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0 INTRODUCTION

The aim of this work was to study the psychoacousti-
cally determined performance requirements for the design
of a loudspeaker system for high-quality reproduction of
low-frequency sound in small rooms.

This is part II in a series of papers, and it describes how
digital signal processing was used for the generation of
stimuli and the equalization of the listening system. Part I
described the actual listening experiments, including
experimental strategy, procedure, and results [1].

The increasing use of digital surround sound systems,
such as 5.1 systems, increases the attention to low-
frequency reproduction. Considering 5.1 systems, espe-
cially the .1 channel and modern program material, loud-
speaker manufacturers have the desire to quantify the
requirements for low-frequency sound reproduction.

In order not to limit the applicability of the conclusions
it was decided to assume that the system variables were
those available in a system employing digital signal pro-
cessing (DSP) for all the filtering and control tasks.

The essential requirements for high-quality sound
reproduction at low frequencies are the lower cutoff fre-
quency and slope because these are linked to maximum
displacement of drivers, system tuning, and power
requirements. In this context it was also decided to focus
on two additional parameters––amplitude ripple and
group delay ripple, both in the passband. Amplitude ripple
sets the requirements for how much the amplitude
response can be allowed to deviate from an ideal response.
Requirements regarding maximum group delay ripple
impose a limit on how rapidly the phase is allowed to
change. Both amplitude and delay ripple can arise due to
a number of physical phenomena such as variations in the
parameters of the loudspeaker drive units, resonances in
the cabinet, diffraction around the cabinet, reflections, and
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modes in the listening room. The experiments were
divided into two separate groups––lower cutoff frequency
and slope in the first group and amplitude and group delay
ripples in the second group. All parameters in each group
were required to be varied independently, that is, orthogo-
nally.

The work reported both here and in paper I formed part
of the EUREKA Project 1653 Medusa (Multichannel
Enhancement of Domestic User Stereo Applications). The
Medusa project was a 3.5-year joint research project with
the following partners: British Broadcasting Corporation,
Institute of Sound Recording at University of Surrey,
Nokia Research Centre, Genelec Oy, and Bang & Olufsen
a/s.

1 GENERATION OF STIMULI

Stimuli for the listening tests were produced by differ-
ent filtering of seven selected program pieces. First the
lower cutoff frequency and slope were changed and then
both amplitude and group delay ripples in the passband
were added.

1.1 Program Material
Seven items of program material were selected from a

wide set of materials [1]. Two items were used during the
training of subjects, whereas four other items were used in
the actual experiment. The last item was used for calibra-
tion purposes only. The spectral distribution, especially
below 200 Hz, was of special interest when selecting the
seven items of program material. Table 1 lists the specifi-
cations for the selected seven pieces.

Total loudness at the listening position was used to cal-
ibrate the playback level. The calculation of total loudness
required a stationary signal, which was chosen to be pink
noise, as seen in Table 1. The reproduction level of pink
noise was adjusted from loudness measurements, which
are described in Sections 3.1 and 3.3, and the levels of the
other six pieces were individually adjusted relative to pink
noise, based on calculations of the total power content of
the seven pieces. Eq. (1) gives the relative gain GA of pro-

gram item A relative to pink noise,
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where pink [n] is the time signal of pink noise and A[n] the
time signal of program item A, N is the number of samples
in the program pieces, Ppink is the total power content of
pink noise, and PA is the total power content of program
item A. The total power content is given in Table 1 for
each of the seven pieces.

Power spectra of all the program items were calculated
using the 1 min of each program item. Fig. 1 gives the
power spectra of the two training items and Fig. 2 those of
the four items that were used in the actual experiment. The
original program items were turned into Microsoft wave
files with two channels, 16 bits, and 44 100-Hz sampling
frequency. All the programs for processing had Microsoft
wave files as both input and output files.

