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Digital graphic equalizers are widely used in various applications, such as music production and
reproduction, to control the magnitude responses of signals. They are straightforward to oper-
ate, with the gain at each band being the only controllable parameter. Different band divisions
and different equalizer structures are used based on the requirements of the application or the
available hardware.

However, the accurate design of graphic equalizers is not straightforward due to band leakage,
i.e., the interaction of the neighboring band filters leading to approximation errors. This is es-
pecially problematic in applications utilizing automatic equalizer updates, such as the adaptive
equalization of headphones or loudspeakers based on ambient noise. In these applications, the
target curve must be realized accurately and efficiently.

This thesis focuses on accurate graphic-equalizer design and its applications. The first part
discusses different equalizer structures and proposes a novel parallel graphic equalizer with a
delayed IIR part. Almost all discussed designs achieve an accuracy of ±1 dB with the help of
band filters whose responses are exactly controlled at three points. A least-squares method jointly
optimizes the filter gains and accounts for the band leakage. It is shown that the number of design
points should be double the number of bands, the accuracy is increased with band filters having
a symmetric shape up to the Nyquist frequency, and the design parameters must be optimized
for each design separately.

The second part of the thesis discusses equalizer applications related to headphones. The
proposed algorithms apply adaptive filters to hear-through processing and to individualization
of the headphone response. The former algorithm estimates the isolation of the headphones and
controls the equalizer in order to achieve acoustic transparency despite changes in the headphone
fit. The latter example applies a similar adaptive filter to estimate the headphone magnitude
response, which is then equalized to a selected target. Measurements indicate that both the
magnitude-response estimation and equalization work accurately.

The final part of the thesis focuses on loudspeaker equalization, and both the magnitude-only
and phase equalization are elaborated. Multiple flat-panel loudspeakers are measured, and their
sound is improved using a single-point equalizer design. A simulated loudspeaker is group-delay
equalized with a frequency-sampled FIR filter, and a limited-band equalizer is shown to be supe-
rior to the full-band group-delay equalization.

The proposed accurate equalizers are suitable for a wide range of audio system equalization ap-
plications, both human- and algorithm-operated ones. The different structures enable the equal-
izers to be run on different hardware, and the low complexity of the equalizers comprising a single
second-order section per band makes them especially suitable for mobile implementations.
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Digitaalisia graafisia ekvalisaattoreita käytetään laajalti erilaisissa sovelluksissa, kuten musii-
kin tuotannossa ja äänentoistossa, signaalien magnitudivasteen muokkaamiseen. Niiden käyt-
täminen on vaivatonta, sillä ainoat säädettävät parametrit ovat kaistojen vahvistukset. Ekvali-
saattori voidaan toteuttaa eri kaistajaoilla ja rakenteilla, jolloin se soveltuu tiettyihin sovelluk-
siin tai tietylle laitteistolle.

Graafisen ekvalisaattorin suunnittelu ei kuitenkaan ole helppoa kaistojen vuorovaikutuksen
takia, joka johtaa epätarkkuuteen. Tämä on erityisen ongelmallista automaattista suunnittelua
hyödyntävissä sovelluksissa, kuten kuulokkeiden tai kaiuttimien adaptiivisessa ekvalisoinnissa
melussa. Tällöin ekvalisaattorin pitäisi tuottaa algoritmin määrittämä tavoitevaste tarkasti ja
tehokkaasti.

Tässä työssä keskitytään graafisten ekvalisaattorien tarkkaan suunnitteluun ja niiden so-
velluksiin. Ensimmäisessä osassa käsitellään eri ekvalisaattorirakenteita ja kehitetään uusi
rinnakkaisekvalisaattori viivästetyllä IIR-osalla. Melkein kaikki ekvalisaattorit saavuttavat
±1 dB:n tarkkuuden hyödyntäen suodattimia, joiden vastetta voidaan tarkasti hallita kolmessa
pisteessä. Kaikkien kaistasuodattimien vahvistus optimoidaan kerralla pienimmän neliösum-
man menetelmällä, joka ottaa kaistojen vuorovaikutuksen huomioon. Suurin tarkkuus saavu-
tetaan, kun suunnittelupisteitä on kaksinkertainen määrä kaistoihin nähden, suodattimilla on
symmetrinen magnitudivaste aina korkeille taajuuksille asti ja tarvittavat parametrit optimoi-
daan jokaiselle rakenteelle erikseen.

Työn toisessa osassa keskitytään kuuloke-ekvalisointisovelluksiin. Esitetyt algoritmit käyttä-
vät adaptiivisia suodattimia läpikuuluvuusprosessointiin ja kuulokevasteen personointiin. En-
sin mainitussa estimoidaan kuulokkeen vaimennus ja ohjataan ekvalisaattoria läpikuuluvuu-
den saavuttamiseksi kuulokkeen istuvuudesta riippumatta. Jälkimmäinen hyödyntää samaa
adaptiivista suodatinta kuulokkeen magnitudivasteen estimointiin. Mittaukset osoittivat, että
vasteen estimointi ja sen ekvalisointi haluttuun tavoitteeseen toimivat tarkasti.

Työn viimeisessä osassa käsitellään kaiutinten magnitudi- ja vaihe-ekvalisointia. Paneeli-
kaiuttimien äänenlaatua parannetaan mittaamalla ensin usean kaiuttimen magnitudevaste ja
muokkaamalla vasteita ekvalisaattoreilla. Ekvalisaattorit suunniteltiin yksipistemenetelmäl-
lä. Toisaalta simuloidun kaiuttimen ryhmäviive ekvalisoidaan osoittaen, että rajatun kaistan
ryhmäviivetasoitus toimii paremmin kuin koko kaistan.

Esitellyt graafiset ekvalisaattorit soveltuvat monenlaisiin, niin ihmisten kuin algoritmien oh-
jaamiin audiojärjestelmien ekvalisointisovelluksiin. Eri rakenteet soveltuvat eri laitteistoille,
ja käsiteltyjen ekvalisaattorien yksinkertainen rakenne, joka sisältää ainoastaan yhden toisen
asteen suodattimen kaistaa kohden, soveltuu erityisen hyvin mobiililaitteille.
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1. Introduction

Graphic equalizers and their precursors have been used since the 1930s
[1,2]. They are named after the fact that the user controls plot the approx-
imate frequency response of the equalizer, as shown in Fig. 1.1. Initially,
analog designs were the only available option, but since the end of 1970s
digital designs have offered an alternative [3–8]. Graphic equalizers can
be designed and implemented to contain band filters in series [5,9–13] or
in parallel [9,14–16]. Both structures are valid, and the choice between the
two can be made based on the intended applications, the implementation
hardware, or computational constraints.

Initially utilized for movie sound post-production [1], today graphic equal-
izers have a wide variety of applications. One application close to the
original one is music production, where equalization might be the most
frequently applied effect [17]. It can be used, e.g., to alter the perceived
space in a recording or to make a certain sound more audible in the overall
mix. In addition to sound production, equalizers are widely used in sound
reproduction. Two relevant examples are headphone and loudspeaker
equalization. With loudspeakers, the goal is typically to improve the per-
ceived sound quality by modifying the frequency response [18–23]. The
same can be done for headphones [24–26], but there are also other types
of headphone equalization applications. Some examples are augmented-
reality audio (ARA, also AAR is used) combining reproduced and ambient
sounds [27–30], acoustic transparency of headphones obtained with a hear-
through function [27, 29, 31–37], equalization to eliminate the effects of
ambient noise [30,38,39], and modeling other headphones with a single
pair [40–42].

An interesting class of equalization application is applications utiliz-
ing automatic controls for the equalizer, where the gains of the equalizer
are not adjusted by an operator but by an algorithm. For example, in
automatic mixing, a multitrack recording is automatically equalized and
downmixed [43–46]. Dynamic equalizers, on the other hand, offer wider
control over audio signals by combining the behavior of dynamic-range com-
pressors and equalizers by adjusting the time-varying equalization based
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Figure 1.1. Two-channel graphic equalizer, where the sliders plot the frequency response.

on the input signal [47–52]. Loudspeaker responses and loudspeaker-
room responses can be equalized automatically to improve the sound
quality [53, 54]. Similarly, the arduous process of a line-array public-
address (PA)-system calibration and equalization can be performed auto-
matically [55]. Noise-based automatic equalization control is utilized, e.g.,
in mobile audio devices that are listened to in varying environments [56], in
car stereos [57–59], with headphones [38,39], and with loudspeakers [60].
The aim is to boost only those frequencies of the reproduced sounds that are
partially or fully masked by the noise. There are also multiple software ap-
plications for automatic headphone frequency response equalization, such
as Waves NX1, HeSuVi2, Sonarworks Reference3, and AutoEQ4. These are
relevant today due to the prevalence of headphones.

In automatic equalization, the accuracy of the equalizer design is para-
mount. With human-controlled equalizers, the results can always be
confirmed by the user by listening to the processed sound, whereas the
automatic equalizers must replicate the defined equalization target curve
to a high degree in order to produce the desired effect. Another important
factor is design complexity. In many of the aforementioned applications,
the equalizer must change its gains rapidly, and thus the new design must
allow for quick calculation of the new filter coefficients to match the gain
changes. A recently proposed solution for this is to use neural networks to
control the gains, as done in [61,62] and Publication IV.

This work focuses on equalizer designs and applications. The objective of
the proposed equalizer designs is to provide simple yet accurate equalizers
suitable for various applications, where they can be implemented with
small mobile devices and full-scale computers alike. Furthermore, the
accuracy enables automatic equalization applications, where the equalizer
gains are controlled by an algorithm. Another objective is to provide equal-
izers with different structures and band divisions suiting the particular

1https://www.waves.com/nx
2https://sourceforge.net/projects/hesuvi
3https://www.sonarworks.com/reference
4https://github.com/jaakkopasanen/AutoEq
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application in question that still achieve the highest accuracy. The goal of
the proposed equalizer applications is to offer novel algorithms utilizing
equalizers with the most common sound reproduction methods, namely
with headphones and loudspeakers. The algorithms aim to improve the
overall sound quality or to increase the naturalness of sound where that is
desirable. Furthermore, the goal of the proposed headphone applications
is to provide individualization without arduous and impractical laboratory
measurements, thus offering easy ways for a consumer to improve the
perceived sound quality with headphones.

This thesis comprises this introductory part and nine peer-reviewed
publications. Four of these publications have been published in interna-
tional journals and the remaining five in international conferences. The
publications can be split into three groups. The first group consisting of
Publications I–V focuses on digital graphic equalizers, their theory, and dif-
ferent accurate designs. The second group includes Publications VI and VII
that focus on using digital graphic equalizers in headphone applications
together with adaptive signal processing in order to obtain individual-
ized hear-through function and equalization, respectively. Finally, the
third group comprises Publications VIII and IX that focus on loudspeaker
equalization for different loudspeaker types.

This introductory part is organized as follows. Section 2 examines digital
graphic equalizers and how they are evaluated. Example designs are
presented that are used in other parts of this work. Section 3 discusses
headphone acoustics and measurement techniques as well as introduces
two equalization applications, where the first is related to ARA and hear-
through function and the other is related to music listening. Section 4
focuses on loudspeaker equalization, and both magnitude-only and phase
equalization are studied. Section 5 summarizes the publications and their
main results, and Section 6 concludes this introductory part of the thesis.
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2. Digital Graphic Equalizers

This section presents the theory behind digital graphic equalizers, which
is the main topic of this thesis. The emphasis is on cascade structures,
since their design is more efficient, but parallel structures are also covered.
Section 2.1 provides an introduction to equalizers, their history, and the
different types that are used. In addition, the target curve and the error
definition are discussed. Section 2.2 introduces different filter designs that
are utilized in graphic equalizers, providing background information for
Publications I–VII and IX. Section 2.3 covers the cascade graphic equal-
izers, which are discussed in Publications I–IV, VI–VII, and IX, whereas
the parallel graphic equalizer, the topic of Publication V, is described in
Section 2.4.

