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Abstract: We present a new method for implementing transaural sound reproduction systems by
using feedback control theory. The H1 control theory is employed to synthesize the feedback
controller. The structure of the sound reproduction system is formulated such that the H1 norm of the
system transfer function, which is to be minimized with feedback control, expresses the difference
between the desired signals and the acoustic signals reproduced at the ears of a listener via
loudspeakers. Modeling errors and plant perturbations resulting from the movement of the listener’s
head are also taken into account to ensure robust stability. Computer simulations indicate that the
equalization and cross-talk cancellation by the proposed method are better preserved for deviations in
position than are those by the conventional inverse filtering method.
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1. INTRODUCTION

Sound field reproduction is one of the most important

purposes in the active control of sound fields. Sound field

reproduction aims at reproducing the sound field of a space

(primary sound field) in a different moment and place

(secondary sound field), and much work has been reported

on this technique up to now.

Sound field reproduction techniques that can reproduce

sound fields precisely are classified into two approaches.

One approach is based on Huygens’ principle, i.e., the

wave theory. Several methods of this approach have been

proposed [1,2]; these methods use monopole and dipole

sources installed in the boundary surface of a control area.

The strength of those monopole and dipole sources is

adjusted in proportion to the acoustic pressure and particle

velocity on the boundary surface of a primary sound field,

because the sound field in the control area is governed by

the Kirchhoff-Huygens formula. Although it is possible for

a primary sound field to be reproduced in a wide area by

this technique, ideal monopole and dipole sources are

necessary as control sources. It has been pointed out that,

under a certain condition, a requested sound field can be

generated only by adjusting the acoustic pressure on the

boundary surface of a control area with monopole sources

[3,4]. However, the wider a control area, the larger the

number of control sources necessary to achieve a satisfac-

tory control effect; this issue has been considered a

common problem of this type of sound field reproduction

technique.

Other approaches are a binaural system and a transaural

system. Both systems aim at two-channel stereophonic

sound reproduction, whereby acoustic signals are recorded

at two points in a primary sound field, for example, at the

ears of a dummy head. A binaural system uses a headphone

to replay the recorded signals, and technically it is easy to

realize. A transaural system is a technique for reproducing

the recorded signals precisely at the ears of a listener via

two loudspeakers with the help of inverse filtering of

transfer functions from the loudspeakers to the ears. The

basic arrangement of a transaural system is shown in

Fig. 1. In order to make the signals fyp1; yp2gT produced

at the ears of the listener equal to the recorded signals

fr1; r2gT, the controller C is designed such that it contains
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the pseudo-inverse of the transfer function P from the

loudspeakers to the ears. This type of system realized by

analog technology has been reported from the 1960s to the

early 1970s [5,6]. Since then, with the development of

electronic devices for the digital processing of acoustic

signals, several systems that make use of the advantage

of digital signal processing have been developed [7–10].

Although a transaural system can accurately generate

precisely defined signals at the ears of a listener with a

control system of a realistic scale, its fundamental problem

is that the control performance can be obtained only within

a very tight space around the ears, and the movement of the

listener’s head results in inaccurate synthesis of the signals.

Nelson et al. analyzed the properties of the reproduced

sound fields with several geometrical arrangements of the

loudspeakers in a transaural system and the influence of the

geometrical arrangement of the loudspeakers on inverse

filter design. As a result, they have presented the most

suitable geometrical arrangement of the loudspeakers for

overcoming the problem described above [11,12].

Furthermore, a hybrid type of sound field reproduction

system, in which the advantage of binaural/transaural

systems is combined with that of sound field reproduction

systems based on Huygens’ principle, has been proposed

[13,14]. As described above, the improvement of each

sound field reproduction system has been attempted by

reexamining the geometrical structure of the control

system, such as the arrangement of the loudspeakers or

the control points. However, examinations in terms of the

control theory, which is necessary to design the controller,

have not been carried out. The issues that have been mainly

researched concerning sound field reproduction techniques

up to now basically belong to the open-loop control system.

However, the sound field reproduction system may be

realized as a feedback control system. There are advantages

and disadvantages in using either type of control system.