1.2 Variable Lower Cutoff Frequency and Slope
The lower cutoff frequency was varied from 20 to 50

Hz by prefiltering the program material using a digital
high-pass filter with variable cutoff frequency. The range
from 20 to 50 Hz was considered to be a typical range of
lower cutoff frequencies. An intermediate value of 35 Hz
was chosen as a third cutoff frequency. Additional infor-
mation about the experimental plan was presented in part
I [1]. Fig. 3 illustrates the variation of the lower cutoff
frequency.

It is not only the cutoff frequency that is of importance
when considering the lower rolloff of a loudspeaker sys-
tem, but also the order, that is, slope. A closed-box system
is of second order and a vented box is of fourth order.
Considering these very commonly used systems, it was
chosen to vary the order of the high-pass filter between
second, fourth, and sixth order. Fig. 3 shows this variation
of the slope from second order up to sixth order.
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Table 1. Specifications of selected program material.*

Main Record Power†
Title Artist Company                    Number               Track        Time          (dB)

Rush Eric Clapton            Reprise 926794-2           2        0:00      �18.8
1:00

Fourplay Fourplay Warner Bros. 7599-266565-2     10     0:25 �12.9
1:25

Ray of Light                    Madonna Maverik/Warner Bros.   9362-46847-2    5      0:40    �8.9
1:40

Bladerunner                    Vangelis                 East West                    4509-96574-2        1       1:00       �16.2
2:00

The Hunter Jennifer Warnes    BMG 261974 9      3:40      �13.9     
4:40                       

Amused to Death Roger Waters       Columbia 468761-2 3        0:05     �25.3
1:05

Pink noise                                                                                                                                               0:00     �9.7
1:00

* The first two programs were used during training and the following four during the actual experiment. Pink noise was used for
calibration.
†Power averaged over the whole duration of each program item. Only relative levels were necessary for level alignment of pro-
gram pieces.
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1.3 Amplitude and Group Delay Ripple
Ripples both in amplitude response and in the group

delay are found in practical usage of loudspeaker systems.
Ripples can arise for a number of reasons, such as toler-
ances of components, limited possibilities of equalization,

poor tuning of the system, diffraction of the cabinet, reflec-
tions, and modes in the listening room. When designing
and installing a loudspeaker system, it would be useful to
have knowledge about how large the ripples are allowed to
be. Ripples of different magnitudes were added to the test
items before playback by introducing a digital filter com-
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Fig. 2. Power spectrum (one-third) of four music segments for actual test (aligned).

Fig. 1. Power spectrum (one-third) of first two music segments for training (aligned).
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prising a nonflat amplitude response or a nonlinear phase
response. A nonflat amplitude response in the passband of
the loudspeaker yielded amplitude ripple and a nonlinear
phase response yielded a nonconstant group delay, that is,
group delay ripple.

The shape and magnitude of both amplitude and group
delay ripple were calculated from room simulations of an
IEC 268-13 sized room [2]. The room simulations were
based on the principle of mirror images and carried out
using a developed program [3]. The room simulator pro-
gram was used to calculate the first 1000 ms of the
impulse response in a specified receiver position, given a
specified source position. Both source and receiver were
assumed to be omnidirectional. The impulse response was
sampled at a rate of 4 kHz, which was appropriate consid-
ering the bass region of a loudspeaker system.

The simulated room was a rectangular room with dimen-
sions of 5.03 m � 6.02 m � 2.50 m (width � length �
height). The source position was chosen to be (X, Y, Z) �
(0.30 m, 0.40 m, 0.35 m), which was considered to be a
realistic corner position that would excite all room modes,
which in turn would yield large ripples. The receiver posi-
tion was chosen to be at a typical listening position near
the center of the room, but offset about 0.30 m to avoid
abnormal effects due to perfect symmetry, such as perfect
cancellation: (X, Y, Z) � (2.20 m, 2.70 m, 1.10 m).

