL

(n)rLL(n)
and µ

rT
LR

(n)rLR(n)
respectively.

βLL and βLR are the leakage parameters, rLL(n) ∈ R
ILL×1

and rLR(n) ∈ R
ILR×1 are the reference signals, xL(n)

and xR(n) respectively, filtered by a model of the plant re-

sponse between the left loudspeaker and left error microphone,

ĜL(z). The error signal at the left ear can be expressed as

eL(n) = dL(n) + gT
LuL(n), (4)

where dL(n) is disturbance at the left error microphone, uL(n)
is the control signal vector that drives the left side control

loudspeaker, and, gT
L is the impulse response corresponding to

the physical plant GL(z). The main advantage of the multi-

reference ANC system over the single-reference ANC head-

phone strategy is the availability of additional time-advanced

information when controlling primary disturbances incident

from the left (right) at the right (left) ear [10]. This means that

the ANC headphones implemented using this strategy provides

a more uniform attenuation in the noise with respect to its

angle of incidence.

B. Superdirective Beamformer System

The design and implementation of superdirective micro-

phone arrays has seen significant research interest, due to the

broad range of applications [16]–[18]. Here, the superdirective

beamforming problem is formulated in terms of a bright

region, where the consumer wishes to hear the exterior sound

environment, and a dark region, where the consumer does not

want to hear the exterior environment, as depicted in Fig. 1c.

This follows the description presented in [19] for the reciprocal

loudspeaker array problem, and this optimisation problem is

reformulated for the microphone array system. To facilitate

the design using measured responses, it has been assumed

that we are interested in detecting the sound from a particular

(desired) direction due to a discrete number of sources at a

given distance around the microphone array. The response of

the microphone array in the desired direction is given as

yD = XDw, (5)

where w = [w1, w2, · · · , wM ]T is a vector of complex weights

by which the microphone signals are scaled and XD is an

(L×M ) matrix in which L denotes the number of sources in

the look direction and M denotes the number of microphones

in the array, given as

XD =











x11 x12 · · · x1M

x21 x22 · · · x2M

...
...

. . .
...

xL1 xL2 · · · xLM











(6)

where, xl,m is the response between the lth source point and

the mth microphone in the array. Similarly, the responses

between the microphone array and the source points in the

undesired direction are given as

yU = XUw, (7)

where XU is an (N × M ) matrix in which N denotes the

number of source points in the undesired direction, and can

be written as

XU =











x11 x12 · · · x1M

x21 x22 · · · x2M

...
...

. . .
...

xN1 xN2 · · · xNM











. (8)

The superdirective microphone array weights are obtained

by maximizing the ratio of the signal power (yH
DyD) coming

from the look-direction (desired) to the signal power (yH
U yU )

coming from the other directions (undesired) at each frequency

and can be written as [19], [20]

R =
yH
DyD

yH
U yU

=
wHXH

DXDw

wHXH
U XUw

, (9)

where, H denotes the Hermitian complex conjugate transpose.

The maximum value of the cost function R at a single

frequency can be obtained using constrained optimization [20]

as

minimize: yHU yU (10)

subject to: yHDyD = constant (c). (11)

Using the method of Lagrange multipliers [20], the function

to be minimized can be written in a generalized form as

J = yHU yU + λ(yH
DyD − c)

= wHXH
DXDw + λ(wHXH

U XUw − c), (12)

where λ is the Lagrange multiplier. Taking the derivatives of

(12) with respect to w and equating to zero, the following

expression can be obtained

XH
DXDw + λXH

U XUw = 0. (13)

On rearranging (13), we have

w = −λ[XH
DXD]−1[XH

U XUw]. (14)

Thus, the optimal weight vector w is proportional to the

eigenvector corresponding to the smallest eigenvalue value

of the matrix [XH
DXD]−1[XH

U XU ]. To increase the robustness

of the array, the optimal filter weights can alternatively be
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calculated as [XH
DXD + γI]−1[XH

U XU ], where γ is a regular-

ization parameter, whose value can be increased to improve

the robustness of the array at the expense of array performance

[16]–[20].