Among the advantages of a feedback control system are

that, when perturbations of a plant exist, we can obtain

a more accurate control effect with a feedback control

system than with an open-loop control system. In other

words, a feedback control system is relatively insensitive to

system parameter variations. This favorable characteristic

is theoretically deduced by transfer function analysis

[15,16]. On the other hand, an inherent disadvantage of a

feedback control system is the problem of stability. This is

possibly the most important consideration when designing

a feedback control system. In particular, as perturbations of

a plant affect the stability of the closed-loop system, it is

vital to design a controller such that the whole system

remains stable when the perturbations occur within certain

expected limits, i.e., the system possesses robust stability.

The problem of designing such a controller has been

investigated in terms of the robust control theory.

In the present study, we apply a feedback control

scheme to a sound field reproduction system using loud-

speakers, i.e., a transaural system. Since feedback control,

as mentioned above, often exhibits better performance than

open-loop control in tracking the output signals of a plant

to desired signals when the model of the plant is imperfect,

the control performance is expected to be less sensitive to

the movement of the listener’s head. For the synthesis of a

controller that satisfies robust stability, the H1 control

theory is employed. This is because the H1 control theory

is an effective scheme for designing feedback controllers

that accommodate both performance and stability in an

optimal and robust manner.

2. H1 CONTROL THEORY

In this section, a brief review of H1 control theory is

given. Since the details of the theory can be found in the

literature [17,18], we present only the key points needed in

the development of the proposed system: the standard H1
control problem is summarized; two typical control prob-

lems that can be solved by applying H1 control theory and

that are related to problems of sound field reproduction are

described.

2.1. Standard H1 Control Problem

Figure 2 shows a generalized control framework that is

used to describe a control structure in H1 control theory.

The framework is constructed of a generalized plant GðzÞ
and a feedback controller CðzÞ. In H1 control theory, the

H1 norm of the transfer function �ðzÞ from the disturbance

WðzÞ to the controlled variable ZðzÞ is adopted as a

performance index, and CðzÞ that makes �ðzÞ asymptoti-

cally stable and satisfies
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Fig. 1 Arrangement of transaural system.

W(z)

Y(z)

Z(z)

U(z)

G(z)

C(z)
Φ(z)

Fig. 2 General control framework.
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k�ðzÞk1 < �; ð1Þ

thereby minimizing ZðzÞ, is to be found. This problem is

called the standard H1 control problem, which can be

analytically solved by several H1 algorithms.

2.2. Robust Stabilization Problem

Generally, it is difficult to model a plant accurately.

Modeling errors are inevitable when a plant is identified

either theoretically or experimentally. Perturbations of a

plant may also occur owing to variations in physical

conditions such as temperature, humidity, and geometry.

These bring about deviations of the real plant from its

nominal model; these are called plant uncertainties and

affect the stability of the closed-loop system.

Figure 3 shows a closed-loop system containing plant

uncertainty �ðzÞPðzÞ. Here, PðzÞ is a nominal plant model,

CðzÞ is a feedback controller, T ðzÞ is the transfer function

from WðzÞ to YpðzÞ, and �ðzÞ is a multiplicative uncer-

tainty. To ensure the stability of the closed-loop system

against this plant uncertainty, the following robustness

condition derived from the small gain theorem must be

satisfied:

kWmðzÞT ðzÞk1 < 1; ð2Þ

where WmðzÞ satisfies

�max½�ðej�Þ� � �max½Wmðej�Þ�; 0 � � < 2�; ð3Þ

where �max½�� denotes the maximum singular value.

Finding CðzÞ that satisfies Eq. (3) is called the robust

stability problem. If the closed-loop system shown in Fig. 3

is transformed into the system shown in Fig. 4 using

WmðzÞ, the transfer function from WðzÞ to ZmðzÞ is given

by

ZmðzÞ ¼ WmðzÞT ðzÞWðzÞ: ð4Þ

Thus, this problem can be treated as a standard H1 control

problem, where �ðzÞ ¼ WmðzÞT ðzÞ and � ¼ 1.