2.1 Equalizers

The term “equalizer” comes from the fact that initially equalizers were
used to flatten a magnitude frequency response, i.e., to adjust the gain
of all frequencies to an equal level. This was required, e.g., in telephone
applications, where the transmitted signal was required to have a spectrum
identical to that of the signal that was initially sent [63, 64]. However,
currently equalizers are utilized to obtain a specific response that is not
restricted to a flat one in order to enhance or modify the sound [7]. The
first such application was in the motion picture industry, where equalizers
were used in the 1930s to improve the sound quality of low-quality sound
recording and reproduction [1,65]. Before the 1980s, all equalizers were
analog designs, but the first digital equalizers started to emerge in late
1970s and early 1980s [3–8]. This led to the first fully digital commercial
equalizer DEQ7 that was released in 1987 by Yamaha [1,66].

Typically, equalizers comprise a set of filters that are either shelving or
peaking filters [67]. Shelving filters offer control over a relatively broad
band of frequencies by applying the desired gain to the frequencies below
or above its cutoff frequency (low-shelf and high-shelf, respectively); its
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adjustable parameters are gain and cutoff frequency [64]. Shelving filters
are often used at the extreme ends of the frequency spectrum to allow
for control over low or high frequencies. Peaking filters, on the other
hand, are used to control a narrower frequency band: they produce a
bell-shaped curve affecting only the frequencies in a specific range. The
adjustable parameters for peaking filters are gain, center frequency, and
bandwidth [64]. Instead of the bandwidth, the quality factor Q can be used,
which relates to the inverse of the bandwidth [1]. Both these filters, when
used in equalizers, leave the remaining frequencies unaffected, i.e., have a
0-dB gain at those frequencies.

Two common equalizer types are the parametric equalizer [10,54,68–71]
and the graphic equalizer [12,14,15,72,73]. The term “parametric” was first
associated with equalizers by Massenburg in 1972 [74], and it corresponds
to an equalizer, where all the parameters (gain, center frequency, and
bandwidth) are adjustable [1]. Multiple sections are typically connected
in cascade [64]. Therefore, the parametric equalizer offers powerful and
flexible options, but simultaneously requires experience to be exploited
effectively.

Graphic equalizers, on the other hand, are a fixed set of equalizers,
where the center frequencies and bandwidths are preset and only gain is
adjustable [1]. Its name comes from the fact that the adjustable gain sliders
can be understood to plot the equalizer magnitude response as a function of
frequency [67]. Thus, graphic equalizers are easier to use than parametric
ones, but at the same time offer restricted control over the processing.
Graphic equalizers can be connected in cascade (see Section 2.3), where the
same signal is filtered by each filter in succession [5,9–13,75], or in parallel
(see Section 2.4), where the same signal is fed to each filter separately and
each output is then summed [9,14–16,76]. The individual filters utilized
in graphic equalizers are typically second-order IIR sections (also called
biquad sections).

In addition to the aforementioned equalizer types, there are others that
are not so common. One alternative approach is to use FIR-type equalizers
that emerged approximately at the same time as digital IIR equalizers
[77–80]. Their advantage is the linear phase response producing no phase
distortion [78,81]. However, due to typical logarithmic frequency divisions,
interpolation is required for smooth target responses [80,82–84], and in
order to obtain sufficient accuracy at low frequencies, large filter orders, i.e.,
orders of several hundreds or even thousands, are necessary [80,83,85,86].
In order to reduce the computational cost, fast convolution [87] has been
utilized with high-order FIR equalizers [88–91]. Alternatively, parallel FIR
structures [77,78,92], multirate filterbank techniques [79,82,85,93,94],
and a cascade of warped FIR and FIR filter [95] have been proposed.

Another equalizer type comprises matched equalizers based on optimal
design techniques. Here, a transfer function corresponding to the target
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magnitude frequency response, i.e., the desired equalizer response, is
of interest, and there are different methods to obtain it: one can apply
recursive algorithms to design digital IIR filters in the frequency domain
(e.g., [64,96] give overviews on the topic), frequency warping [97] or Kautz
filters [98,99] can be utilized, or one can use the parallel IIR filter design
method proposed by Bank [100, 101]. Recent work proposes the use of
neural networks to perform end-to-end equalization resembling matched
equalizers [102] and to combine the effects of an equalizer with non-linear
effects [103].

A further equalizer type resembling the previous ones is composed of
digital equalizers matched to analog prototypes [104–109]. Analog proto-
types may be used, since the analog design methods are easier to apply and
understand. Alternatively, one might be interested in modeling specific
analog products. With analog prototypes, the design must account for the
frequency warping due to the transform from the analog to the digital
domain. The next approach to equalization is to use linear-phase IIR fil-
ters [110–114]. These filters are based on a well-known time-reversal trick,
where a signal is filtered with the same IIR filter forward and backward.
This results in zero-phase filtering with the squared magnitude response
of the filter [64]. Finally, dynamic equalizers [47–52] can be regarded as an
additional equalizer type. They combine the frequency-domain and time-
domain amplitude control (i.e., equalizer and compressor, respectively) to
form a complex design with more control over signals.

Equalizers are utilized in multiple applications, and some of them are
discussed here. Tone controls are a simple example found in many stereo
systems, usually offering control over low and high frequencies [64]; also
some musical instruments, such as guitars [115] and keyboards [116]
contain similar controls. A related application is loudness control, where
the nonlinear behavior of the human hearing system is compensated [117,
118]. Equalizers are also used with loudspeakers, where the aim is typically
to flatten the magnitude response [18–23].

In addition to the traditional loudspeaker, there are some special cases
such as flat-panel speaker equalization [119–121], public address systems
equalization [55,122,123], and mobile phone speaker equalization [124]
that are worth mentioning. Loudspeaker equalization is further discussed
in Chapter 4 and in Publication IX. Headphone equalization, the topic
of Publications VI and VII, is typically similar to loudspeaker equaliza-
tion [24], but there are some specific applications such as 3-D sound repro-
duction using HRTFs (head-related transfer function) [125,126] and ARA,
where real and computer-generated audio is combined [27–30]. Headphone
equalization is discussed further in Chapter 3.

Loudspeakers can also be equalized in rooms in order to reduce room
resonances and sound coloration caused by it, or to create multiple lis-
tening points instead of a single “sweet spot.” This is either done to the
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room separately [127] or by combining the effects of the room and the
loudspeaker to a loudspeaker-room response [128]; the type of the repro-
duced signal might affect the desired equalization [129,130]. In addition
to typical living rooms or recording studios, car cabin equalization is a
widely studied subject [131–135]. Dereverberation, i.e., the reduction of
room reverberation, is a related application, which is typically used with
speech signals in order to improve speech intelligibility [136, 137]. On
the other hand, reverberators are used to introduce spatial aspects to the
sound, and graphic equalizers help to accurately control the frequency-
and direction-dependent decay [138, 139]. Another application example
is noise-based equalization, where equalizers are used to minimize the
effect of noise on the listening experience, e.g., while driving a car [57] or
when using headphones [30,38,140]. Finally, equalizers are widely used
in music production [17]; there have been recent studies on automatic
and intelligent equalization systems [43,44,141], perceptually-motivated
equalizer interfaces [142], verbally-controlled graphic equalizer [143], and
transferring the production style between recordings [144].

2.1.1 Equalizer Accuracy Evaluation

When comparing different equalizer designs or optimizing the parameters
of one, a metric must be defined to determine the superiority, i.e., a target
curve is needed together with an error definition. Typically, the target
is only defined at the center frequencies as the user-specified command
gains [12,16,145], since these are the only points that are explicitly defined.
On the other hand, some designs require their own interpolated continuous
target curve for the designs process [16,84] that could be used as the target.
Both of these approaches contain problems: When only the command gain
frequencies are considered, all the other frequencies are neglected, and
one receives no information on how the equalizer behaves between these
frequencies. For the high-resolution interpolation, however, there are no
standards on how to calculate the target between the command points,
and thus the behavior between the command gain frequencies might differ
from one study to another.

In this thesis, the target is defined as follows. The trivial choice is to
regard the command gains as part of the target curve. Additionally, if
adjacent command gains are set to an identical value, the target between
these two frequencies is set equal to that value. This is a reasonable
assumption, since when a user sets two neighboring sliders to an identical
value, it is safe to assume that they want the equalizer to have a constant
response with minimal undulation in that frequency range. Finally, other
frequency points in the chosen range are ignored. This is due to the use
of low-order filters, which possess a smooth and monotonous transition
between the peak and skirt of the response. Thus, it can be assumed that
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no major divergence from the hypothetical target occurs. Furthermore, the
frequencies between the filter center frequencies cannot be easily controlled
with a single filter and, as mentioned, the behavior of an equalizer is not
well defined at these points. Thus, it is logical to limit the target curve so
as not to create a contradiction.

The error is then defined as the maximum of the absolute difference
between the user-specified dB command gains, including the possible
additional points, and the magnitude response of the graphic equalizer at
these frequencies. This is also called the maximum magnitude frequency
response error, and it has been previously used as the error criterion, e.g.,
in [12, 14, 16, 145]. It is also useful to consider the average of maximum
errors, when using a large number of test cases. It describes the general
behavior of the equalizer better than the maximum error alone, since
typically the maximum error is obtained in a single extreme test case that
may never be utilized in practice. Finally, in hi-fi applications, a maximum
error of ±1 dB is usually regarded as the goal [12,16,64].

Now that the comparison metric is defined, one needs to consider the
test cases, i.e., a set of command-gain settings used to test the accuracy
of a equalizer design. Typically, graphic equalizers offer a gain range of
±12 dB [3, 8, 9, 64, 131]. There are some widely-used test cases found in
many studies, such as all up, zig-zag (alternating ±12 dB; see Figs. 2.1(a)
and (c)), and every third up-down [16]. Studies have also found that the
maximum error typically occurs when the sliders are set to ±12 dB, i.e.,
there are steep changes between center frequencies as well as constant
plateaus [64, 145]. This the situation in Publications II, III, and V too;
Fig 2.1(b) shows the example from Publication II. Some non-extreme cases
have also been proposed that seem to be quite easy for accurate designs,
such as the one in Fig. 2.1(d) [16].

It is important to consider the applications and possible real-life equaliz-
ers curves, in order to obtain a full understanding of the equalizer behavior:
The extreme cases, i.e., only ±12 dB or 0 dB and ±12 dB (see Publication
IV), produce the maximum errors that should be considered. But it is also
important to test random cases, where the command gains can have a
value in the range of ±12 dB (or alternatively a random integer value in
that range), in order to determine whether the parameters of the equalizer
are overfitted to the extreme cases or not.

2.2 Equalizer Band-Filter Design

Regalia and Mitra [10] introduced a parametric equalizer filter design
based on all-pass structures that is utilized in Publication VI. The transfer
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Figure 2.1. Different equalizer test cases for (a) and (b) a 10-band graphic equalizer and
(c) and (d) a 31-band graphic equalizer.

function of such a filter is

H(z)= 1
2

(︁
1+ Aap(z)

)︁+ K
2

(︁
1− Aap(z)

)︁
, (2.1)

where Aap(z) is the all-pass filter and K determines the gain. A shelving
or peaking filter can result, when first-order and second-order all-pass
sections, respectively, are utilized. The original design contains a problem
wherein positive and negative gains result in different bandwidths even
though all other parameters are identical [10]. Zölzer and Boltze proposed
a simple solution, slightly altering a filter coefficient parameter in order to
obtain symmetric peaks and notches [146].

