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Abstract: Selectively cancelling signals at specific
locations within an acoustical environment with
multiple listeners is of significant importance for home
theater, automobile, teleconferencing, office, industrial
and other applications. We have proposed the
eigenfilter for selectively cancelling signals in one
direction, while attempting to retain them at
unintentional directions. In this paper we investigate
the behaviour of the performance measure (i.e., the
gain) for a vowel and an unvoiced fricative, when the
listener moves his head, in an automobile type
environment. We show that in such a situation, a large
energy in the difference between the impulse responses
at a listener’s location may affect the gain substantially.

1. INTRODUCTION

Integrated media systems are envisioned to have a signif-
icant impact on the way groups of people in remote loca-
tions communicate with each other. One of the critical ele-
ments that help enhance the suspension of disbelief required
to convince people that they are truly in the same environ-
ment is sound. While a great deal of ongoing research has
focused on the problem of delivering high quality sound to
a single listener, the problem of delivering the appropriate
audio signals to multiple listeners in the same environment
has not yet been adequately addressed.

In previous work [1, 2, 3] we focused on presenting an
audio signal at a selected direction in a room, while simul-
taneously minimizing the signal power at another direction.
For example, in home theater or television viewing applica-
tions a listener in a specific location in the room may not
want to listen to the audio signal being transmitted, while
another listener at a different location would prefer to listen
to the signal. Consequently, if the objective is to keep one
listener in a region with a reduced sound pressure level, then
one can view this problem as that of signal cancellation in
the direction of that listener. Similar applications arise in the
automobile (e.g., when only the driver would prefer to listen
to an audio signal), or any other environment with multiple

listeners in which only a subset wish to listen to the audio
signal.

An eigenfilter for selective signal cancellation is de-
signed by optimizing an objective function as shown in Sec-
tion 2. Section 3 summarizes some properties of eigenfil-
ters for stationary signals. In Section 4 we show that the
performance function is affected for certain changes in the
responses (such as head movements) in a simulated automo-
bile type environment. We confirm these results for simple
speech signals, (i) an unvoiced fricative /S/ as in sat, (ii) a
vowel /AE/ as in bat. We conclude this paper in Section 5,
and suggest some future directions.

2. THE EIGENFILTER FOR SELECTIVE SIGNAL
CANCELLATION

An objective criterion is designed for maximizing the dif-
ference in signal power between two different listener lo-
cations that have different source-receiver response charac-
teristics. For simplicity we assume that the listeners can
be modeled as point receivers. The method can also be
extended to take into account ear spacing and head-related
transfer function effects. The filter, known as the eigenfilter
that is derived by optimizing the objective function, oper-
ates on the raw signal before the resulting signal is linearly
transformed by the room responses in the direction of the
listeners. Such filters aim at increasing the relative gain in
signal power between the two listeners with some associ-
ated tradeoffs such as: (i) spectral distortion that may arise
from the presence of the eigenfilter, and (ii) the sensitivity
of the filter to the length of the room impulse response (re-
verberation), (iii) perceptual coloration, and (iv) sensitivity
to spatial variations in the room responses (due to listener
head movements). In this paper we focus on the sensitivity
issue in a space that has the approximate dimensions of an
automobile interior as an example of where this approach
could be implemented.
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2.1. Determination of the Eigenfilter

Under our assumption of modeling the listeners as point re-
ceivers we can set up the problem as shown in Fig. 1, where
wk; k = 0; 1; ::;M � 1 represents the coefficients of the
finite impulse response filter to be designed. During the de-
sign phase we assume that the listeners are stationary. The
listening model is then simply

yi(n) = hi(n)

M�1X

k=0

wkx(n� k) + vi(n) i = 1; 2 (1)

where
 represents the convolution operation. With this
background, we view the signal cancellation problem as a
gain maximization problem (between two arbitrary listen-
ers), we can state the performance criterion as,

J(n) = maxw
1

2
(
�2y2(n)

�2
v2(n)

)� �

2
(
�2y1(n)

�2
v1(n)
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in which we would like to maximize the signal to noise ratio
(or signal power) in the direction of listener2, while keeping
the power towards listener1 constrained at10 dB=10 (where
 dB = 10 log

10
 ). In (2),�2yi(n)=�

2

vi(n)
denotes the trans-

mitted signal to ambient noise power at listenerRi with
yi(n) as defined in (1). The quantity� is the well known
Lagrange multiplier.

It can be easily shown, under equal ambient noise, that
the optimal filter,w�, is an eigenfilter given by

w� = e�max[B�1A]
(3)

A =

S�1X

p=0

S�1X

q=0

h2(p)h2(q)Rx(p; q)

B =

L�1X

p=0

L�1X

q=0

h1(p)h1(q)Rx(p; q)

where,e�max[B�1A]
denotes the eigenvector corresponding

to the maximum eigenvalue�max of B�1A.
The performance is the gainGdB expressed as,

GdB = 10 log
10

�2y2(n)

�2
y1(n)

= 10 log
10

w�TAw�

w�TBw�
(4)

Fundamentally, by casting the signal cancellation prob-
lem as a gain maximization problem, we aim at introducing
a large gain ofQ dB between two listeners,R1 andR2. This
Q dB gain is equivalent to virtually positioning listenerR1

at a distance which is
p
10Q=10 times the distance of listener

R2 from a fixed sound source�.
�Strictly speaking, in the free field, the gain based on the in-

verse square law, is expressed as,Q = 10 log
10
r21=r

2

2 (dB), where
r1; r2 are the radial distances of listenersR1 andR2 from the
source.