C. Directional Hear-Through ANC System

Figure 3 shows the block diagram of the proposed direc-

tional hear-through ANC system. In this novel integration

approach, conceptually, the ANC subsystem first attempts to

achieve as much attenuation as possible and then the beam-

former output is added to the control signal and reproduced by

the headphone loudspeakers. The beamformer output is thus

able to feed-through, or potentially enhance, the signal in the

look-direction (desired direction) for the consumer. In Fig. 3,

the beamformer subsystem processes the signals from the M

microphones and generates the beamformer output, s(n). As

shown in Fig. 3, the beamformer output, s(n), will be detected

by the error microphones inside the ear cups and, therefore,

an estimate of the beamformer signal measured at the error

microphones must also be subtracted from the error signals

to avoid the ANC subsystem attempting to cancel this signal.

This means that the error signal fed to the ANC system can

be expressed as

êL(n) = eL(n)− ŝL(n), (15)

where êL(n) is the pseudo-error which is used to update the

weights of the controller; this is similar to the process required

when combining ANC with audio reproduction to avoid the

ANC system cancelling the audio programme [21]. In (15),

ŝL(n) is the estimate of the beamformer signal at the error

microphones, which is estimated by filtering the beamformer

signal, s(n), via a model of the plant response, between the

loudspeaker and error microphone for the left ear, ĜL(z), as

shown in Fig. 3.

Fig. 3. Block diagram of the directional hear-through ANC system for the
left ear; the equivalent block diagram for the right ear can be obtained by
interchanging the L and R subscripts.

The directivity of the array over frequency inherently de-

termines the level of spatial selectivity that the system can

achieve; however, with the proposed integration approach,

the delay introduced by the beamformer does not limit the

performance of the ANC subsystem. For the system shown

in Fig. 3, the allowable delay is instead limited by the

acceptability of delay to the consumer. Many studies have

considered this effect, particularly for hearing aids, but a recent

study has investigated the tolerable levels of delay in speech

signals for both normal and hearing-impaired listeners [22].

Listeners with normal hearing are less tolerant to delays in the

system and the results presented in [22] suggest that delays

should be kept below 10 ms.

III. MICROPHONE ARRAY PERFORMANCE

An overview of the proposed system is shown in Fig. 4(a),

which is composed of a microphone array integrated with

the ANC headphones. A detailed study on the design of the

beamformer using a plus-shaped microphone array including

the delays introduced by the microphone array, its beam

patterns and directivity is presented in this section.

The microphone arrangement for four microphones in a

plus-shaped configuration is shown in Fig. 4(b). The separation

between the microphones on the plus-shaped array is 30

mm, as shown in Fig. 4(b). For such a small separation, a

superdirective beamformer generally achieves greater direc-

tivity than the delay and sum beamformer, especially at low

frequencies [23]. Therefore, a superdirective beamformer has

been considered. The schematic of the measurement setup

used to compute the filter weights for the superdirective

beamformer is shown in Fig. 5. From this diagram it can

be seen that the loudspeakers were positioned at angular

increments of 30 degrees at a radial distance of 1.3 m around

the dummy head. In order to include the effect of head

reflections, the measurements have been taken with the dummy

head wearing the plus-shaped microphone array mounted on

the ANC headphones, as shown in Fig. 4(c). The responses

between each of these loudspeakers and the microphones on

the prototype headphones have been measured. Using (14),

the complex weights at each frequency have been computed

and these weights have then been transformed to the time

domain to obtain the impulse responses or time domain filter

weights for the superdirective beamformer. The parameter γ

, described at the end of Section II-B controls the trade-off

between the beamformer robustness or speech quality and the

directivity, as suggested in [24] for the reciprocal loudspeaker

array system. In the following, γ = 1×10−5 has been chosen

when computing the weights of the plus-shaped beamformer.

The performance of the plus-shaped microphone array with

the optimal weights calculated according to the formulation

presented in Section II is summarised by the results presented

in Fig. 6. Fig. 6(a) shows the impulse responses of the

filters used by the four microphones forming the plus-shaped

superdirective beamformer. It is evident from Fig. 6(a) that

these beamforming filters introduce a delay of 5 ms, which is

less than the tolerable delay for a normal listener according

to [22]. The sensitivity of the beamformer to a plane wave

impinging from various directions is given by the directivity

pattern, which is shown in Fig. 6(b) for the plus-shaped



PREPRINT SUBMITTED TO IEEE TRANSACTIONS ON CONSUMER ELECTRONICS 5

(a) (b) (c)

Fig. 4. (a) The practical realisation of the directionally selective ANC headphones system, which incorporates a directional microphone array in addition to the
error and reference microphones. (b) Model of the plus-shaped microphone array mounting arrangement having a separation of 30 mm between microphones.
(c) A four microphone plus shaped array integrated on the ANC headphones.