An alternative design for parametric second-order equalizer filters is
proposed by Orfanidis [147] that is used in Publications I, II, V, and VII.
Here, this design is called PAREQ for parametric equalizer filter. Whereas
the Regalia-Mitra filter contained three parameters (gain, center frequency,
and bandwidth), the Orfanidis’ design offers more control over the behavior
of the filter. This is seen in the transfer function:

H(z)= Gr +Gβ−2Gr cos(ωc)z−1 + (Gr −Gβ)z−2

1+β−2cos(ωc)z−1 + (1−β)z−2 , (2.2)

where G is the peak gain, Gr is the reference gain at DC and the Nyquist
frequency, ωc is the center frequency,

β=

⎧
⎪⎪⎨
⎪⎪⎩

tan(B/2) when G = 1√︄⃓⃓
GB

2 −G2
r
⃓⃓

⃓⃓
G2 −GB

2
⃓⃓ tan

(︃
B
2

)︃
otherwise,

(2.3)

and GB is the gain at the edge of bandwidth B. For the work in this thesis,
the reference gain Gr is set to 1. Due to the control over the bandwidth
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Figure 2.2. Comparison of (a) PAREQ and (b) PEQ at octave resolution showing the
asymmetry at high frequencies (colored curves). The dashed black curves are
the ideal target shape obtained with oversampling. The sampling frequency
is the typical rate of 44.1 kHz in audio for the colored curves and 10 MHz for
the ideal target curves. The gray line indicates the Nyquist frequency for the
colored curves.

gain GB, the Orfanidis’ design is highly useful for graphic equalizers:
Now, in addition to the peak gain, there are two more points where the
behavior of the equalizer band filter is exactly controlled. This enables
more accurate designs, where the interaction between different band filters
is better controlled. However, there is a problem with this filter design
common to digital filters in general. At high frequencies near the Nyquist
limit, the frequency warping due to the bilinear transform affects the
filter magnitude responses. This, in addition to the fact that the gain at
the Nyquist frequency is always 0 dB, leads to asymmetry in the filter
shapes, which is seen in Fig. 2.2(a): the colored equalizer filter curves
follow the targets (dashed black curves) obtained by designing the same
filters with an excessively high sampling rate well at low frequencies, but
differ from them at high frequencies. This, in turn, leads to an increased
approximation error at high frequencies.

A final equalizer filter design utilized in this thesis is also proposed by
Orfanidis [106], which improves the high-frequency behavior compared
to the previous design. This design is used in Publications III, IV, and
IX. This symmetric parametric equalizer filter (PEQ) matches an analog
design, and thus separates the two reference gains, i.e., the gains at DC and
Nyquist limit [106]. This way, the high-frequency filters can be designed
to act similar to analog filters and have non-zero dB gain at the Nyquist
frequency. Publication III proposes a modification, where the Nyquist gain
GNq is given as an input to the filter design instead of being calculated
during the design. The modification ensures that the frequency warping
is taken into account and that symmetric filters are obtained, i.e., filters
whose magnitude response is symmetric on a logarithmic axis.
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The transfer function for PEQ including the modification and the setting
of the DC gain to one is given by

H(z)= k0
1+b1z−1 +b2z−2

1+a1z−1 +a2z−2 , (2.4)

where the filter coefficients are

k0 =V
(︁
GNq +W2 + A2

)︁
,

b1 =
−2

(︁
GNq −W2

)︁

GNq +W2 + A2
, a1 =−2V

(︁
1−W2)︁ ,

b2 =
GNq +W2 − A2

GNq +W2 + A2
, a2 =V

(︁
1+W2 − A1

)︁
,

and

A1 =
√︄

C+D⃓⃓
G2 −G2

B

⃓⃓ , A2 =
√︄

G2C+G2
BD⃓⃓

G2 −G2
B

⃓⃓ ,
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⌜⃓
⎷⃓

⃓⃓
⃓G2 −G2

Nq

⃓⃓
⃓

⃓⃓
G2 −1

⃓⃓ tan
(︂ωc

2

)︂2
, V = 1

1+W2 + A1
,

C =
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⃓G2

B −G2
Nq

⃓⃓
⃓∆Ω2 −2W2
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⃓⃓

⃓⃓
⃓G2

B −G2
Nq

⃓⃓
⃓
W2

⎞
⎠tan

(︃
B
2

)︃
. (2.5)

The PEQ responses are shown in Fig. 2.2(b), and the high-frequency asym-
metry is visibly decreased compared to Fig. 2.2(a). This improves the
accuracy of the resulting magnitude response, when used in a graphic
equalizer, and makes the state-of-the-art equalizer design introduced in
Publication III possible.

2.3 Accurate Cascade Graphic Equalizers

In a cascade graphic equalizer, the band filters are in series, as shown
in Fig 2.3. The number of filters M depends on the chosen magnitude
frequency resolution: Typical ones are musical intervals of an octave or 1/3-
octave resolution with 10 and 30 or 31 bands [148], respectively, to cover
the entire audible frequency range. Perceptually-motivated resolutions,
such as the Bark-band resolution in Publication IV and in [140], are
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H1(z) H2(z) ... HM(z)
OutIn G0

Figure 2.3. Cascade graphic equalizer structure with band filters Hm(z) and the overall
gain factor G0.

also used. In the former group, the center frequencies are equidistantly
positioned, whereas in the latter group, the spacing can be non-uniform.
The bandwidth is then defined as the frequency range between the lower
and upper cutoff frequencies; typically the upper cutoff frequency of an
equalizer band equals the lower cutoff frequency of the following band.

As is seen in Fig 2.3, the same signal is processed by each filter in
succession. Thus, the overall transfer function is written as

H(z)=G0

M∏︂

m=1

Hm(z), (2.6)

and ideally, each band filter only affects the frequencies within its own
bandwidth in order to allow the gains for each band to be independently
controlled. However, in practice, problems occur due to the leakage or
interaction between neighboring bands [11,73,149]. In other words, the
skirts of the closest few band filters have non-unity gain at the observed
center frequency, which leads to accumulated gain that overshoots the
command gain, i.e., the target gain at that frequency. Thus, strategies
are required to take the leakage into account in order to achieve the best
accuracy for the equalizer.

One solution for the band interaction is to use narrower filters that over-
lap less, which, however, leads to unwanted ripple. This ripple can be
reduced with specifically-tuned extra filters inserted between the actual
bands [73]. Furthermore, increased accuracy is achieved when the band-
width of the extra filters is allowed to change together with the gains [150].
A variable-Q design for each band filter has also been proposed [149]. Al-
ternatively, the order of the equalizing filters may be increased in order
to obtain better control of the leakage [12,151]. When multiple sections
are cascaded for a single band, steeper roll-off is achieved that naturally
reduces the interaction between bands. This, however, leads to increased
computational complexity.

An additional strategy to account for the leakage is to allow the filters to
have differing gain from the assigned command gain. This is achieved by
solving a system of linear equations to optimize the filter gains, as proposed
by Abel and Berners [11] and Oliver and Jot [145]. This leads to connected
filter gains where a change in one command gain requires all the filters to
be redesigned. Finally, a gradient-based iterative optimization method has
been proposed to minimize the interaction between bands [152].
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Figure 2.4. Normalized PEQ magnitude responses of 1-kHz octave band filters. The differ-
ent curves have been designed using gains of 3, 10, 17, and 24 dB (black, yellow,
green, and red curves, respectively) and then divided by the corresponding
gain. The squares show frequencies, where all curves meet.

However, the accuracy of ±1 dB suitable for hi-fi applications was still
not achieved before Publication I for the simplest cascade graphic equal-
izers, i.e., ones comprising only a single second-order section per band.
Multiple improved and novel strategies were introduced in Publication
I that together contributed to the improved accuracy. The design called
ACGE (accurate cascade graphic equalizer) is based on the optimization
idea by Abel and Berners [11] and Oliver and Jot [145] that requires
self-similar filters. Self-similarity means that the magnitude response
shape of the equalization filters changes little on the dB scale with varying
peak gain. In other words, if multiple filters were designed with the same
center frequency and bandwidth but differing gain and their magnitude
responses were then divided by the corresponding dB gain, the different
responses would possess a very similar shape, as is shown in Fig. 2.4.
Thus, samples taken from these filters can be used as basis functions
and weighted with user-specified command gains in order to calculate
optimized filter gains [11, 145]. These samples from the normalized dB
magnitude responses are stored in an interaction matrix B.

A key idea in the ACGE design is to use the filters defined in (2.2) to set
up the interaction matrix and for the actual filter design. Since these filters
contain a parameter for the gain at the bandwidth edges, the interaction
between neighboring bands is better controlled; actually, when setting the
bandwidth edges equal to the neighboring center frequencies, the behavior
of the adjacent band filters is exactly controlled at the neighboring center
frequencies. This is visible in Fig. 2.4 since all curves go through the
squares positioned at the neighboring center frequencies. The size of
the interaction matrix is defined by the number of bands M: Since the
equalizer contains M filters, the design needs M optimized gains. However,
the number of design points, i.e., the points that are considered during
the optimization, is not preset. Thus, when selecting the filter center
frequencies and their geometric means as the design points one obtains
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2M −1 points, and the size of the interaction matrix becomes 2M −1×M.
This leads to the optimal solution with regards to the selected 2M−1 points,
which Publication I shows reduces the overall approximation error of the
equalizer compared to a design using only the M center frequencies as the
design points.

With the help of the interaction matrix and the command gains, the
optimal filter gains g in the least-squares (LS) sense are solved with the
well-known LS solution [153]

g=B+t1 = (BTB)−1BTt1, (2.7)

where t1 contains the command gains in odd rows and their linearly in-
terpolated intermediate values in even rows. Note that when using a
non-square matrix, the matrix inversion becomes a pseudoinverse B+.

In order to finalize the ACGE design, three parameter values are re-
quired. These are the parameter c, the prototype gain gp, and the number
of iterative steps. The first of these, the parameter c, defines the gain at
the bandwidth edge: when setting the filter peak gain gm to a specific dB
value, the gain at the bandwidth edge is gB,m = cgm. The prototype gain,
on the other hand, is used to determine the interaction matrix using (2.2).
The normalized samples are then obtained by evaluating the filters at the
design points and dividing the dB magnitudes by gp. Finally, iterative
steps can be used to improve the accuracy of the equalizer to a certain
degree: After calculating (2.7), a new interaction matrix is calculated
with the optimized gains g and new optimized gains are calculated with
(2.7). This corresponds to using frequency-dependent prototype gains to
determine the interaction matrix.

Further improvements to cascade graphic equalizers were proposed in
Publication III. In order to reduce the approximation error due to the
warping at high frequencies, symmetric filters were adopted. The PEQs
described in Section 2.2 produce magnitude responses resembling ana-
log filters also at high frequencies, since their gain need not be 0 dB at
the Nyquist frequency, which leads to increased accuracy. The gain at
the Nyquist frequency is approximated from the filter peak gain using
polynomials. Furthermore, frequency weighting is included in the gain
optimization; instead of (2.7), the weighted LS method [154] is used to
calculate the optimized gains:

g= (BTWB)−1BTWt1, (2.8)

where W is the 2M −1×2M −1 weighting matrix containing frequency-
specific non-negative weights on its diagonal and zeros elsewhere.

The initial prototype gain is also replaced by a vector containing frequency-
dependent values. These are obtained by designing a large number of
different equalizer curves using random command gains and computing

29



Digital Graphic Equalizers

the mean values for each band. Thus, the first and the last band contain
slightly smaller values than the other bands due to a missing neighboring
band. When utilizing these changes, an accuracy of ±1 dB is obtained even
without an iterative step, though it can be used to further increase accuracy.
Finally, Publication IV showed that it is beneficial to have a frequency-
dependent parameter c for designs with non-constant frequency division
on a logarithmic scale such as the Bark frequency division. The maximum
evaluation error, however, exceeds ±1 dB for the Bark graphic-equalizer
design due to large bandwidths at low frequencies.

2.4 Accurate Parallel Graphic Equalizers

Compared to the series connection in cascade equalizers, parallel graphic
equalizers contain the band filters in parallel, i.e., the same input is
fed to each filter whose outputs are summed, as shown in Fig. 2.5. The
corresponding transfer function is

H(z)= F + z−1
M∑︂

m=1

Hm(z), (2.9)

where F is the direct path gain forming the FIR part of the filter, i.e.,
the part without feedback loops. The IIR part is formed by the sum part,
since each Hm(z) is an IIR filter. Note that the structure in Fig. 2.5 and
(2.9) contains a delayed IIR part. This is not the most common version
of a parallel structure, since there exists a version without the unit delay.
However, in this thesis, the parallel structure always includes a single unit
delay before the IIR part. Due to the delay, the FIR part and IIR part of
the filter do not overlap, leading to better numerical behavior [155].