2.3. Disturbance Attenuation and Tracking Problem

Figure 5 shows a closed-loop system excited by

disturbance WðzÞ and desired signal RðzÞ. SðzÞ is the

transfer function from WðzÞ to output YðzÞ of the system.

Note that the transfer function from RðzÞ to YðzÞ is given by
�SðzÞ. By minimizing the gain of SðzÞ, both the response

of YðzÞ to WðzÞ and the response of YðzÞ to RðzÞ can

be reduced. Thus, if the nominal performance condition

expressed as

kW sðzÞSðzÞk1 < 1 ð5Þ

is satisfied under an appropriate weighting function WsðzÞ,
both disturbance attenuation and good tracking perform-

ance can be achieved. Finding CðzÞ that satisfies Eq. (5) is
called the disturbance attenuation and tracking problem.

If the closed-loop system shown in Fig. 5 is transformed

into the system shown in Fig. 6 using W sðzÞ, the transfer

function from WðzÞ to ZsðzÞ is given by

∆(z)

P(z)

W(z)

C(z)

Yp(z)

T(z)

Fig. 3 Closed-loop system with multiplicative plant uncertainty.
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Fig. 4 System configuration for robust stability problem.
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Fig. 5 Closed-loop system excited by disturbance and
desired signal.
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Fig. 6 System configuration for disturbance attenuation
and tracking problem.
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ZsðzÞ ¼ WsðzÞSðzÞWðzÞ: ð6Þ

Thus, one can also treat this problem as a standard H1
control problem, where �ðzÞ ¼ WsðzÞSðzÞ and � ¼ 1.

2.4. Mixed Sensitivity Problem

In most cases, the feedback controller is designed with

regard to both robustness and performance. If the condition

WmðzÞT ðzÞ
W sðzÞSðzÞ

� �����
����
1

< 1 ð7Þ

is satisfied, both the stability of the closed-loop system

against plant uncertainty and tracking performance, i.e.,

robust performance, can be achieved. Finding CðzÞ that

satisfies Eq. (7) is called the mixed sensitivity problem.

Figure 7 shows the closed-loop system, in which the

system shown in Fig. 4 is combined with the system

shown in Fig. 6. It is easy to see that this problem can be

solved as a standard H1 control problem by treating this

system as the generalized control framework shown in

Fig. 2.

3. PROPOSED TRANSAURAL SOUND
REPRODUCTION SYSTEM

As described in Section 1, a transaural system makes

the signals produced at the ears of the listener equal to

the desired signals. Therefore, this system can clearly be

treated as a tracking problem. The movement of the

listener’s head brings about changes in the transfer function

from the loudspeakers to the ears, which is, in other words,

a plant uncertainty. Thus, this issue can be treated as a

robust stabilization problem. This consideration naturally

suggests the arrangement of a transaural sound reproduc-

tion system shown in Fig. 8, to which the mixed sensitivity

problem is introduced. Here, P is the plant to be controlled

(a 2� 2 matrix of transfer functions between inputs u ¼
fu1; u2gT to the loudspeakers and outputs yp ¼ fyp1; yp2gT

of the microphones at the ears of the listener), C is the

feedback controller (a 2� 2 matrix of control filters),

r ¼ fr1; r2gT are the desired signals (binaural signals that

produce the desired virtual auditory sensation when fed

to the ears of the listener), Wm is the upper bound for

multiplicative uncertainty, and Ws is an appropriate

weighting function. Defining a generalized plant GðzÞ
including not only P but also Wm and Ws, as shown in

Fig. 7, enables this mixed sensitivity problem to be solved

as a standard H1 problem.

