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Most systems for Loudspeaker-Room adaptation require the user to interact significantly with the system during the
setup procedure. More specifically the user has to make crucial decisions like choosing a target function and/or editing
the raw measurements before filter calculation. This is a result of systems relying on too little information about the 3D
acoustic problem to be solved, e.g. by measuring sound pressure in only one position in the listening room. The
presented system overcomes this problem by acquiring information both of local properties at the listening position and
on the acoustic power in the 3D sound field. This enables a fully automatic calculation of target function and no

interaction required from the user.

INTRODUCTION

Digital Signal Processing (DSP) has now matured, so
that a high sound quality can be achieved at a cost,
which is meaningful in loudspeaker systems. DSP has
traditionally been used for crossover filters, delay
alignment of drive units, equalization and more. A very
powerful application of DSP for loudspeakers is room
correction systems, where the impact of the listening
room is reduced.

Room correction systems deal with the central problem
of designing and using loudspeakers: the timbre is
highly dependent on the listening room as well as on the
position of both loudspeaker and listener [1, 2, 3, 4, 5, 6,
7, 8, 9, 10]. Many different approaches to reduce this
problem have been reported [11, 12, 13, 14, 15, 16, 17,
18, 19, 20, 21, 22, 23, 24, 25, 26, 27, 28, 29, 30].

Many of these systems are based on a measurement of
the transfer function from the input of the loudspeaker
to an omnidirectional microphone, placed at the
preferred listening position. An equalizing filter is then
introduced in the signal path yielding a resulting transfer
function, which approximates a target function.

One problem of such systems is their sensitivity to
changes in the position of the sound source as well as
the position of the listener. If the position of either the
loudspeaker or the listener is changed, the effects can be
severe coloration, pre-echoes, etc. The gain at a number
of single frequencies have, by measurements, been
found to change up to 20 dB caused by moving the
listening position 10 cm even at frequencies below 100
Hz [31].

Sound pressure measured in closed rooms always
feature notches at several frequencies due to reflection
cancellations and room modes. This leads to a number
of well-known disadvantages such as uncontrolled high
gains in the inverse filter, unless a number of additional
modifications are performed, e.g. significant smoothing
of the acoustic measurement before inversion. Non-
minimum phase characteristics of the measured transfer
function present an additional challenge when designing
the inverse filter as part of meeting the target function.
A common challenge of all the mentioned systems is the
choice of a meaningful target function. It has been
found that part of the impact of a listening room is
natural to the human ear and should not be removed by
a room correction system [32, 33]. A target function
must be meaningful in an acoustic and in a subjective
way rather than in a mathematical trivial way. E.g. a
constant amplitude characteristic has been found to
result in an unnatural timbre, which is lacking level at
low frequencies.

Depending on the characteristics of the wused
loudspeaker, different target curves might be found to
be optimal, which is part of the reason for having to
require the user to select between a number of
predefined target curves in most systems. However this
is not necessary in the described system, because much
more information of both listening room and
loudspeakers is acquired by this system.

This paper presents how DSP can be used in a fully
automatic way to adapt a loudspeaker to its acoustic
environment in such a way that local phenomena at a
specific listening position are addressed but under
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guidance of a general acoustic response [30]. This
ensures not only an increased improvement at the
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listening position but also for listeners anywhere in the
listening room.
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Figure 1: Basic principle of the developed room correction system, with one listening position in the sofa (light
grey/red) and 3 “room positions” (black/blue) scattered randomly across the entire listening room.

1 SYSTEM PRINCIPLE

The RoomPerfect room correction system' is based on
measuring the sound pressure in the listening position
and in at least 3 randomly selected positions scattered
across the entire listening room. The measurement in
the listening position holds information about the
listener’s access to the sound field while the room
positions hold information about the energy in the 3D
sound field. The correction for the listening position is
then bound by upper and lower gain limits calculated
from the information about the 3D sound field. The
basic principle of the system is shown in figure 1.
Target curves are automatically calculated based on the
measurements. In fact the target curve enables the
system to preserve the basic characteristics of the used
loudspeaker, so that the system is not trying to make all
loudspeakers sound alike; it is only removing the
influence of the listening room. This is achieved
through estimation of the main characteristics of the
used loudspeaker: lower cut off frequency and slope,
sensitivity, directivity index and upper cut off for the
treble drive unit. More information about the system can
be found in [30].