Parallel equalizers contain the same band interaction problem as cascade
graphic equalizers [16,149]. In addition, the phase may cause problems
due to the summation, which may manifest, e.g., as ripple around the
band edges or as unwanted destructive interference. Thus, whereas the
cascade equalizer design is a magnitude-only problem, designing a parallel
equalizer is a more complex problem requiring also a phase specification
even if the target phase is not defined [16,156,157]. Previous designs have
either not achieved the ±1 dB target [15] or include complex calculations
with a high-resolution interpolated phase curve and double the number
of filters compared to bands [16]. An optimized version of [16] is proposed
in [157] reducing the required computational time, which simultaneously,
however, reduces the the accuracy.

Publication V proposed a parallel graphic equalizer design utilizing
the cascade equalizer as the starting point based on the partial fraction
expansion (PFE) [153]. Even though two different equalizers are basi-
cally designed in succession, the overall complexity is reduced due to the
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Figure 2.5. Parallel graphic equalizer structure with band filters Hm(z) and the direct
path gain F. The IIR part of the structure is delayed in comparison to the FIR
(direct path) part.

magnitude-only design of a cascade equalizer. At the same time, the accu-
racy remains the same, since the same IIR filter can be implemented in
both cascade and parallel form [158]. Thus, the same accuracy of ±1 dB
that is achieved with the cascade graphic equalizers presented in Section
2.3 is attainable here.

Typically, a conversion to parallel form requires the direct-form transfer
function when using the PFE [153,158–161] (alternatively, zeros may be
factored out from the parallel filter [162]). However, for large filter orders
and poles near the unit circle, numerical errors may cause the direct-form
transfer function to become unstable. This is the case with the graphic
equalizers discussed in this thesis, whose overall order is 20 or more.
Furthermore, polynomial long division is typically used to obtain the FIR
part of the parallel transfer function, if the original transfer function is
either proper or improper, i.e., the order of the numerator NNum is equal to
or greater than that of the denominator NDen, respectively. The length of
the FIR part is L = NNum −NDen +1. The novel PFE method in Publication
V is inspired by Orfanidis [159], who shows how proper transfer functions
are converted to parallel form without the long division. The conversion
also results in the delayed parallel form [155,160,162] shown in Fig. 2.5.

The PFE starts with the cascade graphic equalizer in (2.6), where Hm(z)
are now the biquads in (2.4) and the gain factor G0 is

G0 =
M∏︂

m=1

k0,m. (2.10)

The delayed PFE form is typically obtained by reversing the filter coeffi-
cient order during the long division [160]. Here, the same effect is achieved
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by changing (2.6) to its non-causal representation

H(z)=
(︂ z2

z2

)︂M
H(z)=G0

M∏︂

m=1

z2 +b1,mz+b2,m

z2 +a1,mz+a2,m
. (2.11)

In this case, the target of the PFE becomes [160]

H(z)= F +
N∑︂

n=1

r̃n

z− pn
, (2.12)

where F is the direct path gain, r̃n are the residues corresponding to poles
pn, and the order N = 2M. The poles are obtained from (2.11) with the
formula for the roots of the quadratic equation. The residues, on the other
hand, require the Heaviside cover-up method [163]:

r̃n = (z− pn)H(z)|z=pn
. (2.13)

The term (z− pn) in the denominator of H(z) is nullified to determine the
residue r̃n of pole pn. Next, the PFE form is converted back to the typical,
causal filter notation by reintroducing the unit delay:

H(z)= F +
N∑︂

n=1

r̃n

z− pn
= F +

N∑︂

n=1

z−1 r̃n

z−1(z− pn)
= F + z−1

N∑︂

n=1

r̃n

1− pnz−1 . (2.14)

After obtaining the first-order parallel sections in (2.14), one still needs
to calculate the FIR part F. For this, the transfer function is written in the
form

H(z)=G0

M∏︂

m=1

1+b1,mz−1 +b2,mz−2

1+a1,mz−1 +a2,mz−2 = F + z−1
N∑︂

n=1

r̃n

1− pnz−1 , (2.15)

where everything apart from F is known. Setting z →∞ results in F =G0.
This is possible, since F is constant, i.e., its value does not change with
frequency. Finally, since the first-order residues are typically complex
values and equalizers typically comprise second-order sections, the complex
pole pairs in (2.14) are combined and the final transfer function for the
accurate parallel graphic equalizer (APGE) with the delayed IIR part
obtained directly from the cascade form without using the long division is

H(z)= F + z−1
M∑︂

m=1

c0,m + c1,mz−1

1+a1,mz−1 +a2,mz−2 , (2.16)

where c0,m = r̃(2m−1) + r̃(2m) and c1,m = −r̃(2m−1) p(2m) − r̃(2m) p(2m−1). Even
though (2.16) contains one feedforward coefficient less, the overall number
of additions and multiplications is equal to the cascade structure, since the
overall structure in Fig. 2.5 contains the extra unit delay and additional
additions compared to Fig. 2.3.

32



3. Headphone Measurement and
Equalization

This section discusses headphones and techniques to measure them. Some
equalization applications that are relevant to Publications VI and VII are
also introduced. Section 3.1 describes different headphone types and their
corresponding acoustics with the emphasis on insert headphones, since
they are used in the aforementioned publications. Section 3.2 covers the
techniques and equipment required for headphone measurement, which
are vital topics in Publications VI and VII. Headphone equalization ap-
plications, both related to ARA and music listening, are introduced in
3.3.

3.1 Headphone Acoustics

Headphones are categorized based on how they are worn: The ITU Telecom-
munication Standardization Sector (ITU-T) specifies five groups that are
circum-aural, supra-aural, supra-concha, intra-concha, and insert/in-ear
headphones [164]. Circum-aural headphones are the largest, and they en-
close the ears completely when worn. The next largest are the supra-aural
headphones that rest on the ear; supra-concha headphones are a slightly
smaller version of these. Intra-concha headphones are even smaller, and
they are intended to loosely rest within the concha cavity, the part of
the outer ear next to the ear canal. Finally, insert headphones resem-
ble earplugs, i.e., they are inserted into the ear canal and thus block the
ear-canal entrance completely. In addition to the size and the method of
wearing, the different headphone types may vary, e.g., with regard to the
sound quality, the ambient sound isolation, and the transducer technology,
and the decision on which type to use may be done based on the intended
application. In this thesis, the insert headphones are used due to their
sound isolation properties, the reproducibility of their magnitude response,
and their size.

Both Publications VI and VII utilize the same prototype insert headset.
The term headset is used when one or more microphones are attached
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to the headphones or their wire [29]. A mono microphone in the headset
wire is typical for mobile-phone applications, but the prototype headset
contains microphones in both earpieces. When both earpieces contain
microphones positioned in such a way that they lie outside the ear canal
when the headset is worn, binaural signals can be recorded [165,166]. This
means that the directional cues caused by the body and head of the person
wearing the headphones are preserved and can be played back later with
the headphones as long as the microphones are either at the ear canal
entrance or at most 6 mm outside it [167].

The prototype headset houses electromagnetic transducers that are called
balanced armatures. These are a form of the miniature transducer orig-
inally utilized in telephone receivers, hearing aids and military applica-
tions [168]. The transducer comprises a coil, permanent magnet, and
diaphragm attached to a pivoted armature [169]. When a signal is fed
to the coil, a change in the magnetic field causes the armature, which
is normally balanced in the magnetic field, to move, and as a result, the
diaphragm also moves.

Headphones alter the acoustics of the ear, and this is especially seen
with insert headphones, since they block the ear-canal entrance fully [170].
The effect can be explained by approximating the ear canal as a tube.
An open ear canal thus corresponds to a tube blocked at one end by the
ear drum [171], which acts as a quarter-wavelength resonator. The first
resonance of such a tube is at [172]

fr,open = cs
4leff

, (3.1)

where cs is the speed of sound (343 m/s at 20 ◦C) and leff is the effective
length of the ear canal taking into account the attached-mass of air [172]:

leff = l+ 8r
3π

, (3.2)

where l is the physical length of the ear canal and r is its average radius.
When, on the other hand, the insert headphone blocks the ear canal, the
situation corresponds to a tube blocked at both ends, which acts like a half-
wavelength resonator [173]. Such a system produces the first resonance at
the following frequency [172]:

fr,closed = cs
2l

. (3.3)

Note that since the insert headphone is inserted inside the ear canal, the
effective length in this case is shortened by an amount depending on the
headphone in question.

The average length of a human ear canal is approximately 27 mm and its
average diameter is 7 mm [174,175]. When these values are substituted
into (3.1) and (3.2), a frequency of approximately 2900 Hz is obtained. An
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Figure 3.1. Example ambient sound isolation of an insert headset.

average value of 3 kHz has been reported in [176]. When the headphone
is inserted into the ear canal and a ear-canal shortening of 5 mm is as-
sumed, the closed-ear resonance obtained with (3.3) is 7800 Hz. Thus, an
insert headphone cancels a natural resonance at approximately 3 kHz and
produces a new, unnatural resonance at approximately 8 kHz.

Headphone listening fundamentally differs from typical listening with
the open ear. The latter involves the surrounding environment modifying
the sound field [177] before the listener’s upper body and the head interact
with it [178], creating, e.g., directional cues. However, when a recording
is played back on headphones, the sound reaches the ear canal directly
without interaction with the listener. In addition, due to an almost perfect
channel separation in headphones, the sound is localized inside one’s head
with traditional stereo signals [178]. This in-head localization (IHL) is
caused by the lack of interaural-time difference (ITD) and interaural-level
difference (ILD), which are typically used as directional cues [179, 180],
and the lack of head movement relative to the sound source [181].

Finally, a relevant headphone attribute relevant to Publication VI is
the ambient sound isolation [178]. Sound isolation specifies how much
the headphone attenuates incoming ambient sounds. It is determined
mainly by the structure of the headphone and its coupling to the ear
[178]. Headphones can have either a closed or open back, which greatly
affect the sound isolation [178,182]: a closed-back headphone efficiently
blocks the ambient sounds, whereas open-back headphones contain holes or
acoustically transparent material that allow more ambient sound through.
Furthermore, the coupling to the head or the ear affects the sound isolation:
An intra-concha headphone loosely rests within the concha cavity, and thus,
offer only little sound isolation. An insert headphone, on the other hand,
tightly blocks the ear-canal entrance and acts similarly to an earplug in
preventing ambient sound from reaching the ear canal. An example of an
insert headset sound isolation is shown in Fig. 3.1 (ambient sound isolation
is the additive inverse of the attenuation). As is seen, the sound isolation
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is frequency dependant with little to no isolation at low frequencies and
up to 30–40 dB of sound isolation at high frequencies.

3.2 Headphone Measurements

The measurement of the headphone frequency response requires special
care and equipment due to the way they couple to the ears. Since the
ear canal and possibly the outer ear typically affect the sound coming
from headphones, the measurement should take these effects into account.
There are multiple ways to achieve this. Before discussing the different
measurement techniques, computational modeling is mentioned as an op-
tion. Physics-based models have been used in parallel with measurements
or prior to them to obtain preliminary results. Some examples are model-
ing an ear simulator using a lumped-parameter approach [183], estimating
the sound pressure at various points inside the ear canal using acoustic
waveguides [184, 185], simulating the ear canal and the eardrum with
the finite-element method (FEM) [186], and simulating the acoustics of
a head-torso model with the boundary-element method (BEM) [187]. In
this thesis, however, modeling is not considered further, and the discussion
focuses instead on actual measurements.

The headphone magnitude frequency response can be measured inside a
real ear, i.e., when a person is wearing the headphones, with a probe-tube
microphone [188], a probe microphone [189, 190], or a miniature probe
microphone [191–193]. However, this method introduces some problems.
The measurements naturally result in individual responses due to each
person’s unique ears, and thus the results are difficult to generalize. There
is also unreliability in the measurements due to the varying position of
the microphone, because the standing waves in the ear canal measured
at different positions affect the measurement [193]. The measurement
process is also highly arduous, since the microphone inserted near the
eardrum presents risks to the test person [188, 193]. Different methods
have been proposed to aid in the insertion process, but the ethical choice
is to have an otologist or other qualified person perform the microphone
insertion in order to minimize risk of injuries to the test subjects [193]. An
alternative to the headphone measurement inside a real ear is an equal-
loudness test performed by the user resulting in a subjective measurement
of the perceived headphone frequency response [194,195].