Let PðzÞ;WmðzÞ, and WsðzÞ be represented in state

space as follows:

xpðnþ 1Þ ¼ ApxpðnÞ þ BpuðnÞ

ypðnÞ ¼ CpxpðnÞ þDpuðnÞ

(
; ð8Þ

xmðnþ 1Þ ¼ AmxmðnÞ þ BmypðnÞ

zmðnÞ ¼ CmxmðnÞ þDmypðnÞ

(
; ð9Þ

xsðnþ 1Þ ¼ AsxsðnÞ þ Bsf�ypðnÞ � wðnÞg

zsðnÞ ¼ CsxsðnÞ þDsf�ypðnÞ � wðnÞg

(
; ð10Þ

with

uðnÞ ¼
u1ðnÞ
u2ðnÞ

� �
; ypðnÞ ¼

yp1ðnÞ
yp2ðnÞ

� �
;

zmðnÞ ¼
zm1ðnÞ
zm2ðnÞ

� �
; zsðnÞ ¼

zs1ðnÞ
zs2ðnÞ

� �
;

wðnÞ ¼
w1ðnÞ
w2ðnÞ

� �
:

Combining Eqs. (8), (9), and (10) yields a state-space

description for GðzÞ expressed as follows:

xðnþ 1Þ ¼ AxðnÞ þ B1wðnÞ þ B2uðnÞ
zðnÞ ¼ C1xðnÞ þD11wðnÞ þD12uðnÞ
yðnÞ ¼ C2xðnÞ þD21wðnÞ þD22uðnÞ

8<
: ; ð11Þ

with

A ¼
Am 0 BmCp

0 As �BsCp

0 0 Ap

2
64

3
75; B1 ¼

0

�Bs

0

2
64

3
75;

U(z)

Ws(z)

Wm(z)

Y(z)

R(z)
Zm(z)

Zs(z)

P(z)

W(z)

C(z)

G(z)

Φ(z)

Yp(z)

Fig. 7 System configuration for mixed sensitivity problem.
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B2 ¼

BmDp

�BsDp

Bp

2
64

3
75; C1 ¼

Cm 0 DmCp

0 Cs �DsCp

" #
;

D11 ¼
0

�Ds

" #
; D12 ¼

DmDp

�DsDp

" #
; C2 ¼ ½0 0 �Cp�;

D21 ¼ �I; D22 ¼ �Dp;

xðnÞ ¼

xmðnÞ

xsðnÞ

xpðnÞ

8><
>:

9>=
>;; zðnÞ ¼

zmðnÞ

zsðnÞ

( )
; yðnÞ ¼

y1ðnÞ

y2ðnÞ

( )
:

State-space description (11) allows us to synthesize CðzÞ by
using H1 algorithms based on the state space approach

[19–22].

4. NUMERICAL STUDIES
OF PROPOSED SYSTEM

4.1. Design of H1 controller

We applied the proposed method to two-channel sound

reproduction and evaluated its robustness to the movement

of the listener’s head by a computer simulation. Figure 9

shows the geometrical arrangement used for the simulation.

The objective is to produce both an equalized response at

one ear of the dummy head and cross-talk cancellation at

the other ear. This two-input two-output acoustic system

was first modeled with measured head-related transfer

functions (HRTFs) from L and R loudspeakers to the left

and right ears. We used a database comprising directionally

discrete HRTFs on a virtual spherical surface 1.4m from a

KEMAR dummy head, which can be obtained from MIT

Media Lab. The measurements were made in MIT’s

anechoic chamber, using a small two-way loudspeaker

with a 4-inch woofer and 1-inch tweeter, at a sampling

frequency of 44.1 kHz [23].

In general, an efficient model that can represent an

acoustic system to be controlled with few parameters is

preferred because the scale of the controller depends on the

number of parameters. The proposed method is such a case.

Thus, the measured HRTFs, i.e., all-zero models, were

transformed into a more efficient model such that the scale

of the feedback controller to be implemented becomes as

small as possible. In this work, we employed the singular

value decomposition (SVD) method for efficient modeling.

The SVD method is the state-space model-based system

identification technique and has been developed in the

outline of the modern control theory. The authors intro-

duced this method for modeling enclosed sound fields and

verified that it has several advantages, such as direct

identification of a state-space description of a multi-input

multi-output acoustic system, as expressed by Eq. (8), and

high precision of identification with few parameters [24].