3. SOME PROPERTIES OF EIGENFILTERS

A couple of interesting properties of the proposed eigen-
filter under wide-sense stationary (WSS) assumptions are
restated below .

Property 1: For a WSS processesx(n), andy(n) with
finite variances, the matrixRx(p; q) is toeplitz, and the gain
(4) can be expressed as,

GdB = 10 log
10

R
2�
jW �(ej!)j2jH2(e

j!)j2Sx(ej!)d!R
2�
jW �(ej!)j2jH1(ej!)j2Sx(ej!)d!

(5)

where,rx(k) 2 Rx(k) andSx(ej!) form a fourier trans-
form pair, andh1(n) andh2(n) are stable responses. More-
over, since we are focusing on real processes in this chapter,
the matrixRx(k) is a symmetric matrix, with

rx(k) = rx(�k) (6)

Property 2(Linear phase) : The optimal eigenfilter (4)
is a linear phase FIR filter having a constant phase and group
delay, or a constant group delay.

4. SENSITIVITY TO SPATIAL VARIATIONS OF
LISTENERS

The goal in this experiment is to observe the robustness of
the designed optimal eigenfilter to variations in room re-
sponses. For the present situation, we generated synthetic
room responses, at the direction of the two listeners, using
the image method [4] for an automobile enclosure (dimen-
sions of 2m� 2m � 2m). The relative locations of the
source and the two listeners is shown in Fig. 2, where a sin-
gle source is assumed to be operating below and to the left
of the driver (e.g., a speaker located on the driver side door).
Listener 2 is assumed to be the driver, whereas listener 1 is
assumed to be the passenger for designing the eigenfilter.
The normal (nominal) positions of the driver and passen-
ger are denoted by an asterisk. An eigenfilter was designed
for these two locations (having different responses). A set
of four responses were also synthesized around each of the
listeners head, depicting head movements of the listeners
(indicated by circles). Two eigenfilters were designed. The
first design involved an unvoiced fricative /S/ as an input
to the automobile enclosure (shown in Fig. 3), whereas
the second design involved a vowel /AE/ as an input to the
eigenfilter (shown in Fig. 4). Once the eigenfilter was deter-
mined for the nominal head locations, the gain (4) was ob-
tained for the nominal positions, as well as for positions cor-
responding to the head variations (while keeping the eigen-
filter fixed). Ideally, it is preferred that the gain changes
are negligible with listener variations. The order M of the
eigenfilter was set at 100. We are currently investigating the
perceptual effects of filter length on sound quality and will
report those results in the near future.
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4.1. Unvoiced Fricative /S/

The gain (dB) matrix as a function of spatial variations is
given below. In the matrix, a gain at the i-th row and the
j-th column provides a gain at an i-th location of the driver
head against the j-th location of the passenger head around
the nominal position (i = j = 1 indicates the gain at nom-
inal locations of the head for which the eigenfilter was de-
signed). The nominal positions of the driver and passen-
ger head are marked by an asterisk. The numbers in the
parenthesis depict the energy in the difference between the
room responses for nominal positions and room responses
for head variations.

1* 2 3 4 5
(0%) (0%) (82%) (8.%) (59%)

1*(0%) 10.8 10.8 -.57 6.7 0.5
2 (10.9%) 11.7 11.7 .37 7.6 1.4
3 (30.3%) 12 12 .6 .8 1.6
4 (30.3%) 12 12 .6 7.8 1.6
5 (10.9%) 11.7 11.7 .37 7.6 1.4

4.2. Vowel /AE/

The gain matrix for this case is given below:

1* 2 3 4 5
(0%) (0%) (82%) (8.%) (59%)

1*(0%) 11.3 11.3 -.8 6.8 .44
2 (10.9%) 12.4 12.4 .17 7.8 1.4
3 (30.3%) 12.7 12.7 .5 8.1 1.8
4 (30.3%) 12.7 12.7 .5 8.1 1.8
5 (10.9%) 12.4 12.4 .17 7.8 1.4

The largest changes in the gain occur when the passen-
ger head location varies. This is mapped in Fig. 5, which
depicts the energy in the difference between the room re-
sponses for nominal positions and room responses for head
variationsy. In summary largest changes in the gain occur
for large energy differences between room responses at the
passengers (listener 1) head. This seems intuitive, since
the driver’s response has a dominant direct field component
which is not substantially affected due to the closeness of
the driver to the source. The passenger’s response has dom-
inant reflective components which vary significantly with
variations in the head locations.

5. CONCLUSIONS

In this paper we investigated the robustness of the eigenfilter
to changes in head locations of two listeners (i.e., changes in

yThe energy difference between room responsesh
1

andh
2

is
given bykh

1
� h

2
k2 =

1

2�

R
2�

jH1(e
j!
)�H2(e

j!
)j2d!.

the responses at the two listeners) in an automobile type en-
closure for simple speech signals, in terms of the gain. We
observed that the performance is affected largely due to the
passenger (listener 1) head movements than the driver head
movements. We believe that this is because of larger en-
ergy in the difference between room responses correspond-
ing to head movements and nominal responses. We plan to
use perturbation theory to further investigate and quantify
this behavior. Future research will also be directed to more
complex signals, and perceptual aspects of designing eigen-
filters (i.e., gain-perceptual coloration tradeoffs).
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Figure 1: The source-two listener model.
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Figure 2: An automobile enclosure with a source and a
driver and passenger.
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Figure 3: Unvoiced fricative speech signal /S/ as in sat.
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Figure 4: Vowel /AE/ as in bat
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Figure 5: Energy in the difference between room responses
corresponding to head movements and nominal responses.
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