These parameters of the room simulation were fixed in
all simulations, but the reverberation time T60 was varied
from an anechoic environment to 0.8 s in order to control
the magnitude of the ripples, that is, a hard room yielded
large ripples compared to a well damped room. The rever-
beration times of the simulated rooms were estimated by

time-reversed integration of the squared impulse response.
Eq. (2) was used to calculate a Schroeder integral plot
rp[n], based on the impulse response h[n], which was of
length N,
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Further information about time-reversed integration can
be found in [4]. The reverberation time T60 was found
through inspection of a plot of the Schroeder integral by
determining the time where the level was decreased 60
dB relative to the initial level. Note that the length of the
simulated impulse response was longer than the true
reverberation time in order to avoid errors in the
Schroeder integration.

Four levels of ripples were calculated by simulating
four rooms with different reverbation times T60: 0 s (ane-
choic), 0.2 s, 0.4 s, and 0.8 s. The reverberation time was
adjusted by changing the reflection coefficients of the
walls, floor, and ceiling. Table 2 lists the reflection coeffi-
cients for the six surfaces in each of the four rooms. The
amplitude and phase responses of each room were nor-
malized according to the anechoic room, that is, the ane-
choic case yielded zero amplitude ripple and zero group
delay ripple. The group delay was calculated from the
unwrapped phase response by differentiation. Figs. 4 – 6
show all four levels of amplitude ripple and group delay
ripple. Please note that ripples were only implemented
from these target curves up to a certain upper frequency,
that is, to emulate the upper frequency limit of a sub-
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Table 2. Reflection coefficients of walls, floor, and ceiling

T60 Walls              Floor              Ceiling

Anechoic                    0.000              0.000               0.000
0.2 s                           0.650              0.440               0.290
0.4 s                           0.805              0.540               0.360
0.8 s                           0.895              0.600               0.400

Fig. 3. Variation of cutoff frequency and slope.
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Fig. 6. Group delay ripple in four cases. From top––anechoic, T60 � 0.2 s, T60 � 0.4 s, T60 � 0.8 s. Both 80 and 120 Hz are marked
as upper limits for implementing the ripples. For clarity, 0-s level has been shifted to �600 s, �200 s, 200 s, and 600 s, respectively,
as indicated by bold horizontal lines.

Fig. 5. Amplitude ripple implemented up to 120 Hz in four cases. From top––anechoic, T60 � 0.2 s, T60 � 0.4 s, T60 � 0.8 s. For clar-
ity, 0-dB level has been shifted to �60 dB, �20 dB, 20 dB, and 60 dB, respectively, as indicated by bold horizontal lines.

Fig. 4. Amplitude ripple implemented up to 80 Hz in four cases. From top––anechoic, T60 � 0.2 s, T60 � 0.4 s, T60 � 0.8 s. For clar-
ity, 0-dB level has been shifted to �60 dB, �20 dB, 20 dB, and 60 dB, respectively, as indicated by bold horizontal lines.
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woofer. Two upper frequency limits were implemented to
investigate the influence of the range in which ripples
were implemented: 80 Hz as indicated in Fig. 4, and 120
Hz as indicated in Fig. 5. Both 80 Hz and 120 Hz are indi-
cated for the group delay ripple in Fig. 6. 80 Hz was con-
sidered to be a typical crossover frequency for a sub-
woofer and 120 Hz was the specified crossover frequency
for the low-frequency enhancement (LFE) channel of a
5.1-channel system.

In order to minimize the influence of loudness differ-
ences between the four different amplitude ripple filters, it
was decided to normalize the total power relative to the
anechoic filter, that is, 0-dB filter. The power of each
amplitude ripple filter was calculated in the frequency
range from 20 to 80 Hz in Fig. 4 and from 20 to 120 Hz in
Fig. 5. Then a pure gain was applied to the individual fil-
ters in order to obtain equal total power in the specified
frequency ranges.

1.4 Implementation
Variation of the lower cutoff frequency and slope was

implemented using digital high-pass filters with variable
cutoff frequency of second, fourth, and sixth order accord-
ing to the experimental design [1].