! The presented technology is known also commercially
by the name “RoomPerfect™”

1.1 DSP structure

Figure 2 shows how different tasks in the system are
handled by DSP. The line input signal is parsed through
the “RoomPerfect Filter”, which is an FIR filter. Then
the signal is fed to an power amplifier and on to the
loudspeaker.
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Figure 2: All major blocks in a RoomPerfect system are
handled by quite different disciplines of DSP.

The signal to the power amplifier can also be taken from
a signal generator during a setup procedure. The
“Measurement System” then analyses the amplified
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microphone signal relative to the generated signal to
produce a transfer function representing the linear
relationship between the measured sound pressure at the
microphone and the electrical input signal to the
loudspeaker.

The “Filter Generator” then calculates the actual FIR
filter coefficients based on the measured transfer
functions at the listening position and at least 3 random
room positions. The setup procedure concludes by
passing the calculated filter coefficients to the
“RoomPerfect Filter”.

1.2 Measurement method

The system is based on measuring sound pressure using
an omnidirectional microphone first in the listening
position (focus position) and then in a number of room
positions.

The general acoustic response, Pgiobal » 1S calculated as
the power average of the complex valued sound
pressures, p;, measured in the room positions, see
equation 1. The measured sound pressure in the
listening position can also be included in this average.
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Equation 1 represents a spatial power average of the
sound pressure in a room. Figure 3 shows the sound
pressure amplitudes measured at N=9 different positions
scattered across a listening room together with the
power average of these 9 curves using equation 1.
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Figure 3 : Measured sound pressure amplitude [dB] in 9
different positions (gray/green) together with the power
average (black/blue).
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The bold curve found in figure 3 (global) and measured
sound pressure at the listening position (focused)
represents the fundamental input to the system: energy
in the 3D sound field (global curve) and the interface to
the sound field observed at the listening position.

1.3 Automatic target calculation

A critical part of room correction is to realize that the
target is not the anechoic chamber, i.e. a Dirac delta
impulse response. It turns out, that part of the influence
of a room is positive and should not be removed, while
other parts have to be removed/compensated [32, 33].
Also a fixed standard target curve for all loudspeaker
types is not optimal, because DSP is 1 dimensional,
which can not and should not be used to change 3D
phenomena like the directivity of a loudspeaker, which
is a pure function of the geometry of the loudspeaker
and the loudspeaker drive units.

The developed system automatically calculates target
curves based on the measurements — both originating
from the listening position and the from the room
positions. This means that the target curves attempt to
preserve the basic characteristics of the used
loudspeaker, so that the system is not trying to make all
loudspeakers sound alike, it is only removing the
influence of the listening room.

A central point at this stage is to realize that the power
averaged sound pressure across a listening room, i.e. the
global curve, is approximately the power response of
the loudspeaker positioned in the actual listening room,
where the one measurement at the listening position is
often more of the same nature as the on axis pressure
response combined with a fraction of power response.

It follows from this, that the directivity index of the
used loudspeaker should be removed from the global
curve before this can be used to guide the focused curve
(listening position) because directivity index is the ratio
between pressure response and power response.

This is obtained by calculating separate target curves for
global and for focused, which takes into account the
following characteristics of the used loudspeaker: lower
cut off frequency and slope, sensitivity, directivity index
and upper cut off for the treble.

Reproduction of sound in a room always results in an
increased sound pressure level towards lower
frequencies. This is partly a consequence of the lower
absorption found in typical rooms at low frequencies.
However this is natural to the human ear as this
provides the sense of being in a room. Consequently a
room correction system cannot be allowed to remove
this smooth increase in level at low frequencies, also
referred to as the room gain [32, 33].

This can be seen as a smooth increase of the calculated
target curve at lower frequencies in figure 4, which
shows the power averaged curve (global) together with
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the calculated target curve for global Tjjon.(f). Here a
lower cut off frequency of 27.6 Hz was calculated from
the measurements, and the sensitivity was calculated to
87.9 dB SPL. The slope above 467 Hz was calculated to
be -4.1 dB/decade.
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Figure 4 : Measured power averaged sound pressure
amplitude (black/blue) together with the calculated
target curve for global (gray/green).