Fig. 5. Schematic of the measurement setup used to compute the weights for
the plus-shaped superdirective beamformer.

beamformer at four frequencies (100, 500, 1000 and 5000 Hz),

spanning the typical speech bandwidth. From these directivity

responses, it can be seen that the plus-shaped array achieves

significant levels of directivity over the speech bandwidth, with

a front-to-back ratio of at least 10 dB. Apart from observing

the diectivity pattern of the beamformer, it is also beneficial

to quantify its directional response over frequency. This can

be achieved using the directivity index (DI), which is defined

as the ratio between the on-axis pressure, i.e. the pressure

in the look-direction and the average pressure measured by

the beamformer in all other directions. The mathematical

expression for the DI of a microphone array obtained for a

set of discrete measurement points is given by [25]

DI(f) = (16)

10log10











4π|pax|
2

2
2π/∆θ
∑

m=1

π/∆φ
∑

n=1
|p(φn, θm, r)|2|cosθn|∆θ∆φ











where pax is the on-axis sound pressure, ∆θ and ∆φ are the

number of horizontal and vertical source points receptively. If

the measurement is performed only for the horizontal plane,

then (16) can be simplified as

DI(f) = 10log10











4π|pax|
2

2
2π/∆θ
∑

m=1
|p(θm)|2∆θ











. (17)

Using (17) the DI of the plus-shaped superdirective beam-

former for a look-direction to the front (0◦) of the consumer

is shown in Fig. 6(c). From this plot it can be seen that

the plus-shaped beamformer achieves an almost flat DI over

the entire frequency range considered, with an average DI

of 6 dB between 100-5000 Hz. To allow steerability of the

array, the beamformer weights for other look directions can

be determined using the same process outlined above.
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Fig. 6. (a) The optimal beamformer impulse responses corresponding to the four microphones (b) The directivity pattern at discrete frequencies over the
typical speech bandwidth (c) The directivity index of the plus-shaped array including the effects of head scattering.

IV. EXPERIMENTAL VALIDATION OF THE INTEGRATED

SYSTEM

In this section, experimental evaluation of the direc-

tional hear-through ANC headphones (ANC+Beamformer sys-

tem) under different acoustic field scenarios will be pre-

sented. This study aims to demonstrate the benefits of the

ANC+Beamformer system over a direct hear-through (HT)

system integrated with the ANC system; that is, where the

signals from the microphones on the exterior of the ear cups

are fed, via equalization filters, to the loudspeakers directly.

In addition, the following analysis highlights the performance

difference between the beamformer system and the direct hear-

through system with the ANC system on and off. In this

investigation, the beamformer signal, as well as the signal from

the direct hear-through system are passed through a highpass

filter with a cut-on frequency of Fc = 300Hz and then

through an equalization filter, which is designed to compensate

for the electro-acoustic response of each ear cup, as described

for example in [11].

Fig. 7. Experimental setup used in the Institute of Sound and Vibration
Research audio lab.

The experiments were conducted at a sampling rate of 16

kHz and the control algorithms were implemented on a digital

signal processing board. The control filters were implemented

using FIR filters with tap-lengths of ILL = IRR = 160 and

ILR = IRL = 320, and the plant response models were im-

plemented using 128-tap FIR filters. The equalizers designed

for both the beamformer and the direct hear-through system

were 700-tap FIR filters, while the beamformer weights were

implemented using an 80-tap FIR filter for each microphone.

The learning rates αLL = αRR = 2.5× 10−2, αLL = αRR =
1 × 10−3 and leakage parameters βLL = βRR = 2 × 10−5,

βLR = βLR = 2 × 10−6 have all been chosen to maximize

the convergence speed for all configurations.

Figure 7 shows the experimental setup used in the audio

laboratory at the Institute of Sound and Vibration Research;

the lab has a volume of around 36 m3 and a reverberation

time of 0.11 s. The audio lab comprises of loudspeakers

positioned around the dummy head at a separation angle of

30◦. The loudspeaker at the front of the dummy head is used

to generate a speech signal, while pink noise is generated by

the loudspeakers between 30 and 330 degrees. To evaluate the

performance of the directional hear-through ANC headphones,

the speech signal, played from the loudspeaker at 0◦, and the

noise, played via the surrounding loudspeakers from 30◦-330◦,

are considered separately.