This fact naturally suggests that the SVD method is also

suitable for HRTF representation because HRTFs have the

same kind of properties as enclosed sound fields such as

acoustical resonance. The dimension Np of the state-space

description (8) of the two-input two-output acoustic system

to be identified by the SVD method was determined to

achieve the normalized mean-squared modeling error of

�35 dB. The resultant dimension was Np ¼ 256. If the

state-space description (8) is transformed into its controlla-

bility canonical form, one finds that the number of arbitrary

coefficients (degree-of-freedom) of the acoustic system is

given by 4Np þ 5 [25]. Thus the total number of arbitrary

coefficients is 1,029. Note that, if each HRTF is modeled

by the conventional all-zero model, i.e., a truncated version

of the impulse response of the HRTF, the model needs

about 375 coefficients to achieve the same precision. In

this case, as the two-input two-output acoustic system is

composed of four HRTFs, the total number of its arbitrary

coefficients is clearly about 1,500. Figure 10 shows an

example of the identification results. The dashed curve is a

measured HRTF from the R loudspeaker to the right ear,

and the solid curve is its SVD model. It can be seen that the

HRTF is accurately identified with the SVD model of the

chosen dimension. This mathematical model of the HRTFs

was taken as a nominal plant PðzÞ.
The real plant frequency response varies as a function

of the head position. These variations were modeled using

a multiplicative uncertainty as follows:

�ðzÞ ¼
P0ðzÞ � PðzÞ

PðzÞ
; ð12Þ

where P0ðzÞ is the transfer function of a perturbed plant and

PðzÞ is that of a nominal plant. In the two-channel case

L

Free Field

R

30° 1.4m

Dummy Head Microphone

HRTFs

P11

P21P12

P22

u1u2

Fig. 9 Geometrical arrangement of loudspeakers and
dummy head for cross-talk cancellation.
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concerned, the sum of the HRTFs from L and R loud-

speakers to the right ear and the sum of those to the left ear

with the dummy head placed at three different positions

were taken as the perturbed plants. When the position of

the dummy head was between sampled directions of the

used HRTF database [23], its HRTF was obtained by

bilinear interpolation of magnitude and phase spectra in the

frequency domain. When the dummy head was positioned

at a different distance from the database, its HRTF was

obtained by extrapolation with an appropriately chosen

fractional delay [26] and spherical attenuation. The

calculated plant uncertainties �ðzÞ are illustrated in

Fig. 11. The upper bound WmðzÞ for the multiplicative

uncertainties and the weighting function WsðzÞ for the

disturbance attenuation and tracking problem were deter-

mined as follows. Firstly we chose a candidate of WmðzÞ
such that Eq. (3) was satisfied for the small gain theorem,

i.e., �ðzÞ was bounded by WmðzÞ. In order for the scale

of the feedback controller to be synthesized as small as

possible, WmðzÞ was realized as a rather low-order IIR

filter. After such WmðzÞ was chosen for robustness, we then

chose the weighting function WsðzÞ so that WmðzÞ and WsðzÞ
could satisfy a trade-off between the robustness and

performance. In this work, WsðzÞ was simply set to the

reciprocal of WmðzÞ except for its gain. On the basis of

these procedures, we searched for WmðzÞ and WsðzÞ with

which the mixed sensitivity problem could be solved, i.e.,

the feedback controller could be obtained, by trial and

error. The resultant WmðzÞ and WsðzÞ were eighth-order IIR
filters, and are plotted in Fig. 11. Finally, by using an H1
algorithm based on the state space approach, as mentioned

in Section 3, the feedback controller was synthesized as the

following state-space description:

xcðnþ 1Þ ¼ AcxcðnÞ þ BcyðnÞ
uðnÞ ¼ CcxcðnÞ þDcyðnÞ

�
: ð13Þ

In addition to the feedback controller, an open-loop

controller based on the conventional inverse filtering

method was also designed for comparison. The open-loop

controller was composed of four FIR filters calculated by

the least-squares method in the time domain. The number

of taps of each FIR filter was determined as follows. As

described above, the number of arbitrary coefficients of the

state-space description (13), i.e., the scale of the feedback

controller, is given by 4Nc þ 5 [25], where Nc is the

dimension of the state vector xc. On the other hand, when

the number of taps of each FIR filter is L, the number of

arbitrary coefficients of the open-loop controller is clearly

given by 4L. In order to make the scale of the open-loop

controller nearly equal to that of the feedback controller, it

is required that L be set to Nc þ 1. Since the feedback

controller synthesized in this computer simulation had 272

state variables (Nc ¼ 272), the open-loop controller was

realized such that each FIR filter had 273 taps. It is well

known that an inverse filter with a larger number of taps,

i.e., a larger open-loop controller, gives a more accurate

inversion of an acoustic system. In this work, as a

preliminary study, we assess the control performance of

the proposed method under the condition that the scale of

the designed controller is as small as possible. This

condition can be regarded as reasonable because, in

practical situations, hardware constraints will usually limit

the maximum filter length possible for real-time operation.

This is the reason why we designed the open-loop

controller to have such small taps.

A modeling delay included to ensure that the FIR filters

were causal was set to 38 points, which was identical to the

number of initial delay points of the net impulse response

of the proposed transaural sound reproduction system. Note

that, the proposed method intrinsically does not involve a

modeling delay in its design parameters, while the conven-

tional inverse filtering method requires it. Since the value
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of a modeling delay corresponds to the sample number at

which the peak of the impulse response of the convolution

of an acoustic system with its inverse filter occurs, i.e., the

initial delay time of the net response of the system, we set

the modeling delay such that the initial delay time of the

net response of the open-loop system is equal to that of the

proposed system. It is also well known that a relatively

long modeling delay in the design of an inverse filter assists

in the accurate inversion of an acoustic system. However,

since making the initial delay time as small as possible is

meaningful for some applications of a sound field repro-

duction system (for example, applications including syn-

chronization of the acoustic signal and video signal in real-

time reproduction) from the practical point of view, we

designed the open-loop controller to have such a small

modeling delay.

4.2. Results and Discussion

Figure 12 shows the frequency response functions from

the desired signal r1 to the left and right ears without the

movement of the dummy head (at the sweet spot). In other

words, this demonstrates the frequency responses at the left

and right ears when the input signal to the right channel is

an impulse and that to the left channel is 0, i.e., the effect of

cross-talk cancellation. The left graph shows the frequency

responses with the conventional inverse filtering method,

and the right one shows those with the proposed method. It

can be seen that the proposed method effectively produces

not only equalization at the right ear, but also cross-talk

cancellation. The inverse filtering method cannot equalize

the response at the right ear well. This is because the

modeling delay used to design the inverse filters was not

long enough. Note that the arrival time of the sound

reproduced by the proposed method is equal to that in the

case of the inverse filtering method; thereby, comparison of

the performance is done under the identical condition. For

cross-talk cancellation, the inverse filtering method exhib-

its better performance than the proposed method.

Figure 13 shows the frequency response functions with

the dummy head moved 3 cm away from the sweet spot in

the right direction. In this case, the proposed method is

more effective than the inverse filtering method, partic-

ularly in the low-frequency range. The result when the

dummy head was moved 6 cm away is shown in Fig. 14.

One can see that, although the control performance with

the inverse filtering method is degraded, that with the

proposed method does not deteriorate very much.

To investigate quantitatively the spatial extent of the

effect of the transaural sound reproduction system, a

performance index defined as

� ¼ 20
Xk¼k2

k¼k1

1

k
log

jYp1ðkÞj
jYp2ðkÞj

� �,Xk¼k2

k¼k1

1

k
½dB� ð14Þ

was calculated. Yp1ðkÞ denotes the discrete Fourier trans-

form of the equalized signal yp1ðnÞ, and Yp2ðkÞ denotes that
of the canceled signal yp2ðnÞ. This performance index was

used in a previous work [8], and represents the average

amount of suppression of Yp2ðkÞ to Yp1ðkÞ, which is equally

weighted for any octave band. The larger this performance

index, the more effective the cross-talk cancellation.

Figure 15 shows the relationship of the performance index

to the lateral and fore-and-aft movement of the dummy

head for the inverse filtering method. Figure 16 shows the

same for the proposed method. Note that these density

plots are clipped for values over 10 dB and under 0 dB.