The amplitude and group delay ripple filters were
designed based on the impulse responses produced by the
simulated room response calculations found in Section
1.3. Only ripples in the bass range were included, mean-
ing that ripples in amplitude and delay were only included
up to a certain frequency, and no ripples existed above this
frequency.

The experimental design [1] had three variables for the
ripples: the limiting frequency below which the ripples
exist (two values), the amount of amplitude ripple (four
values), and the amount of delay ripple (four values).

Two filter designs for each value of the reverberation
time were then produced––a linear phase filter, which
contained the amplitude ripples but no delay ripples, and
an all-pass filter, which contained just the delay ripples
and no amplitude ripples. The delay filters were made
causal by adding a constant delay.

The experimental design [1] used the amplitude ripple
data from one reverberation time simulation, combined
with the delay ripple data from any of the four reverbera-
tion times. This was implemented by convolving an ampli-
tude filter with a delay filter, producing one filter for each
of the amplitude/delay deviation combinations. The filters
had a sampling rate of 4410 Hz. The filter length was 2.04
s (8996 samples) when it contained both amplitude and
delay ripple.

The audio files containing the desired deviations were
produced using a multirate convolution process. The audio
data were crossover filtered at one of the two desired fre-
quencies, the low-pass section was convolved with the rip-
ple filters described, and the final signal was produced by
summing the two signals with the necessary gain and
delay alignment. For delay ripple filtering, the delay align-
ment could not be exact over the whole crossover fre-
quency band, and this produced changes in the amplitude
and delay properties at the crossover point (maximum 1.5

dB). The introduction of delay ripple also introduced
some unwanted amplitude ripple. But the opposite was not
the case, that is, the introduction of amplitude ripple did
not introduce any unwanted delay ripple. It follows from
this that amplitude ripple and delay ripple were not com-
pletely orthogonal, and as a consequence it was decided
not to use the test results obtained from the stimuli where
any delay ripple was introduced [1].

The convolution was performed in floating-point arith-
metic, and the source and destination files were 16-bit
fixed point, sampling frequency 44.1 kHz. The low-pass
section was processed at a sampling frequency of 4410 Hz
(decimation by 10). Distortion and noise levels were stud-
ied at each step of the process, and proper dithering was
applied at quantizations to maintain linearity throughout
the processing chain and to minimize noise.

2 EXPERIMENTAL SETUPS

The experiments were carried out using two different
setups––loudspeakers in an anechoic chamber and head-
phones in quiet surroundings.

2.1 Setup in Anechoic Chamber
The processed audio samples were played back using a

pair of reference loudspeakers built especially for this pur-
pose. These reference loudspeakers extended down to 20
Hz (�2.5 dB) and kept the harmonic distortion below 2%
(90 dB SPL at 1 m) at low frequencies, in the range from
20 to 50 Hz. Above 50 Hz, in the range from 50 to 250 Hz,
the harmonic distortion was below 0.5% (90 dB SPL at 1
m). Above 50 Hz the group delay was kept below 10 ms,
in the frequency range from 50 Hz to 20 kHz. The group
delay was kept below 20 ms in the full frequency range,
from 20 Hz to 20 kHz. It was an active three-way closed-
box system. Crossover frequencies were 160 Hz and 1.6
kHz (fourth order). The separate power amplifiers for the
three bands were 400 W, 160 W, and 120 W.

The setup comprised two reference loudspeakers and a
listening position placed in a 3-m equilateral triangle in a
large anechoic chamber, as shown in Fig. 7. The subjects
were seated in a chair. Both loudspeakers and the chair
were placed on grids that were held in place by poles
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Fig. 7. Setup in anechoic chamber, comprised of two reference
loudspeakers and a chair for listening. Both loudspeakers and
chair were placed on grids held in place by poles extending to the
bottom of the anechoic chamber.
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extending to the bottom of the anechoic chamber. The ane-
choic chamber is located at the Technical University of
Denmark, Department of Acoustic Technology. The free
space in the anechoic chamber is about 1000 m3. The three
dimensions are of similar magnitude, but not equal, and
the lower limiting frequency is 43.7 Hz. A detailed
description can be found in [5].