Figure 8 shows the comparison between the ANC sys-

tem, direct hear-through (HT) system, ANC+Direct hear-

through (ANC+HT) system, beamformer (BF) system and

ANC+Beamformer (ANC+BF) system for the case when the

speech is being played from the loudspeaker at 0◦. The

objective in this case is for the signal at the error microphone

to match that at the reference microphone, so that the effect

of the cup is effectively removed; i.e. the attenuation between

the reference and the error signals should be 0 dB. It can

be seen from the spectra presented in Fig. 8 that the error

signal for both the ANC+HT system (cyan line) and ANC+BF

system (pink line) match with the reference signal (blue line)

over the speech bandwidth. The average attenuation in the

speech bandwidth (500 Hz to 4kHz octave bands) is 0.95

dB for the left ear, and 0.89 dB for the right ear for the

ANC+Beamformer system, and the ANC+Direct hear-through

system gives a similar attenuation of 0.75 dB and 0.98 dB

for left and right ears respectively. The two systems are thus

considered effective at providing hear-through of the speech
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Fig. 8. Performance comparison between ANC system, direct hear-through (HT) system, ANC+Direct hear-through system, beamformer (BF) system and
ANC+Beamformer system when the speech signal is played from 0

◦.

101 102 103

Frequency, Hz

-120

-110

-100

-90

-80

-70

-60

-50

-40

L
e

ft
 E

rr
o

r 
M

ic
ro

p
h

o
n

e
 S

p
e

c
tr

u
m

, 
d

B

Reference Microphone

ANC

HT

ANC+HT

BF

ANC+BF

101 102 103

Frequency, Hz

-120

-110

-100

-90

-80

-70

-60

-50

-40

R
ig

h
t 

E
rr

o
r 

M
ic

ro
p

h
o

n
e

 S
p

e
c
tr

u
m

, 
d

B

Reference Microphone

ANC

HT

ANC+HT

BF

ANC+BF

31
.5

 H
z

63
 H

z

12
5 

H
z

25
0 

H
z

50
0 

H
z

1 
kH

z

2 
kH

z

4 
kH

z
-5

0

5

10

15

20

25

30

35

40

A
tt

e
n

u
a

ti
o

n
 w

rt
 R

e
fe

re
n

c
e

 M
ic

ro
p

h
o

n
e

, 
d

B

ANC

HT

ANC+HT

BF

ANC+BF

31
.5

 H
z

63
 H

z

12
5 

H
z

25
0 

H
z

50
0 

H
z

1 
kH

z

2 
kH

z

4 
kH

z
-5

0

5

10

15

20

25

30

35

40

A
tt

e
n

u
a

ti
o

n
 w

rt
 R

e
fe

re
n

c
e

 M
ic

ro
p

h
o

n
e

, 
d

B

ANC

HT

ANC+HT

BF

ANC+BF

Fig. 9. Performance comparison between ANC system, direct hear-through system, ANC+Direct hear-through system, beamformer system and
ANC+Beamformer system (directional hear-through ANC system) on the left and right ear when the noise signal is played from 30-330 degrees.

signal located at 0◦. It is also interesting to note from Fig. 8

that the hear-through system (black line) and beamformer sys-

tem (yellow line) operating without ANC match the reference

microphone signal over a wider bandwidth, because the ANC

system is not active and thus the attenuation below 200 Hz is

removed.

Figure 9 shows the performance comparison between the

ANC system, HT system, ANC+HT system, BF system and

ANC+BF system for the scenario when pink noise has been

generated by each of the loudspeakers between 30 and 330

degrees. Since there is no signal being generated in the look

direction, the objective in this case is for the reduction between

the reference and error signals to be maximized. The details of

this reduction in each case can be assessed from the spectral

plots in Fig. 9, but a potentially clearer presentation is provided

by the octave band plots, which show the attenuation at the
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TABLE I
ATTENUATION ACHEIVED BY THE ANC SYSTEM, DIRECT HEAR-THROUGH (HT) SYSTEM, ANC+HT SYSTEM, BEAMFORMER (BF) SYSTEM AND

ANC+BF SYSTEM WITH RESPECT TO THE REFERENCE MICROPHONE, FOR THE CONDITION WHEN PINK NOISE IS PLAYED FROM THE LOUDSPEAKERS

POSITIONED BETWEEN 30-330 DEGREES AND THE BEAM IS STEERED AT 0
◦ (SPEECH BANDWIDTH OCTAVE BANDS ARE SHOWN IN GREY).