The performance index for the inverse filtering method

decreases with an increase of lateral deviation in position.
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Fig. 12 Frequency response functions from the desired
signal r1 to the right ear yp1 (solid line) and left ear yp2
(dashed line) without movement of the head.
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Fig. 13 Frequency response functions from the desired
signal r1 to the right ear yp1 (solid line) and left ear yp2
(dashed line) with movement of 3 cm of the head.
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Fig. 14 Frequency response functions from the desired
signal r1 to the right ear yp1 (solid line) and left ear yp2
(dashed line) with movement of 6 cm of the head.
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The width of the lateral displacement that maintains �

larger than 10 dB (width of the white belt) is roughly

7.5 cm. The performance index for the proposed method

also decreases with an increase of lateral deviation in

position. However, it can be seen that much larger

displacement is allowed for the proposed method. The

width of the lateral displacement that maintains � larger

than 10 dB is roughly 10 cm. This indicates that the cross-

talk cancellation with the proposed method is better

preserved for deviations in position than it is with the

conventional inverse filtering method. At the sweet spot,

however, the value of � for the proposed method is

16.9 dB, whereas that for the inverse filtering method is

24.2 dB; the inverse filtering method can perform more

effective cross-talk cancellation than the proposed method.

This feature is also presented by the frequency response

function reported in Fig. 12.

In addition to the effect of cross-talk cancellation, we

assessed the degree of flatness of the equalized frequency

response precisely. For that purpose, the following per-

formance index was calculated:

� ¼
1

N

Xk2
k¼k1

f20 logðjYp1ðkÞjÞ � rg2
" #1

2

½dB�; ð15Þ

with

r ¼
1

N

Xk2
k¼k1

20 logðjYp1ðkÞjÞ;

where N is the number of frequency samples between k1
and k2. This index is the standard deviation of the modulus

of Yp1ðkÞ, and represents the scale of the peaks and dips of

the equalized frequency response. The smaller the perform-

ance index, the flatter the equalized frequency response.

Figure 17 shows the relationship of the performance index

to the movement of the dummy head for the inverse

filtering method. Figure 18 shows that for the proposed

method. For both cases, although there is a slight fluctua-

tion in the performance index, its value remains almost

constant, on average, over the spatial range shown in the

figure. However, it can be seen that, at most positions, the

performance index for the proposed method is smaller than

that for the inverse filtering method. In fact, the average

Fig. 15 Relationship of performance index � to move-
ment of the head for the inverse filtering method.

Fig. 16 Relationship of performance index � to move-
ment of the head for the proposed method.

Fig. 17 Relationship of performance index � to move-
ment of the head for the inverse filtering method.

Fig. 18 Relationship of performance index � to move-
ment of the head for the proposed method.
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value of � for the proposed method is 5.4 dB, whereas that

for the inverse filtering method is 7.2 dB. This demon-

strates that the proposed method can perform more

effective equalization, on average, in space than the inverse

filtering method. In this computer simulation, neither filter

length nor modeling delay of the inverse filters was large

enough to produce the satisfactory performance of inver-

sion. However, as described in Subsection 4.1, in practical

situations, it is normal that hardware constraints will limit

the maximum scale of the controller and/or that the

specification of an applied system will require the reduction

of the latency of the system to the lowest possible level.

Even in such a situation, the proposed method can provide

an acceptable performance of inversion.

5. CONCLUSIONS

A transaural sound reproduction system adopting the

feedback control approach was proposed in this work. This

method involves modeling HRTFs as a control plant by

the SVD method and introducing H1 control theory to

synthesize the feedback controller. Performance, stability,

and robustness of the feedback system were met by using

H1 control theory. Computer simulations demonstrated

that the proposed system exhibited better performance than

the conventional system based on the inverse filtering

method in both the equalization of acoustic transfer

functions and cross-talk cancellation when the listener’s

head moved. Thus, the proposed scheme is useful for

extending the ‘‘sweet spot’’ of transaural systems.
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