Instead of making the measurement at the eardrum location, headphones
worn by test subjects can be measured more easily at the ear canal entrance.
The measurement, then, must be mapped to the eardrum. One way to map
the measured signal is to first solve the individual ear canal parameters,
which are the area function of the ear canal [196–198], the ear canal
length [189], and the impedance of the eardrum [199–202], and then apply
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physics-based modeling. Another option is to use the sound intensity
[203], its incident component [204], or the forward pressure level [205]
in the mapping process. It is also possible to map the ear-canal-entrance
measurement to the eardrum, when both the pressure and the volume
velocity are known [185]. This fact is utilized in [206] together with
the assumption that the total acoustic energy density is preserved in a
tube with constant area in order to obtain the magnitude at the eardrum.
It is also possible to obtain both magnitude and phase with a similar
method [207].

The headphone measurement device most relevant to this thesis (Publica-
tions VI and VII) is the dummy head [208]. A dummy head is constructed to
mimic the human ear and typically used to measure headphones. It models
the upper body and head of a person, and the head contains the ear simula-
tors housing the microphones at the eardrum position (the drum reference
point, DRP [164]). One of the earliest reports of the use of the dummy head
was published in 1938 [209]. Ear canal simulators without the torso are
also used for headphone measurements. The simplest ear canal simulator
consist of a straight tube with rigid walls, since the compliance of the ear
canal walls has little effect [210], and they were originally used for calibrat-
ing audiometric headphones and hearing aids [211]. In order to improve
the accuracy of the measurements, the acoustic impedance of the eardrum
must be simulated [212]. This replicates the natural attenuation at low
frequencies occurring in the real ear canal [211]. Current occluded-ear
simulators intended for simulating the ear canal of a normal adult human
ear are defined in the standards IEC 60318 [213] and ANSI S3.25 [214].
They simulate the human ear in the frequency range of 100 Hz–10 kHz,
but can be used between 20 Hz and 16 kHz, and are suitable for insert
headphones sensitive to the acoustic load of the ear [214].

3.2.1 Measurement Signal

Two different headphone attributes are of interest in this thesis: the
magnitude frequency response and the ambient sound isolation. The
former reflects the spectral balance reproduced by the headphone, and
it is used to assess the timbre of the headphone, i.e., the attribute that
helps to differentiate two sounds having similar pitch and loudness [215].
The latter determines whether the headphones are suitable for noisy
environments, since good sound isolation allows a lower sound level to be
used, which in turn leads to a lower noise exposure. A good measurement
signal for both of the attributes is a logarithmic sine sweep [216]. However,
when measuring the sound isolation with the sweep, a directional result is
obtained. Thus, many measurement results should be averaged in order
to obtain a better understanding of the isolation in different directions.
Alternatively, a diffuse noise field can be used to obtain the overall sound
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isolation of a pair of headphones [41].
A logarithmic sine sweep and a corresponding swept-sine measurement

technique has been discussed widely (e.g., [19,217–219]), but it was made
famous by Farina [216]. The method is improved in [220,221] and compared
to other measurement methods, such as linear sine sweeps, maximum-
length sequences, and the inverse repeated sequence, in [222, 223]. The
benefit of the swept-sine technique is its high signal-to-noise ratio [216,
223]. The swept-sine technique is based on applying a known input signal
x(t) to the system and recording the output y(t). The impulse response
is then obtained by linear deconvolution [216], which can be calculated
efficiently in the frequency domain:

h(t)= IFFT
(︃

FFT (y(t))
FFT (x(t))

)︃
, (3.4)

where FFT is the fast Fourier transform and IFFT is the inverse fast
Fourier transform. Both the linear response and the harmonic distortion
components are obtained [223]; in this thesis, only the linear part is
considered. The input signal x(t) is the logarithmic sine sweep obtained as

x(t)= sin

⎡
⎣ Tω1

ln
(︂
ω2
ω1

)︂ e
t
T ln

(︂
ω2
ω1

)︂
−1

⎤
⎦, (3.5)

where T is the length of the sweep in seconds and ω1 and ω2 are the initial
and final frequency in radians per second, respectively.

The impulse response corresponding to a headphone magnitude fre-
quency response is obtained by fitting the headphones to an ear simulator
or a dummy head and using the swept-sine technique. The sweep is re-
produced with the headphone (one channel at a time) and the output is
recorded with the microphone at the DRP. An example of a single head-
phone channel measured from an insert headset is shown in Fig. 3.2.
Here, the unnatural closed-ear-canal resonance mentioned in Section 3.1
is seen at around 6–7 kHz. The low-frequency magnitude response of the
measured headphone is flat up to 20 Hz (the limit of the modern ear simu-
lators, as mentioned in Section 3.2). Insert headphones typically display a
good low-frequency magnitude response due to the pressure-chamber ef-
fect [178,224]. This requires a tight seal so that the ear canal is completely
occluded, and thus the low-frequency magnitude response of an insert
headphone may vary easily due to leaks [170]. Generally, the measured
headphone response is dependent on the position of the headphones above
8–9 kHz [225–227].

The ambient sound isolation example shown in Fig. 3.1 is obtained in a
different manner from the headphone magnitude frequency response. Here,
one or more external loudspeakers are needed together with a dummy head.
First, a response is recorded with the DRP microphones, when the test
signal is played back and the headphones are not fitted. Another response
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Figure 3.2. Magnitude response of an insert headphone. The maximum value is normal-
ized to 0 dB.

is then recorded, but this time with the headphones fitted to the dummy
head. When using the swept-sine technique, two impulse responses are
obtained, and the sound isolation is the difference in magnitude in dB
between the two signals. As is seen in Fig. 3.1, negative values represent
the amount of isolation, whereas 0 dB would mean no isolation at that
frequency.

3.3 Headphone Equalization

In this section, two headphone equalization applications presented in
Publications VI and VII are discussed. Both are adaptive, being based on
adaptive filters, and utilize a headset with microphones both inside and
outside the ear canal of the user; the outside microphone is mounted in
the earpiece enclosure at the opposite side of the ear canal and the inside
microphone faces the ear canal. The discussed algorithms are suitable for
everyday use and varying environments.

3.3.1 Adaptive Equalization for Acoustic Transparency

The first application is discussed in Publication VI and is related to ARA,
i.e., the combination of real and computer-generated audio. The aim is to
create acoustically transparent headphones so that the user perceives the
surrounding environment when wearing the headset similarly as when
having open ears [27]. This requires a hear-through function, which plays
an equalized version of the ambient sounds recorded with the outside
microphones of the headset through the headphones. It is obvious that
minimal delay is essential; excessive delay can easily lead to the comb-
filtering effect when a delayed version of the ambient sound is summed
to the ambient sound leaked through the headphones [32]. Previously,
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systems with fixed analog [31] and digital equalizers [32] and digital IIR
[33] and allpass filters [34] have been proposed. An alternative approach
has been to use headphones with minimal sound isolation [28,228,229]. A
perceptually-motivated hear-through algorithm was proposed in [37].

Equalization is required due to the altered ear canal acoustics (see Sec-
tion 3.1). In other words, if the signal recorded with the microphone located
near the ear canal entrance is played back without processing, the altered
acoustics and the headphone magnitude response would result in an un-
natural sound [27, 29, 33]. Furthermore, there is a difference between
an individualized and non-individualized hear-through equalization [36].
Individual and automatic acoustical transparency calibration has been
proposed in [35] to obtain the required equalization.

In this work, the equalization curve is determined using a dummy head
and a test signal: The target response is obtained by reproducing the test
signal with a loudspeaker and recording it with the DRP microphones.
Similarly to the sound isolation measurements, sounds from multiple di-
rections can be recorded and the results averaged to obtain a less direction-
dependent target. The procedure is then repeated, but now using only
the headset microphones outside the ear canal. Finally, the loudspeaker
and the headset are used together for reproduction: the former plays back
the test signal and the latter the recorded signal from the previous step.
This way the delay of the system is taken into consideration. The response
obtained in the last step is then compared to the initial open-ears response
to obtain the equalizer target curve.

The process described above results in a fixed equalization target. How-
ever, since the fit of the insert headset varies with different people, the
magnitude response of the headset may vary greatly, as mentioned in
Section 3.2.1. Furthermore, a non-ideal fit allows more leaked sound to
reach the ear canal [31,230,231], which can result in deteriorated sound
perception [32]. Thus, an adaptive process can lead to an improved sound
quality in a varying environment and with a varying headphone fit. Here,
the adaptive equalization is based on sound isolation impulse response
estimation obtained with an adaptive filter.

Adaptive filters are time-varying filters modifying their coefficients re-
cursively based on the input data [232]. This is shown in Fig. 3.3: The
input signal x(n) is fed to the adaptive filter, and the output signal y(n) is
compared to the desired signal d(n) in order to calculate the error e(n). The
adaptation algorithm is the rule that then updates the filter coefficients for
the next cycle by minimizing the selected objective function [233]. Typically,
adaptive filter applications are divided into four categories: system identi-
fication, inverse modeling, signal enhancement, and prediction [232,233],
and in this thesis, system identification is of interest. Thus, the desired sig-
nal d(n) is obtained by feeding the input signal to the unknown system and
comparing it to the adaptive filter output. More specifically, the unknown
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Figure 3.3. Schematic diagram of an adaptive filter.

system is the sound isolation of the earpiece, and the input and desired
signals are the recorded signals from the microphones located outside and
inside the ear canal, respectively.

The Least Mean Square (LMS) algorithm is the most popular adaptive al-
gorithm [232,233], and one of its variants is used in this thesis. Originally
proposed in 1960 [234], it has been widely used ever since due to its com-
putational simplicity and effectiveness [67,232,233]. The algorithm uses a
gradient-based method to determine the direction of the filter coefficient
update, and the filter coefficient update is formulated as [232,233]

w(n+1)=w(n)+2µe(n)x(n), (3.6)

where w are the filter coefficients, µ is the step size, e(n) is the error signal,
x(n) is the input vector, and n is the time index. Initial values for w are
needed (zeros are often used [233]), and the step size determining the max-
imum value of the update must be selected. The step size also controls the
stability, convergence speed, and misadjustment of the adaptive filter [232]:
a large step size leads to greater convergence speed and misadjustment,
whereas a small one leads to slow convergence and small misadjustment.
In addition, the algorithm will not converge if the step size is too large.
An extension to the LMS algorithm called the normalized LMS algorithm
(NLMS) introduces a time-varying step size that is normalized by the input
signal power estimate [232,235]. This leads to an improved convergence
speed, and the algorithm is no longer dependant on the input signal level.

The variant of LMS utilized in this thesis is called the Robust Variable
Step Size Normalized Least Mean Square (RVSS-NLMS) algorithm [236].
The name is derived from the fact that the algorithm is insensitive to large
perturbations or noise samples in the input. This is achieved by restricting
the energy of the filter coefficient update. The algorithm is given by [236]

w(n+1)=w(n)+min
[︃ |e(n+1)|
||x(n+1)||+ϵ ,

√︁
δ(n)

]︃
sign[e(n)]

x(n+1)
||x(n+1)||+ϵ , (3.7)
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Figure 3.4. Measured sound isolation (black) and the estimated sound isolation (red)
smoothed with a 1/3-octave window.

where ϵ is a small constant and δ is a positive sequence. In order to ensure
the best results, δ should be initially large for large convergence speed and
have smaller values for reduced error when the adaptive algorithm has
reached the steady state [236], i.e., when the algorithm has converged. The
algorithm in (3.7) can be viewed in two ways. In the first interpretation
the min function determines whether the algorithm performs as a NLMS
algorithm or a normalized sign algorithm (instead of the error, only the
sign of the error is used in the filter coefficient update in (3.6) [237]).
Thus, RVSS-NLMS possesses the fast convergence speed of NLMS and the
robustness against noise provided by the normalized sign algorithm [236].
Alternatively, RVSS-NLMS can be viewed as a NLMS with a variable step
size:

µ=min
[︃ ⎷

δ(n)
|e(n+1)|/||x(n+1)|| ,1

]︃
. (3.8)

When setting the time-domain outside-microphone signal as the input
and the time-domain inside-microphone signal as the desired signal, the
converged filter coefficients from (3.7) represent the impulse response of
the headset earpiece sound isolation. It can be obtained with arbitrary
signals, and thus no specific test signals or controlled environment are
needed. Even signals with strong spectral coloration work, since spectral
whitening is employed before the adaptive algorithm. The results can then
be verified against a dummy head measurement. An example is shown
in Fig. 3.4, where the red curve is the measured sound isolation obtained
with the swept-sine technique and the black curve is the sound isolation
from the RVSS-NLMS algorithm obtained using noise. As is seen, the
two curves follow each other well everywhere except at frequencies below
300 Hz and for an offset between 1 and 2 kHz.