Left Ear (dB) Right Ear (dB)

ANC HT ANC+HT BF ANC+BF ANC HT ANC+HT BF ANC+BF

31.25 Hz 9 14 9 14 9 4 2 4 2 4

63 Hz 16 11 16 11 16 14 2 14 2 14

125 Hz 28 8 16 6 20 25 0 6 0 20

250 Hz 34 1 4 2 7 32 -3 1 -2 12

500 Hz 35 -1 2 0 10 36 -2 1 0 15

1 kHz 28 0 2 1 5 33 1 1 9 13

2 kHz 22 2 2 10 11 23 1 1 11 11O
ct

av
e

b
an

d
s

4 kHz 33 0 0 11 11 33 0 0 11 11

error microphones compared to the reference microphones in

each case; these are also included in Fig. 9. From these results,

it can be observed that the ANC system achieves maximum

attenuation of the noise, but this system also attenuates the

speech signal from the look direction as shown in Fig. 8. That

is, the ANC system attenuates the incident noise irrespective

of its direction.

In the HT system, the signal detected by the reference

microphones is reproduced by the loudspeakers inside each

ear cup, which results in a lower level of attenuation being

provided by the HT and ANC+HT systems as shown in

Fig. 9. It should be noted, however, that in the case of the

ANC+HT system, the attenuation is enhanced by the ANC

subsystem in the lower octave bands compared to the HT

system. These results are summarised in Table I, and from

this summary it can be observed that the ANC+HT system

does not provide significant noise attenuation in the speech

bandwidth, as indicated by the attenuations achieved in the

500 Hz, 1 kHz, 2 kHz and 5 kHz octave bands. The average

attenuation achieved by the ANC+HT system is 6 dB for the

left ear and 4 dB for right ear.

In comparison to the HT system, the BF system focuses on

the sound field incident from the desired direction, as shown in

Section III, whilst limiting the sound reproduced by the head-

phones due to sources incident from the undesired directions.

This means that the reproduction of sounds from the undesired

directions will be lower than in the case of the HT system.

This means that the noise attenuation performance achieved by

the ANC+BF system (pink line) is greater than that achieved

by the ANC+HT system (cyan line) for broadband noise, as

shown by the results presented in Fig. 9. The advantage of

the ANC+BF system over the BF system is that the ANC+BF

system provides noise attenuation in the low-frequency octave

bands, as can be seen from Table I and Fig. 9. Additionally,

it can be seen that the ANC+BF system (pink line) provides

significant attenuation for the broadband noise in the speech

bands. From Table I it can be evaluated that the average

broadband attenuation achieved by the ANC+BF system is

11 dB and 12 dB at the left and right ears respectively. In

particular, it should be noted from Table I that the ANC+BF

system achieves around 10-11 dB attenuation in the 1 kHz-4

kHz octave bands, while the ANC+HT only achieves between

1 and 2 dB of attenuation.

V. CONCLUSIONS

This paper presents a directional hear-through active noise

control headphone system that provides a hear-through capa-

bility to the consumer in the look-direction of a microphone

array, whilst cancelling the ambient noise emanating from

other directions. This system thus presents an extension over

the current state-of-the-art, in that it augments the consumer

experience by both actively reducing unwanted ambient noise,

whilst allowing sound in a particular direction to be fed-

through. An experimental study has been conducted to demon-

strate the performance of the proposed ANC headphones

compared to conventional ANC, beamformer and direct hear-

through based headphones. It has been demonstrated that both

the directional and direct hear-through configurations are able

to provide hear-through functionality for a wanted speech

signal, but the directional hear-through ANC headphones

(ANC+Beamformer) provide 6-7 dB more attenuation in the

unwanted noise compared to the ANC+Direct hear-through

headphones, especially in the higher octave bands. In addition,

by using beamformer weights for different directions, the

consumer can select the region over which the hear-through

functionality will operate.
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