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Abstract

Conference telephony is very much dependent on hands-
free operation because it offers convenience, flexibility,
and ease of use. In many conference rooms the back-
ground noise and reverberation level can be quite high.
It is usually not enough to use a single microphone to
obtain a desired quality. However, an array of micro-
phones will be able to suppress reverberations, back-
ground noise and near-end echoes. This paper shows
a study performed using real data from ATRI’s board
room. The results show a potential suppression of back-
ground noise and disturbing sources of more than 10
dB over the whole frequency range. The system is cal-
ibrated and designed in-situ using Matlab and a Texas
Instruments based DSP-system. Different filter-lengths
have been studied ranging from 16-256 long and a 6 mi-
crophone element array have been used.

1. Introduction

Conference telephony and video conference are growing
areas of communication. It is important to maintain
a good sound quality even if the system is operated in
hands-free mode. Another important aspect is ease of
use. Thus using close talk microphones or headsets for
each user would be inconvenient. The two key advan-
tages of hands-free communication are convenience and
flexibility. In a hands-free environment, microphones
are placed at a remote distance from the speakers, [1],
[2], [3], [4], [5]. The loudspeaker/loudspeakers are placed
and the volume is set to a level such that the sound will
be clearly audible to all the users. However, this means
that the microphones will pick-up background noise as
well as the signal from the loudspeaker, thus near-end
echo. Without suitable signal processing the result will
be poor sound-quality and acoustic feedback for the far-
end user. The quality of the speech signal will be af-
fected by the room acoustics. To obtain sound qual-
ity similar to or better than obtained using hand-held
telephone sets, filtering is required to suppress the loud-
speaker signal, as well as background noise and room

reverberation, without causing speech distortion. Fur-
thermore, hands-free equipment must handle full-duplex
operation. Future voice communication will also include
stereo information which invokes new problems for echo
cancellation [6]. This will add considerably more com-
plexity and it has not been considered in this study.

The procedure proposed in this paper is based on a
multi-dimensional filter design. The idea has been to
gather calibration signals in the room from positions
corresponding to the speaker positions and loudspeaker
positions. From these calibration signals an LS opti-
mization problem is formulated and solved. This gives
FIR filter weights which are used in the DSP-system
and will provide a multi-dimensional filtering given the
calibration data. By doing so one can get calibrated
responses from different speaker localizations. The cali-
bration signals used are a broad-band noise, from a num-
ber of positions in the room, which are corresponding to
the speakers positions, the obtained filters are optimized
for the given positions. The procedure must be con-
nected to a localization procedure, depending on which
speaker that is active. This is currently investigated.

2. Signal Model

The calibration signals are gathered from 12 positions
according to Fig. 1. The different signal sources are
denoted sm(t),m = 1, 2, . . . ,M and are assumed to be
mutually uncorrelated. These signals impinge on an ar-
ray of I microphone elements, each corrupted with noise
ηi(t). This noise can be considered to contain electronic
noise and background noise from air-conditioning etc.
The transfer function between source no. m and array
element no. i is denoted Gm,i(ω). The input signals,
xi(t) are

xi(t) =
M∑

m=1

sm(t)∗gm,i(t)+ηi(t) ; i = 1, 2, . . . , I (1)

In the sequel all signals are assumed to be band lim-
ited and sampled.
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Figure 1: Measurement setup.

3. Theory

A broadband spatial temporal filter has been used
to solve the multi-dimensional filtering problem, a
schematic diagram can be seen in Fig. 2. The output,
y(n) from the filter is given by

y(n) =
I∑

i=1

L−1∑

j=0

wi(j)xi(n− j) (2)

where L is the number of filter taps.

A new set of weights is designed for each source
position. The desired signal d(n) used for the design is
obtained from the calibration signal sm(n) by filtering
it with f(n). In this study only a delay were used,
but if some reverberation in the desired signal is re-
quested this can be achived by choosing an appropriate
filter. The delay consists of the actual delay between
the loudspeaker and the microphone array (τ , no. of
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Figure 2: The broadband spatial temporal filter.

samples) and half the filter-length (L/2, no. of samples).

When designing the spatial temporal filter the mean
square error has been minimized as

wopt = arg min
w

1
N

N∑
n=1

|d(n)− y(n)|2 (3)

where parameter N is the total number of time samples
used in the averaging. The resulting filters are conven-
tional FIR-filters where the weights are found by solving
the normal equations.

The total correlation matrix Rxx, when formulating
the normal equations, is defined as

Rxx =




Rx1x1 Rx1x2 . . . Rx1xI

Rx2x1 Rx2x2 . . . Rx2xI

...
...

. . .
RxIx1 RxIx2 . . . RxIxI


 (4)

where

Rxixj =




rij(0) rij(1) . . . rij(L− 1)
rij(1) rij(0) . . . rij(L− 2)

...
...