After the sound isolation estimate is obtained, it can be used to control
the adaptive hear-through equalization. The default settings are based on
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Figure 3.5. (a) Default (yellow) and (b) adaptive equalization (red) of the hear-through
signal. The black curve is the target open-ear response, whose maximum
value is normalized to 0 dB.

the measurements described above using the dummy head. A five-band
graphic equalizer is used: the lowest band is a first-order shelving filter and
the rest are second-order peaking filters described in (2.1). Their purpose
is to flatten the headset magnitude response relative to the eardrum point
and to replicate the free-field response from the microphones outside the
ear canal to the eardrum [33]. The automatic equalization control then
utilizes the isolation impulse response estimate and adjusts the gains of
the two lowest bands (the shelving filter and the first peaking filter). This
accounts for the decreased sound isolation and the poor low-frequency
magnitude response of the headset in case of a poor fit and leakage. This
is shown in Fig. 3.5. In Fig. 3.5(a), a poor fit and the default equalization
result in an error around 1 kHz, whereas in Fig. 3.5(b), the adaptive control
takes the poor fit into account and produces a better match to the target.

3.3.2 Adaptive Equalization for Headphone Listening

A similar approach to that described in Section 3.3.1 can be applied to
headphone equalization for music listening. Publication VII introduces
an adaptive algorithm for estimating the impulse response, and thus
also the magnitude frequency response, of a headset and equalizing the
magnitude to a selected target response. Due to the adaptive impulse-
response estimate, the equalization can react to varying situations. Thus
far, headphone-equalization systems typically calibrate the response once
[238]. Adaptive equalization is beneficial, since the magnitude frequency
response varies each time an insert headphone is fitted to the user’s ear
[193] and the fit may also vary during a single listening session, e.g., if the
pull from the headset cable affects the fit.

The impulse-response equalization is done similarly to the sound isola-
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Figure 3.6. Different headphone target curves.

tion estimation: the RVSS-NLMS algorithm is fed an input and the desired
signal, and the converged filter coefficients represent the estimate of the
impulse response. Here, the input signal is the arbitrary electronic signal
from the playback device, such as music or speech, and the desired signal
is the recorded sound from inside the ear canal. This requires microphones
close to both earpiece transducers in a headset located inside the ear canals,
when the headset is worn.

Two things must be considered in order to obtain a useful impulse-
response estimate: the delay of the system and the mapping of the re-
sponse to the eardrum. The reproduction system introduces a delay to
the signal, and therefore the microphone recording is delayed compared
to the original playback signal. If this delay is not accounted for, the
RVSS-NLMS algorithm will not work, since the input and desired signals
will not be coherent within a single adaptive-filter frame. The mapping
of an ear-canal-entrance measurement to the eardrum was discussed in
Section 3.2. However, these methods are not suitable here, since only the
sound pressure is recorded, and because the algorithm is intended for use
in varying environments and is aimed towards general use, the possibility
for controlled pre-measurements is ruled out. The mapping in Publica-
tion VII is based on measurements performed using two different dummy
heads, whose respective ear canal responses were averaged. The mapping
parameter is the estimated ear canal length, which is obtained from a
pressure minimum in the magnitude response. The length determines the
frequency location of the magnitude peak arising from the closed-ear-canal
resonance. This results in a simple and robust mapping.

After the magnitude-frequency-response estimate is obtained from the
estimated and mapped impulse response, the equalization target response
must be set. A universally accepted headphone target curve does not exist
[25], and instead there are several suggested options. The two best-known
are the free-field [178,239] and diffuse-field response [239,240]. The former
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Figure 3.7. Accuracy of the (a) magnitude-response estimation and (b) equalization of
the headset to the Harman response curve in red. The black curves are the
targets. The curves are smoothed with a 1/6-octave window and normalized
so that the maximum value of the targets is 0 dB at 1 kHz (cf. Fig. 3.6).

corresponds to a sound source with a flat magnitude response in front of
the listener inside an anechoic chamber, whereas the latter corresponds to
listening to a sound source in its diffuse field so that the sound appears to
arrive from all directions. These responses are shown in Fig. 3.6. However,
studies have shown that these responses are not preferred by listeners
[241]. Instead, recent research by Harman International has resulted in
various listener-preferred target curves (named “the Harman response
curve”) for different headphone types [242–244]; an insert-headphone-
specific target is found in [244]. These are based on the response of a
high-quality loudspeaker in a listening room with adjusted bass and treble
levels [243]. In addition, a statistical model predicting the user preference
based on the measured magnitude response has been proposed [245]. The
original Harman curve from [243] is shown in Fig. 3.6.

Publication VII proposes two target curves: a flat response and the Har-
man response curve. The former enables different applications to be run in
parallel to the proposed one. An example is to imitate other headphone re-
sponses with a single pair by equalizing the magnitude response to match
a selected pair [40–42]. This is useful, when, e.g., comparing the sound
quality of different headphones blindly. The Harman response curve was
included for music listening, but it can also be utilized for spatial audio,
since the perceived quality of headphones and the smoothness of their
magnitude frequency response affects the perceived size of a space [246].

The equalization was performed with the 31-band graphic equalizer pre-
sented in Publication II. Both the accuracy of the magnitude-response
estimate and the equalization are shown in Fig. 3.7. It is seen in Fig. 3.7(a)
that the estimated magnitude response obtained with a music signal
matches well the magnitude response obtained with the swept-sine tech-
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nique. There are differences below 100 Hz due to additional processing
ensuring a smooth operation of the algorithm. Otherwise, the resonance
peaks and dips are estimated correctly, with the maximum error being
approximately 2 dB. The equalization accuracy is shown in Fig. 3.7(b) for
the Harman response curve. There are deviations below 100 Hz and also
around and above 10 kHz. The latter is mostly due to the fact that the
equalization was limited to frequencies below 10 kHz, since distracting
artifacts may result from the equalization of higher frequencies [31]. Thus,
the algorithm proposed in Publication VII is suitable for mobile use and
provides accurate results with arbitrary signals and target curves.
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4. Loudspeaker Equalization

This section discusses loudspeaker equalization and the characteristics
of an example loudspeaker. Both magnitude and phase equalization are
covered, as they are the subjects of Publications IX and VIII, respectively.
Section 4.1 introduces the fundamental characteristics of loudspeakers
and their relation to digital filters. Section 4.2 presents a magnitude-
equalization example, where flat-panel loudspeakers are measured and
equalized using a equalizer from Publication IV. Section 4.3 describes
phase equalization with frequency-sampled FIR delay equalizers.

4.1 Loudspeaker Measurement and Equalization

Loudspeakers are widely used in many applications and are found in homes
and studios for music listening, in public address systems, and in mobile
phones [64]. Fundamentally, loudspeakers are bandpass systems whose
linear behavior can be modeled with digital filters, as shown in Publication
VIII. Thus, the low- and high-frequency roll-off are dominant features
in a loudspeaker’s response. In addition, possible crossover filters affect
the response as well. The crossover filters divide the audible frequency
band for multiple speakers elements, since a single element is unsuitable
for good-quality reproduction of the entire audible frequency band [18].
Typically, two or three speaker elements are used to build two-way or
three-way loudspeakers, respectively. The most common crossover filter is
the Linkwitz-Riley network [18,247] comprising two identical Butterworth
filters in cascade. In digital systems, linear-phase FIR filters can also be
used for the crossover network [20].

The low-frequency roll-off of a loudspeaker can be characterized by two
separate highpass filters: one second-order IIR filter corresponds to the roll-
off of the speaker element and the other second-order IIR filter corresponds
to the possible bass-reflex port or a passive-resonator element [64]. The
reflex port acts as a Helmholtz resonator together with the speaker cabi-
net volume, and the passive resonator forms a tunable mass-compliance
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system. The high-frequency roll-off of a loudspeaker, on the other hand,
is characterized by a fourth-order lowpass IIR filter corresponding to the
mechanical element roll-off and a possible electronic bandwidth limitation.
The filters can be designed to have a minimum phase, since loudspeakers
are typically minimum-phase systems. Thus, the energy of a loudspeaker
is released with minimal delay resulting in a large initial amplitude in
the impulse response that decays with time. The phase response of a
minimum-phase system is linked to its magnitude response through the
Hilbert transform [158].

Loudspeakers are typically measured with the swept-sine technique in
anechoic conditions in order to capture only the properties of the speaker
and not also of the room. The measurement is most often performed in the
acoustical axis of the loudspeaker, i.e., directly in front of the loudspeaker.
This corresponds to summing the responses of the filters characterizing the
properties of the loudspeaker. However, loudspeakers are often measured
from other directions in addition to the acoustical axis of the speaker.
This differs from headphone measurements that typically require only
two responses (the left and the right channel). The multiple measured
responses may be averaged to understand the directional properties of the
loudspeaker [248] or used to estimate the loudspeaker power response,
which is the sum of the energy radiated by the loudspeaker in all directions
[249]. Furthermore, the measured responses may be smoothed with an
averaging window to approximate the human auditory resolution [250],
since the human hearing perceives the magnitude response deviations on a
smoothed resolution scale [22]. Interesting loudspeaker properties are, e.g.,
the loudspeaker’s impulse response, its frequency response (including the
magnitude, phase, and group delay responses), power response, distortion,
and efficiency [249]. In this work, the impulse response and the frequency
response are of interest.

The measured loudspeaker response can be visualized in many ways.
An impulse response is often used to show the temporal properties of the
speaker, such as the impulse response length and possible resonances. An
impulse response of a simulated two-way loudspeaker with an 8th-order
crossover filter at 1 kHz and −6-dB points at 43 Hz and 22 kHz is shown
in Fig. 4.1(a). In contrast to the other work in this thesis, the sampling
frequency here is 100 kHz. The minimum-phase properties are seen, since
the largest values of the impulse response are in the beginning, as well as
the near-ideal behavior due to the short length of the impulse response.
For rapidly decaying signal values, a logarithmic scale provides more
detailed visualization. This is illustrated in Fig. 4.1(b), which shows the
relatively slow decay of the low frequencies better than the traditional
impulse response.

When a better understanding of the time-frequency distribution of the
loudspeaker response is required, a spectrogram of the impulse response
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Figure 4.1. (a) Impulse response and (b) impulse response in dB of the simulated loud-
speaker.
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Figure 4.2. Spectrogram of the impulse response of the simulated loudspeaker.

may be used. The spectrogram of the impulse response of the simulated
loudspeaker is shown in Fig. 4.2. It is computed by taking 5-ms segments
of the impulse response with hop size of 1 sample, windowing the segments
with a Blackman window, and evaluating the discrete-time Fourier trans-
form (DTFT) at 256 logarithmically-spaced frequencies. The method is
similar to the one used in [251]. The spectrogram is blurred due to the
time windowing, but Fig. 4.2 shows the lengthening of the response at low
frequencies, nonetheless. This is the effect visible in Fig. 4.1.

The frequency response of a loudspeaker is evaluated from the impulse
response, and, similarly to headphones, it is used to assess the timbral
quality of the speaker. Figure 4.3(a) shows the magnitude frequency re-
sponse of the simulated loudspeaker, which, due to the ideal simulation, is
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Figure 4.3. (a) Magnitude frequency response and (b) the group delay of the simulated
loudspeaker.

flat in the passband of the loudspeaker. More interestingly for the simu-
lated loudspeaker, the phase response of the loudspeaker is also obtained
in the frequency response. Typically, the phase properties are examined
through the group delay of the loudspeaker, which is shown in Fig. 4.3(b)
for the simulated loudspeaker. The group delay is mathematically defined
as the negative derivative of the phase function [158], and it corresponds
to the frequency-dependent delay introduced by the loudspeaker. The
group delay is seen to have large values at low-frequencies and a peak
around 1 kHz. The former is due to the contribution of the low corner
frequency and the bass-reflex resonant port [252] and the latter is due
to the crossover filters [252]. Even though the crossover filters have an
allpass magnitude response, their phase response is not linear, which leads
to group delay distortion.