Figure 13 shows a measurement at the listening position
(focused) together with the calculated target curve for
focused, Tgoeus(f). The very same lower cut off as in
figure 4 was used for the focus target curve, but here the
sensitivity was 86.0 dB SPL. The directivity index is
clear when comparing figure 4 and 13, where the upper
roll off caused by the directivity at higher frequencies
starts at 467 Hz in figure 4.

Figure 5 shows a different example of calculated global
target together with the power averaged sound pressure
measured in a different room using a different
loudspeaker system. Here a lower cut off frequency of
36.4 Hz was calculated from the measurements, and the
sensitivity was calculated to 86.4 dB SPL. The slope
above 4195 Hz was calculated to be -18.4 dB/decade.
Figure 15 shows in a similar way as figure 13 a
measurement at the listening position (focused) together
with a calculated target curve for focused, Tgcus(f). This
measurement corresponds to the global curve in figure
5, and the sensitivity was calculated to be 87.1 dB SPL.
Equation 2 and 3 gives the intermediate correction
filters for focused, Hyocus(f), and for global, Hgopai(f).
These intermediate correction filters are the ratio
between target curves, Tipeus(f) and Tgopa(f), and
measured sound pressures, Procus(f) and  pgiopar(f)
respectively. This effectively removes the directivity
index from the global curve and removes the
loudspeaker characteristics leaving the influence of the
listening room.
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Figure 5 : Measured power averaged sound pressure
amplitude (black/blue) together with the calculated
target curve for global (gray/green).
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1.4 Gain limits

The lower and upper gain limits, gainjy.(f) and
gaingppe(f), are calculated as a function of frequency
from the information about the 3D sound field, i.e. the
intermediate correction filter for global, Hgiopal(f)..
Equation 4 and 5 gives one example of upper and lower
gain limits, where the lower gain limit is simply the
intermediate correction filter for global, Hgppa(f),
lowered 3 dB, see equation 4. The upper gain limit,
given by equation 5, is set to O dB if the intermediate
correction filter for global, Hgopa(f), is below 0 dB
indicating too high energy in the 3D sound field. In this
situation no positive gain is allowed in the system.
However if the intermediate correction filter for global,
Hgiopai(f), is above 0 dB indicating a lack of energy in
the 3D sound field, then the upper gain limit is set to be
equal to the intermediate correction filter for global,
Hgiobal(f). This is the case at 126 Hz in figure 6. This
means that if there is a general lack of 2 dB at a certain
frequency, then up to +2 dB of gain is allowed by the
system.

H
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1‘ Hglobal(f)<1
Hglobal (f)‘Hglobal (f) 21

Figure 6 shows an example of an intermediate
correction filter for focus together with upper and lower
gain limits according to equation 4 and 5. Figure 7
shows the resulting curve after the gain limiting, G(f),
as given in equation 6.

Gain limits (blue) and intermediate correction filter (green)
20 T T
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Figure 6: Intermediate correction filter for focus
(gray/green), upper and lower gain limits (black/blue).

gainlower (f)‘ Hﬁ)cus (f) < gainlower (f)
Hfoz‘u.v (f)‘ gainlower (f) < Hfocu,r (f) < gainu])per
gainupper (f) ‘ gainuppcr (f) < Hfocus (f)

G(f)=

(6)
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Figure 7 : Upper and lower gain limits (black/blue) and
the resulting curve after gain limiting (gray/green).
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It should be noted that the intermediate correction filter
for focus in figure 6 corresponds to the traditional single
point room adaptation with no smoothing applied.

The developed system does not rely on smoothing to try
to overcome the problem of uncontrolled high gains like
at 38 Hz in figure 6. When the intermediate correction
filter for focus falls between the upper an lower gain
limit, then the resulting curve is exactly equal to the
intermediate correction filter for focus with no smearing
or loss of accuracy caused by a gross smoothing, which
is necessary to try to control the intermediate correction
filter gain at 38 Hz: +19 dB.