. . .
...

rij(L− 1) rij(L− 2) . . . rij(0)




(5)
and

rij(k) =
1
N

N−k−1∑
n=0

xi(n)xj(n + k) ; k = 0, 1, . . . , L− 1

(6)
which is the cross-correlation estimator.

The filter vectors wi , where i = 1, 2 . . . I, are ar-
ranged as a column-vector

w =
[

wT
1 wT

2 . . . wT
I

]T (7)

and the cross-correlation vector, the correlation between
the desired signal d(n) and the input signals xi(n),
where i = 1, 2 . . . I, are arranged as

rxd =
[

rx1d rx2d . . . rxId

]T (8)



where

rxid =
[

rxid(0) rxid(1) . . . rxid(L− 1)
]T (9)

and

rxid(k) =
1
N

N−k−1∑
n=0

xi(n)d(n+ k) ; k = 0, 1, . . . , L− 1

(10)
The correlation matrices and vectors are averaged

from the broadband noise calibration signals, using
raw correlation. The length of the recordings (no. of
samples) are > 10IL.

The spatial temporal filtering weights are found from
the solution of the least squares problem.

w = Rxx
−1rxd (11)

A new set of weights is found for each desired source.

If there is a fixed noise/interference source in a known
direction, then we can force attenuation in that direction
by adding the correlation matrix, Rnn, to Rxx. Rnn is
estimated in the same way as Rxx. The optimal least
square solution to the problem becomes

w = [Rxx + Rnn]−1rxd (12)

thus one will be able to handle interference.

4. Filter Design Procedure

The calibration and filter design procedure is given as:

• Gather signals from the 12 positions, see Fig. 1,
and save the data from source m into a data matrix
Xm, synchronously gather the signal sm(n) into a
vector, sm.

• Select the signals used in the filter design. Thus
the source of interest, m, determines which of the
calibration signals that should be used.

• Create Rxx and rxd and solve for w. This is done
off-line in Matlab. After the design is performed the
weights are downloaded to the DSP for processing.

5. Hardware Description

The DSP used is a Texas Instruments TMS320C6701
on a Spectrum Signal Processing Daytona PCI board,
plugged into a PC. The data acquisition board is a Gen-
eral Standards Corporation PMC-ADADIO which com-
municates with the DSP via a local PCI bus on the

Daytona board. The ADCs and DACs on the data ac-
quisition board uses 16-Bit resolution and 8kHz sample
frequency. The microphone system from Larson-Davis
uses microphones of 1/2” free field type and the array
spacing was 40mm. The realtime software running in
the DSP is written in assembly and C and the PC front-
end for the DSP program is written in LabVIEW.

6. Results

A comparison between two strategies has been done.
Two sets of spatial temporal filters were designed from
the calibration recordings.

• Including only desired signal and one disturbance
when forming w.

• Desired signal and all disturbances are used when
forming w.

Speaker position number 3 was used as desired in both
designs and the speaker in position 9 was used as distur-
bance in the first design. The two sets contains filters
ranging from 16 to 256 taps in length. The resulting
filters were loaded into the DSP-system for evaluation.
The performance was recorded by measuring the output
signal using a dynamic signal analyzer.

Above filter designs were used to perform two mea-
surements. The first measurement compares the sup-
pression of speaker number 9 relative to speaker num-
ber 3 for different filter-lengths and both designs. The
second measurement compares the suppression of many
positions relative speaker number 3 for the filter length
256 and both designs. The suppression ratio is calcu-
lated as

Suppression Ratio [dB] = 10 log

( ∫ π

−π
P̂y3(ω)dω

∫ π

−π
P̂ym(ω)dω

)

(13)
where P̂ym(ω) and P̂y3(ω) denote the spectral densities
for the disturbing and the desired location respectively,
measured at the output of the DSP-system. The index
m ∈ [1,M ] denotes the position of the disturbance. The
results from the measurements are shown in Figs. 3 and
4.

From the first measurement it can be seen, see Fig.
3, that there is little to be gained by using filters longer
than 64 taps.

The second measurement, see Fig. 4, shows that the
designs suppressing only one position will perform poor
in any other position. Figs. 5 and 6 also show the
suppression for different frequencies for the same mea-
surement.
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Figure 3: Average suppression versus filter length.
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Figure 4: Average suppression versus position, filter
length 256 taps.

7. Conclusions and future work

A microphone array has been designed using calibration
data from 12 different positions. One source is consid-
ered as desired and the other sources should be sup-
pressed. It is possible to suppress undesired background
noise as well as undesired sources by 10 dB. The real-
time implementation show some degradation compared
to Matlab implementation but this may be improved by
using better reconstruction filters.

Next phase would be to integrate source localization
and adaptive processing of the array, as well as stereo
sound.
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Figure 6: Suppression for one position versus position
and frequency, filter length 256 taps.
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