A computer-based system for automated control of the
listening tests was utilized. The system is known as
GuineaPig [6], [7]. This software was run in a workstation
(Silicon Graphics Octane) that included eight channels of
24-bit (ADAT) input and output. Graphical user interface
and feedback from the subject were handled by a laptop
PC connected to the workstation.

Control of analog level and conversion from digital to
analog were performed using a digital mixing console
(YAMAHA O3D). This mixer utilized 20-bit linear 8�
oversampling digital-to-analog converters. Fig. 8 shows
an overview of the entire signal path starting at the origi-
nal program pieces located on the original Compact Discs
(CDs). The program material from the original CDs was
processed prior to the listening experiments and put onto
the hard disk of the workstation. During the actual listen-
ing experiments the program material was taken from the
hard disk of the workstation.

2.2 Headphone Setup
As an alternative to using an anechoic chamber, head-

phones were utilized in an attempt to simulate the setup in

the anechoic chamber. A number of different headphones
were tested and an electrostatic type was chosen
(Sennheiser HE 60, electrostatic, amplifier Sennheiser
HEV 70). This choice was motivated by a wide frequency
response and low distortion.

Fig. 9 gives measurements of the distortion of the head-
phone at a maximum level of 100 dB SPL. The head-
phones were placed on a Brüel & Kjær head and torso
simulator (B&K 4128), and measurements were taken
using a Brüel & Kjær audio analyzer (B&K 2012). The
head and torso simulator was mounted with hard ears
(optional). Measurements took place in an anechoic cham-
ber at Bang & Olufsen. The levels of both second and third
harmonics were generally more than 75 dB (0.02%) below
the fundamental, except for a number of frequencies
where the level was 60 dB (0.1%) below the fundamental.
The levels of both second and third harmonics rose to
about 50 dB (0.3%) below the fundamental at 20 Hz.

During listening experiments, subjects were seated in
quiet surroundings, an audiometric booth. The audiomet-
ric booth was located next-door to the anechoic chamber
described in Section 2.1.

In an attempt to simulate the reference loudspeakers in
the anechoic chamber, it was decided to include a nonlin-
ear simulation of the reference loudspeakers, that is, dis-
tortion due to nonlinearities of the reference loudspeaker
was added to the signals before playback using the head-
phones. Section 3.2 describes how a nonlinear simulator
program was used to perform this simulation. The sound
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Fig. 9. Fundamental, second, and third harmonics measured with head and torso simulator and headphones used in the experiment.
Maximum SPL at 9 kHz was 100 dB.

Fig. 8. Signal path from original CD to playback in anechoic chamber using reference loudspeakers. Program material from CD was
processed prior to listening experiments and put onto hard disk of workstation.
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pressures at the ear drums in the two setups were made
similar by applying advanced equalization to the signals
before playback via the headphones. Section 3.3 describes
this equalization in detail. Fig. 10 shows the signal path
when headphones were used. The graphic user interface
and feedback from the subject were handled directly by
the workstation.

3 LISTENING SYSTEM EQUALIZATION AND
CALIBRATION

The setup in the anechoic chamber was measured using
pink noise, and calibration was performed. Both the non-
linearities of the loudspeaker and the difference in linear
transfer functions of the headphones compared to listen-
ing in the anechoic chamber were taken into account in the
equalization process.

3.1 Anechoic Chamber
The middle curve in Fig. 11 shows a measurement of

the left reference loudspeaker placed in the anechoic
chamber according to Fig. 7. The measurement was taken
using a free-field microphone (B&K 4133), measurement
amplifier (B&K 2690: NEXUS), and an audio analyzer

(B&K 2012). The free-field microphone was placed at the
listening position pointing directly toward the left refer-
ence loudspeaker. The first mode of the anechoic chamber
is clearly seen in Fig. 11 at approximately 35 Hz, which
was a frequency so low that the damping in the room was
insufficient to be anechoic. This mode was unavoidable,
so it was decided to leave the system like it was and take
the response in Fig. 11 as part of the circumstances for the
experiment.