1.5 Filter generator

The filter target, G(f), is convolved with a smoothing
function to control the amount of local details in the
filter target, which in turn determines the needed FIR
filter length. It is important to stress that this smoothing
does not play the same role as the smoothing applied in
most other reported room correction systems, where the
smoothing tries to overcome the problem of
uncontrolled high gains as a result of inverting a transfer
function, which includes deep notches.

The smoothed filter target, Gymoom(f), is a real valued
function of frequency, i.e. zero phase at all frequencies.
Minimum phase realization is chosen in order to apply
the minimum natural amount of phase shift for a given
change of amplitude. To the extent that an amplitude
response originates from a minimum phase system,
which is the case to a large extent for a loudspeaker
system, then a minimum phase realization of the inverse
amplitude response is indeed the correct phase, so that
both amplitude and phase are optimally corrected.

The important factors for the experienced timbre in a
room are the energy in the 3D sound field and the
coupling to the sound field at a specific listening
position and these factors are taken into account in the
amplitude response.

Here it is important to note that a sound field is 3
dimensional, which means that the phase response
changes differently as a function of position when
moving in different directions from a listening position.
It follows from this that correcting the complete phase
response only makes sense in one point, i.e. 1 position.
This is the reason why only the part of the phase
response, which corresponds to the amplitude response,
should be corrected, i.e. the minimum phase part. This
is obtained by employing Homomorphic filtering of the
smoothed filter target function performed in Cepstrum
domain [28].

2 RESULTS

A full range “Dali Helicon 400" loudspeaker was placed
in a listening room as shown in figure 8. Then the
transfer function was measured from the input of the
loudspeaker to the sound pressure measured by a
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microphone in 9 different positions: 1 measurement in a
listening position and 8 measurements in room positions
scattered randomly across the entire listening room.

490 cm
&

534 cm

556 oM

333 cm

Figure 8 : Measurement setup in a listening room with a
ceiling height of 260 cm. The listening position was in
the center of the sofa.

An alternative loudspeaker system in a different room
was also investigated through similar measurements.
The dimensions of the alternative room was: (length x
width x height) = 7.60m x 4.40m x 2.70m. The
loudspeaker setup in the alternative room was a 242
system in which two corner placed woofers “Lyngdorf
Audio W210” were playing up to 400 Hz and the rest of
the frequency range was covered by more freely placed
main speakers “Lyngdorf Audio MH-1”. The main
speakers were placed 1,10 m away from both side wall
and end wall. An effective difference of distance from
the listening position to the corner woofer and the main
speaker was compensated through applying a delay of
5.2 msec. to the signal going to the main speakers.

2.1 Measured sound pressure

Figure 9 and 10 show the global and focused measured
curves in the room shown in figure 8. The global curve
is calculated from all 9 measurements using equation 1.
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Figure 9 : Sound pressure in the listening position

(focused curve).
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Figure 10 : Power averaged sound pressure across the 9

positions in the listening position (global curve).

4

2.2 Filter characteristic

Figure 11 and 12 show the generated filters, which are
inserted into the signal path before the power amplifier.
The filter is calculated according to the procedure
described in section 1.

Figure 11 shows the filter, which was generated to suit
the listening room shown in figure 8. The generated
filter for the alternative listening room with the 2+2
system installed is shown in figure 12.
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RoomPerfect Filter
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Figure 11 Filter characteristic of the generated
correction filter for the listening room shown in figure

8.
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Figure 12 Filter characteristic of the generated
correction filter for the alternative listening room with a
2+2 loudspeaker setup installed.

2.3 Impact of the filter

Figures 13 and 14 show the sound pressure measured at
the listening position before and after applying the filter
shown in figure 11. Both figures also show the
calculated target curve for focus.

Figures 15 and 16 then show in a similar way the
measured sound pressure in the alternative room before
and after applying the filter shown in figure 12. These
figures also show the calculated target curves for focus.
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Figure 13 : Sound pressure measured at the listening
position without applying the filter (black/blue).
Gray/green smooth curve is the automatically calculated
target curve.
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Figure 14 : Sound pressure measured at the listening
position after applying the filter (black/blue).
Gray/green smooth curve is the automatically calculated
target curve.
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Figure 15 : Sound pressure measured at the listening
position without applying the filter (black/blue).
Gray/green smooth curve is the automatically calculated
target curve.