Equalizers are commonly used to flatten the magnitude response of
loudspeakers [18–22]. This magnitude-only equalization cannot result
in a completely flat response due to the bandpass characteristics of the
loudspeaker. An attempt to excessively boost those low-frequencies below
the loudspeaker’s cut-off frequency may lead to increased distortion and
even damage the speaker element. A suitable target response must thus
be selected against which the measured magnitude response is compared
[22,99]. One option is to utilize the magnitude response of the bandpass
filter characterising the loudspeaker response presented in Fig. 4.3(a). The
resulting equalization curve is then the inverse of the differences between
the measured speaker response and the target [22]. Regularization might
also be necessary to account for the possible notches in the measured
response in order to avoid large peaks in the equalizer response.

In addition to the magnitude-only equalization, the phase of a loud-
speaker can also be equalized. When the two are combined, a complex-
valued equalizer is obtained. For example, the LMS algorithm can be
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used to optimize the filter coefficients of such an equalizer [19,253]. How-
ever, it is also possible to only equalize the phase using allpass filters
or related techniques. The motivation behind phase equalization is to
ensure that the waveform of the input signal remains unchanged during
the loudspeaker reproduction [254]. A simple way to implement phase
equalization is to synchronize the outputs of a multi-way loudspeaker
with delay lines [252, 255]. In Publication VIII, this is shown to result
in magnitude ripple and non-constant group delay around the crossover
frequencies. The ripple can be reduced by using steeper crossover filters
or allpass networks [252], or by using allpass filters to synchronize the
different elements [256].

More refined ways use frequency-dependent phase equalizers to im-
plement phase equalization. The time-reversed impulse response of a
loudspeaker can be used as an FIR equalizer [254]. This results in a linear
phase, but any magnitude response ripple is simultaneously doubled. The
method is also highly dependent on the measurement process. A similar
principle can be used to design an allpass filter for excess-phase equaliza-
tion [21]. An FIR filter is derived from the time-reversed impulse response
to have the desired phase response and an allpass magnitude by first
separating the minimum-phase and excess-phase parts of the loudspeaker
response. For low-frequency phase equalization, it is also possible to model
the group delay of a loudspeaker with an allpass filter and apply it back-
wards in time [257,258], i.e., filter the time-reversed loudspeaker signal
and then reverse it in time again before the reproduction. Different meth-
ods to design an allpass filter suitable for phase equalization are presented
in [259,260]. Finally, a recently proposed graphic delay-equalizer can be
utilized in loudspeaker phase equalization [261].

Only linear processing has been described, since the loudspeakers in
the following sections are assumed to be linear time-invariant systems.
This is a valid assumption when equalizing high-quality loudspeakers
and using moderate listening levels. However, the nonlinear behavior of
loudspeakers can also be processed [262–266]. The nonlinear distortion in
loudspeakers can be caused by displacement-sensitive parameters, such as
the force factor, stiffness, inductance, the Doppler effect, flow resistance
in vented cabinets, or nonlinear sound propagation. In order to identify
all nonlinearities in loudspeakers, the swept-sine technique is insufficient,
and instead multitone measurement signals are necessary [264].

4.2 Magnitude Equalization of Flat-Panel Loudspeakers

Traditional hi-fi loudspeakers were discussed in the previous section. How-
ever, there are other loudspeaker types that potentially benefit from equal-
ization. Publication IX describes measurement and equalization of flat-
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panel loudspeakers, which typically comprise a panel and actuators at-
tached to it [119–121,267,268]. The panels are typically wood [119,267,269]
or glass [270–272], but other materials are also used [269]. Another name
for flat-panel speakers is the distributed-mode loudspeaker [121,273]. This
type of sound reproduction may be characterized by hidden or invisible
sound [274,275], where existing surfaces are fitted with actuators and the
sound arrives from unexpected sources. This is also called structure-borne
sound [267,276].

Since flat-panel loudspeakers often do not contain ideal panels from
the point of view of sound reproduction, their sound can be characterised
as follows. Most notably, the magnitude spectrum is typically not flat,
but instead contains spectral coloration [119, 120, 267, 269, 277]. Thus,
equalization can be utilized to improve the overall audio quality [269]. If
multiple actuators are attached to the panels, the resulting panel reso-
nances contain a complex superposition of excited modes [120,277]. The
radiation pattern of flat-panel speakers is often complex [119], and the
directivity of the loudspeaker may vary randomly with the angle [270].
The audio quality is heavily dependent on the panel’s acoustic properties,
which results in emphasized resonant modes [267]. Large panels may
suffer from attenuated high-frequencies [270], and the bass response of
flat-panel loudspeakers can be lacking or blurry [267]. Finally, the sound
source may be localized behind the panel [267]

In Publication IX, four different flat-panel loudspeakers were measured,
whose panels were made of spruce, maple, goat willow, and apple wood,
respectively. An example of the apple-panel loudspeaker and the actuators
is shown in Fig. 4.4. The flat-panel loudspeakers were measured in an ane-
choic chamber using the swept-sine technique, and the obtained responses
were smoothed with a 1/6-octave window. Multiple microphone positions
were utilized in order to understand the radiation pattern. The magnitude
response in front of the loudspeaker is shown in Fig. 4.5(a). The other wood
types showed similar properties, namely a general non-flatness and large
number of resonances. Bark-band equalizers described in Publication IV
were designed, one for each flat-panel loudspeakers, in order to flatten their
magnitude responses. The target curve was set to be a flat response within
the passband of the loudspeakers at the level corresponding to the mean
value of the unequalized response. The test showed that a single-point-
equalizer design was the most suitable one, since utilizing the average of
multiple measurements resulted in an equalizer curve with only little gain
in each band. This is due to the direction-dependent radiation pattern of
the flat-panel loudspeakers resulting in differing magnitude responses for
different angles in front of the speakers.

An example of the equalized apple-panel speaker response in front of the
speaker is shown in Fig. 4.5(b). Compared to the unequalized response,
the equalization visibly flattens the magnitude response. However, due
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Figure 4.4. (a) Front and (b) back of the apple-panel loudspeaker in an anechoic chamber.
The two actuators are shown in (b).

to the narrow resonance peaks in comparison to the equalizer band-filter
bandwidths, most of the resonance peaks are still present. These facts
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Figure 4.5. (a) Unequalized and (b) equalized magnitude response of the apple-panel
loudspeaker in front of the loudspeaker. The responses have been normalized
so that maximum value of the equalized response is 0 dB.

lead to an improved sound quality that still possess the distinct sound of
the wood panels. The effects of the equalization were also measured in
other directions. It was seen that, although not improving as much as the
front direction, the magnitude responses in other directions improved as
well. The only exception is the 90-degree angle that lacks almost all the
low frequencies due to the acoustical short-circuiting, and the equalization
does not have an effect on this. The short-circuiting is typical of dipole
radiators and results from opposite phase sound radiating from the two
faces of the panel.

4.3 Phase Equalization with Frequency-Sampled FIR Filters

Publication VIII discusses phase equalization methods of a modeled loud-
speaker. The motivation is to reproduce signal waveforms accurately,
and thus the group delay is of interest. An example of a loudspeaker
group-delay curve is shown in Fig. 4.3(b), and, as can be seen, group-delay
distortion occurs, since the group delay is not constant. Thus, two different
phase equalizers were designed using the frequency-sampling method,
which is often used to design linear-phase FIR filters [154]. However, it is
also suitable for designing FIR filters with arbitrary phase or magnitude
properties.

The frequency-sampling method requires both target magnitude and
phase responses. Since the aim is to equalize the phase response of the
loudspeaker, the target magnitude response of the filter can be set to all-
pass, or more exactly, to the allpass magnitude in the passband of the loud-
speaker. Utilizing a non-allpass magnitude at high frequencies, magnitude
ripple can be avoided that would otherwise arise from modifying the target
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frequency response to be real-valued at the Nyquist limit (the modification
is required to obtain a real-valued impulse response). A suitable target
magnitude is thus obtained by using, e.g., a raised-cosine window [154] to
attenuate the high-frequency target response, which results in the target
magnitude going to zero at the Nyquist frequency [278].

The target phase for the FIR equalizer is derived from the desired group-
delay curve. The two target group delays were a flat one for full-band
equalization and a flat group delay from 100 Hz up for group-delay equal-
ization excluding the low frequencies. The group delay of the FIR equalizer
is then the difference between the target group delay and the original
group delay of the loudspeaker. From the the group delay curve, the target
phase of the equalizer is obtained as the antiderivative calculated with
numerical integration. Now that the target magnitude and phase have
been specified, they must be inverted to the negative frequencies, since
the frequency-sampling method requires a two-sided frequency response.
The phase at the negative frequencies is the additive inverse value of the
corresponding positive frequencies. The zero and Nyquist frequency must
not be mirrored, since they only occur once in the two-sided frequency
response.

The FIR phase equalizer is obtained with the inverse discrete Fourier
transform (DFT). After the inverse DFT, the two halves of the resulting
impulse response must be swapped in order to have the values occurring
before zero time at the correct positions. This is due to time being circular
in the DFT [158]. The length of the filter corresponds to the length of the
DFT. Thus, if high frequency-resolution is used, windowing is required
to obtain practical filter lengths. A rectangular window is suitable, since
it is optimal in the LS sense [154]. The location and the length of the
window is determined, e.g., by varying the values and searching for the
largest squared sum for the windowed impulse response [278] and ensuring
that the magnitude and group delay ripple does not exceed the desired
limits. Many researchers have been studying the audibility of group-
delay distortion, and a threshold value of approximately 1–2 ms has been
reported [279–284]. The threshold, however, depends on the reproduction
method [283], utilized test signals [285], and whether peaks or notches are
used [284].

The full-band group-delay flattening was shown to result in a nearly
symmetrical impulse response, which can potentially lead to pre-ringing
due to some impulse response energy occurring prior to the main impulse.
In addition, an excessive bulk delay was introduced in the loudspeaker
response. Both these findings have also been reported in [22]. Furthermore,
flattening the group delay at low frequencies is not necessary, since delay
effects are less audible at those frequencies compared to the rest of the
audio frequency range [254,281,286]. Thus, the group-delay equalization
excluding the low frequencies should be preferred. In Publication VIII it

55



Loudspeaker Equalization

0 10 20 30 40 50
Time (ms)

(a)

-1

-0.5

0

0.5

1
Im

pu
ls

e 
re

sp
on

se

10 30 100 300 1k 3k 10k 30k
Frequency (Hz)

(b)

4

6

8

10

12

14

16

18

G
ro

up
 d

el
ay

 (m
s)

Figure 4.6. Phase-equalized (a) impulse response and (b) group delay of the simulated
loudspeaker from Section 4.1.

was shown to provide the desired effects: the group delay became constant
with the selected frequency range, and the time-domain response (impulse
response) of the loudspeaker was shortened when inspecting the −60-dB
points. The impulse response and the group delay of the phase equalized
loudspeaker are shown in Fig. 4.6(a) and (b), respectively. When designing
a group-delay equalizer for a real-world loudspeaker, care must be taken
to measure the speaker in order to obtain the best possible starting point
for the equalizer design. Furthermore, directions other than the acoustical
axis must also be considered and the responses measured at those angles
analyzed.
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5. Summary of Main Results

This section presents the main results from the featured publications that
relate to the author’s work.

Publication I – “Accurate Cascade Graphic Equalizer”

Publication I introduces an improved cascade-graphic-equalizer design
based on the work by Abel & Berners [11] and Oliver & Jot [145] utilizing
a single second-order section per band. In the proposed design, the leakage
between bands is accounted for with a specific band-filter design and
a least-squares gain optimization. The former offers control over the
behavior of the filters at their neighboring center frequencies, and the
gain optimization utilizes an interaction matrix and an iterative step.
Furthermore, when the number of design points is set to double the number
of equalizer bands, the proposed design operating in the range of ±12 dB
achieves an accuracy of ±1 dB, making it, at the time, the most accurate
graphic equalizer despite comprising fewer sections than the previous
state-of-the-art method.