During the listening experiment three different play-
back levels, spaced 10 dB between each level, were used.
The highest level was found by applying full-scale pink
noise, and adjusting the level to 2 dB below the level
where clipping is indicated on the rear of the loudspeaker.
Adjusted to this level, a sound pressure level of 69 dB (lin,
slow) was measured using the free-field microphone at the
listening position, when pink noise was applied to the left
reference loudspeaker. In an IEC 268-13 standard listen-
ing room [2], this adjustment corresponded to approxi-
mately 80 dB (lin) sound pressure level.

Still using the free-field microphone and playing the
pink noise, the loudness level was measured to 22 sones
via a loudness meter (B&K 2144). This loudness meter
was based on ISO 532B “Zwicker” loudness [8]. When a
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Fig. 11. Transfer functions. From top––left loudspeaker to left ear, left loudspeaker to right ear, left loudspeaker to free-field micro-
phone, left headphone and right headphone both mounted on head and torso simulator. Curves were shifted apart to increase clarity.
Free-field microphone measurement was lowered 30 dB relative to HRTFs, e.g., left loudspeaker to left ear.

Fig. 10. Signal path from CD to playback in audiometric booth using headphones. Program material from CD was processed prior to
listening experiments and put onto hard disk of workstation.
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1-kHz sine wave, full scale on a CD, was applied using
this adjustment, 78.4 dB (lin) was measured via the free-
field microphone. The two lower playback levels were
simply 10 and 20 dB below this adjusted level.

3.2 Nonlinear Simulation
A nonlinear simulation of the reference loudspeaker

was utilized when playback was performed using head-
phones. This ensured that distortion due to nonlinearities
of the reference loudspeaker was added to the signals
before playback using the headphones. This operation was
performed using a nonlinear loudspeaker driver simulator
program (LoDist) [9].

The central parameter in this nonlinear simulator pro-
gram was the diaphragm position, that is, the traditional
loudspeaker driver parameters were dependent on the
diaphragm position. All relevant parameters were deter-
mined as a function of absolute displacement from the
neutral position. Measurements were performed on a
woofer driver identical to the ones used in the reference
loudspeakers. Based on these parameters, the nonlinear
simulator program solved numerically the differential
equations that described the loudspeaker driver and its
environment, such as its cabinet. More information about
measuring position-dependent parameters, and the opera-
tion and principle of the nonlinear simulator program can
be found in [9].

Care was taken to ensure that the electrical voltage
applied to the simulated driver was identical to the voltage
applied to the physical driver in the reference loudspeaker.
This was achieved by applying appropriate scaling when
relating the digital signal feed to the nonlinear simulator
program and the corresponding analog voltage.

3.3 Headphones
The sound pressures at the ear drums in the two setups

were made similar by applying advanced equalization to
the signals before playback via the headphones. Head-
related transfer functions (HRTFs) were measured in the
anechoic chamber using the setup described in Section
2.1. HRTFs are described in [10].

The HRTFs were measured using the left reference
loudspeaker and a head and torso simulator (B&K 4128)
placed in the listening position in the anechoic chamber,
facing a point just halfway between the loudspeakers. The
head and torso simulator was used because it was assumed
that individual HRTFs for each subject in the listening test
were not necessary. This assumption was made because
timbre was judged to be the important parameter, whereas
exact location was judged to be a secondary issue.
Especially at low frequencies, which was the important
frequency range in this context, the individual HRTFs are
very similar, which lead to the choice of using a standard
head and torso simulator. Fig. 11 includes two HRTF
measurements at the top of the figure––left loudspeaker to
left ear (the uppermost curve) and left loudspeaker to right
ear. The shadow effect of the head is obvious above 400
Hz, where left loudspeaker to left ear is much higher than
left loudspeaker to right ear. Below 150 Hz both HRTFs
coincide with the middle curve, the free-field microphone

measurement, but the curves are shifted 30 dB apart for
clarity. Perfect symmetry of the acoustic setup was
assumed when right loudspeaker to right ear and right
loudspeaker to left ear were obtained, but differences in
the sensitivities of the two ears of the head and torso sim-
ulator were taken into account.