Informal listening evaluations have shown that the
developed system does provide a huge improvement not
only at the measured listening position but also across
the listening room. It was found that adding more room
positions improved the perceived sound quality
evaluated in the listening position. In addition more
room positions also provided an improvement when
moving away from the measured listening postion.

An important finding was, the lack of the artifacts
normally found in single point room correction systems,
like uncontrolled high gains.

Focus: Using RoomPerfect (blue), target (green)
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Figure 16 : Sound pressure measured at the listening
position after applying the filter (black/blue).
Gray/green smooth curve is the automatically calculated
target curve.
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Another important finding was that the developed
system was able to preserve the basic character of the
used loudspeaker. Listeners commented that they could
still recognize the sound of the loudspeaker — only the
impact of listening room was removed. This gave a
much more natural sound experience compared to the
traditional approach, where DSP is applied also to 3D
phenomena like directivity index.

3 DISCUSSION

According to the presented method it is possible to
provide a room adaptation of a loudspeaker which will
provide a listener with a listening experience where
severe coloration due to loudspeaker-room interaction
has been significantly reduced and still without
introducing coloration artifacts in locations outside the
listening position.

Earlier reported single point room correction systems
fail to perform an optimal correction for the influence of
the listening room simply because these systems have
too little information available. These systems are based
on measuring the sound pressure in 1 position, which is
a 1 dimensional function of frequency. This approach is
a projection of a 3D object, i.e. the sound field, onto a 1
dimensional scale, i.e. the sound pressure in 1 point!

A projection from 3D onto a 1D scale can at some
frequencies bee successful and meaningful; however at
other frequencies the 3D object can be oriented in such
a way, that the 1D projection doesn’t make sense. One
example could be a strong room mode, which is
strongly excited due to the position of the loudspeaker.
At the center frequency of the room mode the sound
field is far too strong compared to other frequencies, i.e.
it has far higher energy and should be attenuated.
However if the single point room correction is measured
directly at the notch of this room mode, then the
measured sound pressure would be very low, which in
turn calls for a very high gain at this frequency, which
would only make the room mode even stronger.

The developed system overcomes this problem by using
the added information gained from the random room
positions. In the described example the system would
simply introduce an upper gain limit of 0 dB at the
center frequency of the room mode, which would
effectively prevent the system from adding more energy
to the strong room mode even when the listening
position is directly at the notch of the room mode.

On the other hand it is important to understand that the
developed system is not just a linear weighted average
between measurements performed at the listening
position and measurements performed across the entire
listening room like other reported multiple point room
correction systems. If this was the case, then adding
more and more room positions would degrade the
performance at the measured listening position. The
correction filter in the developed system is always based
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on the one measurement at the listening position, but
guided by the information about the complete sound
field (room positions) to overcome the 3D to 1D
projection artefacts.

4 CONCLUSIONS

With the developed system, it is possible to fully
automatically equalize a loudspeaker to a listening
position but still taking into account the general
properties of the room. Even though the equalizing filter
is based on a measured sound pressure at a specific
listening position, the introduction of frequency
dependent upper and lower gain limits based on an
inverse of a transfer function representing a power
averaged sound pressure in the room, it is possible to
shape the equalizing filter according to the general
acoustic properties of the room since these properties
are inherent in the global transfer function. The
developed system overcomes the artefacts normally
found in single point room correction system by using
the additional information about the 3D sound field
contained in the measured room positions scattered
randomly across the entire listening room. This
effectively handles the 3D to 1D projection problems
found when acquiring information about a 3D sound
field by measuring 1D sound pressure in 1 position like
earlier reported single point room correction systems.
The additional information is also used to automatically
calculate a target function, which suits the loudspeaker
actually used, which opens up the possibility of a fully
automatic room correction system, where no user
interaction is needed. This system also provides a more
natural timbre to room correction systems by
recognizing the fact that part of the influence of a room
is perceived to be natural and should not be removed by
a room correction system.
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