Publication II – “The Quest for the Best Graphic Equalizer”

Publication II extends the design proposed in Publication I to the 1/3-
octave case by optimizing the required parameters. The methodology
comprising the definition of the target curve, the error calculation, and
possible test gain settings to obtain the largest errors of the design for
equalizer testing is considered. The hardest gain settings were found to
contain only the extreme values of ±12 dB, when these values were set
to define the available range. The proposed design was compared to the
previous state-of-the-art method in [16], and it was found to achieve the
same accuracy of ±1 dB with a simpler structure and faster design, thus
making the proposed design the best graphic equalizer design at the time.
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Publication III – “Graphic Equalizer Design with Symmetric Biquad
Filters”

Publication III presents a novel cascade-graphic-equalizer design that uti-
lizes the least-squares gain optimization from Publication I. The proposed
octave design comprises a single symmetric second-order section per band,
i.e., a biquad filter having a symmetric magnitude response on a logarith-
mic frequency scale over the audible frequency range, which minimizes the
approximation error caused by the warping close to the Nyquist frequency.
The filters are a modification of the second-order peaking filters proposed
by Orfanidis [106], and their gain at the Nyquist limit is controllable as
are the peak gain and the gains at the edges of the bandwidth. In contrast
to the design method in Publication I, an iterative step is not required for
the ±1-dB accuracy due to frequency-dependent interaction matrix design
and the weighted least-squares solution. However, iterative steps can still
be used to improve the accuracy further. The lack of iteration accelerates
the performance of the design, since the matrix is computed beforehand
and stored and since the matrix inversion and Fourier transforms are no
longer needed during the gain optimization. The proposed design is the
most accurate graphic-equalizer design to date.

Publication IV – “Third-Octave and Bark Graphic-Equalizer Design
with Symmetric Band Filters”

Publication IV extends the symmetric filter design with a prescribed
Nyquist gain from Publication III to the 1/3-octave and Bark-band cases.
Both designs comprise a single biquad section per band and utilize the
weighted least-squares solution and one or more iterative steps in order to
achieve great accuracy. The 1/3-octave design surpasses the design from
Publication II in accuracy, while the Bark-band graphic equalizer is the
first of its kind. The latter equalizer design contains the standard center
frequencies for Bark bands, but the bandwidths are modified for better
accuracy. In addition, the gain control at the bandwidth edges and the
weights in the weighting matrix are both frequency dependent due to the
varying widths of the Bark bands.

Publication V – “Converting Series Biquad Filters Into Delayed
Parallel Form: Application to Graphic Equalizers”

Publication V presents a novel conversion method for cascaded IIR filters to
obtain their parallel form. This removes the usual problems related to the
relative phases of the band filters in parallel filters. The Orfanidis-inspired
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partial fraction expansion method [159] requiring no long division offers
a great option to convert between the cascade and parallel forms without
sacrificing the accuracy of the approximation. This removes the need for
expanding the cascade filter to the direct form that is typically required,
which causes numerical inaccuracies. Furthermore, the more uncommon
delayed parallel form is obtained, where the IIR part is delayed from the
FIR part. This results in better numerical behavior.

A case study is presented, where the conversion method is applied to
the graphic-equalizer designs from Publication I and Publication II. The
proposed parallel equalizers are shown to lead to an improved design
relative to all prior approaches. The accuracy and the computational
load are improved while the design time is of the same magnitude as the
previous state-of-the-art parallel equalizer. Finally, when compared to the
cascade equalizer design, the band filters of the proposed equalizer are
shown to have smaller maximum gain.

Publication VI – “Adaptive Equalization of Acoustic Transparency in
an Augmented-Reality Headset”

Publication VI introduces a novel adaptive signal-processing algorithm for
headset transparency. The algorithm utilizes a custom headset with micro-
phones both inside and outside the ear canal. These are used to estimate
the headset attenuation online with arbitrary sounds with the help of a
warped adaptive LMS filter. The attenuation estimation is then used to
define the proper equalization for outside sounds played back through the
headphones in order to cancel the coloration and enable acoustical trans-
parency. The adaptation procedure offers benefits over fixed parameters
especially in situations where the headset fits poorly in the ear. Further-
more, user-enabled controls are offered to fine tune the sound to specific
occasions. The effects of the algorithm were tested with measurements
and simulations, and it was found to estimate the attenuation accurately
and to adjust the equalization based on the estimation both in the good-
and bad-fit scenarios. For sounds arriving from the frontal sector, the
adjustments worked well, but sounds from other directions are exposed
to coloration due to the selected equalization target. Finally, a frequency-
dependent response to the user volume control restricts the degree of the
comb-filtering effect.
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Publication VII – “Real-Time Adaptive Equalization for Headphone
Listening”

Publication VII describes a novel signal-processing algorithm for adap-
tive headphone equalization. The algorithm is inspired by the adaptive
filter used in Publication VI, and it uses the same headset. Here, the
arbitrary signal being played back through the headset is used to estimate
the individual headphone transfer function for the specific ear. An online
estimation is useful not only in case of changes in the headset fit, but
also due to differences in the ear-canal shapes and headset fits between
individuals. The estimation requires only a single microphone close to the
transducer to record the signal inside the ear canal. Previous adaptive
methods required multiple sensors to achieve similar results. An estimate
of the headphone response at the start of the ear canal obtained with the
proposed algorithm is then mapped to the ear drum to simulate the per-
ceived magnitude response. The graphic equalizer presented in Publication
II is then utilized together with a user-selected target response to equalize
the headset to the target. Measurements showed that the algorithm works
with different types of audio material and achieved an estimate close to
the measured magnitude response. The equalization also resulted in a
close match to the selected target curve, thus enabling various applications,
where the headphone transfer function needs to be controlled continuously.

Publication VIII – “Modeling and Delay-Equalizing Loudspeaker
Responses”

Publication VIII describes a filter design method for group-delay equalizers.
Three different methods for equalizing the delay of a loudspeaker were
simulated and compared. The first one is based on adding a bulk delay to
a single or multiple channels in order to align the different channels in
time, which creates a magnitude-response ripple. The two other methods
are based on a proposed FIR filter design utilizing frequency sampling.
When flattening either the group delay across the whole pass band or in
a limited frequency range, different results are perceived. The former
method leads to unwanted pre-ringing, i.e., a part of the impulse response
energy is moved in front of the main spike in time. The latter version,
however, achieves flat group delay at mid and high frequencies, reducing
the length of the impulse response without introducing much pre-ringing
or magnitude-response ripple.
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Publication IX – “Equalization of Wood Panel Loudspeakers”

Publication IX presents the measurements and equalization results of a
“tree orchestra” designed and constructed to reproduce custom-made music
pieces in a science center exhibition. There were four different wood-panel
loudspeakers varying in size and manufactured from different types of
wood each containing two actuators driven with the same signal. It was
shown that the original responses, when measured with logarithmic sine
sweeps described in Section 3.2.1, are rough and contain multiple reso-
nances per panel. The equalization is determined from the initial response
in front of the wooden speakers, i.e, a single-point design procedure is used,
which was shown to be superior to a multi-point design. The equalization
target was a flat response, and a Bark-band graphic equalizer described in
Publication IV was used. Another set of measurements verified the effects
of the equalizers and showed that relatively flat responses were achieved.
The sound before and after the equalization was also compared by listening
to different styles of music through the wood panel loudspeakers.

61





6. Conclusions

In this introductory part of the thesis, digital graphic equalizers and their
applications have been discussed. The work can be divided into three
groups, the first of which is graphic-equalizer design. The topics included
the different graphic-equalizer structures and the selection of band filters
for the best accuracy. Publications I and II proposed an accurate cascade
equalizer for octave and 1/3-octave cases, respectively. The design is based
on a least-squares solution, which accounts for the problematic band inter-
action. Publications III and IV improve the design and introduce a Bark-
band-based frequency resolution. The improvements include changed filter
design and the inclusion of frequency-weighting and frequency-dependent
parameters. Finally, Publication V proposed a novel conversion method for
obtaining the parallel versions of the graphic equalizers efficiently. The
parallel structure contains a delayed IIR part with respect to the FIR part,
which improves the numerical performance of the equalizer

The second group comprises graphic equalizer applications for headphone
listening, both for ARA or hear-through and music listening applications.
Two examples are presented, and they are both based on adaptive fil-
ters. Due to the adaptive nature of the proposed algorithms, they require
accurate equalizers, since the equalization targets curves are defined auto-
matically without a user interference. In other words, in order to achieve
the desired effect, the equalizer design must replicate the target response
accurately. Publication VI introduces an adaptive hear-through equaliza-
tion aiming to make a headset acoustically transparent, i.e., the sound
perception should be similar to an open-ear case when wearing the headset.
An LMS algorithm is used to approximate the ambient sound isolation of
the headset, which then determines the required equalization. Publication
VII applies the same procedure for headset magnitude-response estimation.
The approximated response controls a graphic equalizer, and the target
response for the headset is selected by the user. The individual ear-canal
acoustics are accounted for in order to produce individualized equalization.

The third group focuses on loudspeaker equalization. Both magnitude-
only and phase equalization are considered, as well as the equalization of
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different types of loudspeakers. Publication VIII discusses phase equaliza-
tion of a loudspeaker model, which is compared to a measured loudspeaker.
Three methods are discussed: time-alignment, full-band group-delay equal-
ization, and group-delay equalization using a narrowed bandwidth. The
latter is shown to produce the best results, including minimal magnitude
ripple and a shortened impulse response without excessive amount of en-
ergy moved in front of the main spike. Publication IX, on the other hand,
presents the results from equalized flat-panel loudspeakers. A single-point
equalization was utilized to flatten the magnitude responses of four differ-
ent panel loudspeakers, which originally showed highly resonant behavior.
The equalization resulted in perceived improvements in the sound quality,
and it was found to be suitable for the intended application of the flat-panel
loudspeakers.

The research related to the first group, i.e., to graphic-equalizer design,
could be extended in the future by studying more the non-equidistant
band divisions. This could enable the realization of a general graphic
equalizer with an arbitrary number of bands and center frequencies. Publi-
cation IV showed that the non-equidistant center frequencies and varying
bandwidths present a design problem, and furthermore, the different band
division were shown to require different parameter values in order to reach
similar accuracy in many publications of this dissertation. Furthermore,
different cost functions could be tested in the gain optimization for the
ACGE design instead of the current LS solution. Especially interesting
would be a cost function that relates to the maximum error.

Related to the headphone equalization applications, future work could
extend the applicability of the proposed algorithms to different headphones
styles. Currently, only insert headphones are supported, and changes are
required for, e.g., circum-aural headphones to work similarly. The largest
change would be the mapping from the headset microphone to the ear drum,
which is dependent on the headphone type and the locations of the headset
microphone. For the isolation approximation in Publication VI, a recent
estimation method proposed in [287] could be applied. They noticed that
changes in the ambient sound isolation are seen in the measurement from
the earpiece transducer to the microphone inside the ear canal. However,
this method requires offline training, i.e., pre-measurements performed in
a controlled environment. Finally, both headphone equalization algorithms
could be improved by combining the response estimation and the equalizer
gain optimization, which should reduce the total estimation error.

Finally, the direction for future research regarding loudspeaker equaliza-
tion discussed in Publications VIII and IX could be listening tests. Both
the effects of the phase equalization of the traditional loudspeaker and the
magnitude-only equalization of flat-panel loudspeakers should be further
studied in order to establish the best practices based on the perceived
sound. Phase equalization is a controversial topic, and more research is
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required to determine the audibility limits that, in the end, should dic-
tate the amount of processing required. The flat-panel loudspeakers in
Publication IX were equalized using a single-point-equalization technique,
since the tested multi-point technique did not work. Future research could
focus on the selection of optimal number of measurement points and their
locations based on the radiation pattern of the loudspeaker in question.
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Errata

Publication I

In Section IIIA, the bandwidths B8 and B9 should be set to B8 = 1.395 ωc,8 and

B9 = 1.17 ωc,9, respectively.
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