The selected headphones were placed on the head and
torso simulator, and the transfer functions to each ear were
measured. These amplitude responses are shown at the
bottom of Fig. 11. As described in Section 3.2, a nonlinear
simulator program was used to simulate the nonlinear
behavior of a loudspeaker driver, but to do so accurately,
it had to have the correct linear response as well, that is,
the linear response of the reference loudspeaker. But the
linear response of the reference loudspeaker was also
included in the measured HRTFs––transfer functions
from the input of the loudspeakers to the output of the
head and torso simulator. For this reason an inverse filter
of the linear transfer function of the nonlinear simulator
program was included in the equalization in order to can-
cel one of the two linear transfer functions of the reference
loudspeakers found in the signal chain.

The linear transfer function of the nonlinear simulator
program was found by feeding an audio file, containing a
digital Dirac impulse, through the nonlinear simulator
program. This was done at a signal level that did not give
rise to displacements of an order where nonlinearities
come into play, such as a small fraction of 1 mm. Fig. 12
shows the determined amplitude response along with a
bold curve, which has limited attenuation toward lower
frequencies. This limitation below 15 Hz was used to
avoid dynamic/numerical problems when the transfer
function was inverted.

The placement of the digital filter can be seen in Fig.
10, where the filter is marked with EQ. The filter was
designed from the measured HRTFs, the transfer function
of headphones on the head and torso simulator, and the
linear transfer function of the nonlinear simulator pro-
gram. The digital filter was used to process the signals,
which were meant for playback via the reference loud-
speakers, in such a way that the output signals from the
digital filter were ready for playback via headphones. This
was performed so that the sound pressures at the ear
drums of the head and torso simulator were identical in the
two setups––headphones mounted on the head and torso
simulator and the head and torso simulator placed in the
anechoic chamber in front of the reference loudspeakers.

During calibration with pink noise, the function of the
digital filter EQ was somewhat different. Section 3.1
described how the pink noise signal was played back via
the reference loudspeakers and how the sound pressure
was measured by a free-field microphone. In this situation
the digital filter was used to process the pink noise signal
so that the electrical output of the head and torso simula-
tor wearing the headphones was identical to the electrical
output of the free-field microphone in the anechoic cham-
ber, when the loudspeakers were playing the unprocessed
pink noise. This was necessary because the loudness meter
used required an input signal from a free-field microphone
in order to calculate the correct loudness level.
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Fig. 13 summarizes all the considerations regarding the
calculation of the digital equalizer filter EQ in the two
cases––playback of program pieces, namely, using the
measured HRTFs, and calibration with pink noise,
namely, using the free-field microphone measurement.

When a human is listening to two loudspeakers, each of
the two ears receives sound coming from both loudspeak-
ers––crosstalk from both loudspeakers to both ears. Fig.
14 shows a schematic of how this was achieved using four
individual filters for each equalizer EQ when the program
pieces were processed, that is, the equalizer for the pro-
gram pieces consisted of the four filters, HRR, HRL, HLR,
and HLL.

HRR was calculated from the ratio of the HRTF from the
right loudspeaker to the right ear divided by the product of
the transfer function of the right headphone and the linear
transfer function of the nonlinear simulator program . HRL
was calculated using the HRTF from the right loudspeaker
to the left ear, the left headphone, and the linear transfer
function of the nonlinear simulator program. HLR and HLL
were calculated accordingly. The equalizer for the pink

noise did not have crosstalk, that is, only two equalizer fil-
ters, because the HRTFs were replaced by the free-field
microphone measurements. Due to the assumption of per-
fect acoustic symmetry, the numerator in Fig. 13 was
exactly  the same for both right and left loudspeakers. The
only difference was between the two headphones, that is,
in the denominator in Fig. 13.

Fig. 15 shows all four filters that formed the equalizer
for the program pieces, HRR and HLL being the two upper
curves in the frequency range from 400 to 8000 Hz. Fig.
16 shows the two filters that formed the equalizer for the
pink noise. All measurements were taken using 1/24
octave logarithmic frequency resolution, and the filters
were designed using an FFT size of 65 536. This called for
interpolation, which was performed in the complex plane
after removal of the pure time delays of all the relevant
transfer functions. After interpolation, all pure time delays
were reintroduced to ensure the correct time responses.
The final impulse responses of the equalizer filters were
truncated after 10 000 samples. Filtering was then per-
formed using a convolution program developed for this
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Fig. 13. Calculation of equalization filters EQ for either program
material using HRTF measurements or pink noise using free-
field microphone measurements.

Fig. 14. Four different filters used to generate signals for head-
phone playback based on two signals for loudspeaker playback.

Fig. 12. Measured linear transfer function of nonlinear simulator program. Transfer function was limited below 15 Hz to avoid high
gains when implementing inverse filter.
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purpose, based on floating-point arithmetic.
The fixed-point nature of the audio files, that is, 16 bits,

was taken into account by down-scaling the equalizer fil-
ters appropriately and reintroducing the removed gains in
the conversion process to analog signals. The level cali-
bration was performed by adjusting the gain of the digital
mixing console, so that the resulting loudness level was 22
sones. This corresponded to a sound pressure level of 69
dB (lin) for one channel playing the processed pink noise.

This calibration and the equalization ensured that the
transfer function for the headphone setup was adjusted
such that for the reproduction of the same signal, the
sound pressure level at the ear drum in each ear of a
dummy head was identical to that measured if the dummy
head was placed at the listening position in the anechoic
chamber.

4 CONCLUSION

Seven program pieces were processed using DSP in
order to prepare the program pieces of the listening exper-

iments, described in part I [1]. Pink noise was used to cal-
ibrate the loudness level of the two setups––reference
loudspeakers in an anechoic chamber and headphones in
an audiometric booth. Three different reproduction levels
were used, all 10 dB apart. The loudest level was cali-
brated to 22 sones, which corresponded to 69 dB SPL for
one channel playing in the anechoic chamber.

Three different lower cutoff frequencies were imple-
mented–– 20 Hz, 35 Hz, and 50 Hz––combined with
three different orders/slopes––second, fourth, and sixth
order. Based on room simulations, four different levels of
amplitude ripples and group delay ripples in the passband
were implemented. Amplitude ripples varied between 0
and �20 dB, and group delay varied between 0 and �200
ms. These variations were found by varying the reverber-
ation time T60 from anechoic to 0.8 s in room simulations
of an IEC 268-13 sized room. When delay ripple was
introduced, some unwanted amplitude ripple was also
introduced (maximum 1, 5 dB). No unwanted delay ripple
was introduced when amplitude ripple was introduced.

In an attempt to have similar conditions in the two
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Fig. 16. Amplitude response of two filters used to process pink noise before calibration of headphone setup.

Fig. 15. Amplitude response of four filters used to generate signals for headphone playback based on signals for loudspeaker playback.



THE AUTHORS

PEDERSEN AND MÄKIVIRTA ENGINEERING REPORTS

setups, advanced equalization of the signals and simula-
tion of the nonlinear behavior of the woofer drivers were
performed before the signals were fed to the headphones.
The equalization was based on measurements of HRTFs in
the anechoic chamber, the transfer function of the refer-
ence loudspeakers using a free-field microphone, the
transfer function of headphones mounted on a head and
torso simulator, and the linear transfer function of the sim-
ulator program for the nonlinear simulation of loud-
speaker drivers. All signal processing was performed
directly on audio files.
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