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ABSTRACT

In this paper, methods of loudspeaker response equalization using digital

filters are compared. In addition to generally known methods and tech-

niques a recently introduced new principle, based on warped filters, is
described. Different equalization methods are compared from the points of

view of equalization error both objectively and subjectively, computational

efficiency, as well as robustness and precision requirements of each method.

The study is limited to the linear (i.e., magnitude and phase) equalization
of loudspeaker free-field responses.

INTRODUCTION

Digital filtering provides an attractive means to make loudspeaker perfor-
mance more ideal. Equalization of the magnitude and the phase response

is achievable by linear filtering and compensation of nonlinear distortion

is possible using nonlinear modeling techniques. Since loudspeakers are
practically always used in reverberant spaces the equalization of the entire

path frmn an amplifier to a listener is important.

In this study we analyze and compare some methods of linear response

equalization, the main emphasis being on the loudspeaker itself which is
considered as a linear and tilne-invariant (LTI) system. Thus the equal-

izer should be an approximation of the inverse transfer function of the

loudspeaker. Nonlinear distortion will not be considered in this paper.



First, an overview of digital filtering techniques for loudspeaker response

equalization will be given. This overview includes the design methods of

traditional FIR and IIR filters. Multirate solutions are also a potential

technique but will not be considered here. As a recently introduced new

method we describe warped filter equalizers, i.e., warped FIR (WFIR) and

warped IIR (WIIR) filters. They have the interesting property that fil-
ter design can be accomplished on psychoacoustically motivated frequency

scales, such as the Bark scale or an approximated logarithmic scale.

Next, some psychoacoustical aspects that are important to the topic

are presented. Special attention is paid to proper frequency scales for
equalizer design and evaluation of response properties. The audibility of

magnitude and phase response errors is discussed based on literature and

some listening experiments that we have carried out.

In the analysis and comparison of the equalization techniques we focus

to the following aspects. The equalization error (magnitude and phase er-

ror) is studied using both objective and subjective criteria. In both cases
performance is evaluated in relation to filter complexity. Thus the com-
putational efficiency of filter implementations is discussed as an essential

factor, as well as the robustness and precision requirements when imple-

menting the equalizers using typical digital signal processors.

A set of listening experiments has been carried out for subjective eval-

uation and comparison of different equalization techniques. The goal was

to find the order of each equalizer filter type that corresponds to the JND

(just noticeable difference) threshold of equalization error using various
test signals. The results from listening experiments are compared to the

results using objective criteria.

Finally, a general discussion is included related to many practical issues

of loudspeaker response equalization, such as target response specification,

equalization for a sector of free-field responses, the need of phase response
correction, as well as combined loudspeaker-room response equalization.

I OVERVIEW OF FILTER DESIGN METHODS FOR

LOUDSPEAKER EQUALIZATION

Various methods have been published for digital equalization of loud-

speaker systems. Digital loudspeaker equalization can be used for both
magnitude and phase correction, which is unachievable with analogue tech-



nique. Non-linear distortion can also be compensated by digital signal

processing [1], [2], but will not be considered in this paper. Although digi-

tal processing can produce almost perfect results one has to consider what
needs to be equalized and what is the optimal target response. The magni-

tude response is audibly more significant; in fact the subjective importance

of linear phase in loudspeaker systems remains to be answered.

A straightforward approach is to design an equalizer to correct only

the on-axis response. However, nearly ideal axial equalization can even

degrade off-axis and subjective performance. Therefore the desired target
response in most cases should be some form of compromise between on-axis

and spatially averaged responses [3].

Although the biggest benefit of equalization is generally obtained at
middle frequencies, special care should be taken with low and high fre-

quency regions. Especially boosting low frequencies can induce non-linear

distortion. The target response nmst be compensated with a proper fil-
ter defined by the loudspeaker's characteristics or measured response pre-

equalized before the filter design [4].
FIR filters have several advantages over IIR filters, such as being al-

ways stable, easier to design, and having arbitrary phase and magnitude

response. Therefore FIR filters has been widely used for equalizing audio

systems. On the other hand IIR filters model magnitude response more

efficiently with less computational complexity. IIR filters are often used
for bass equalization which would result in excessive FIR filter lengths.

There are several general methods for designing FIR and IIR filters, e.g,

[5] and they can be used for equalizing loudspeaker response. One of the

simpliest ways to design an FIR filter is the frequency sampling technique
using inverse Fourier transform. Other design techniques are based on

either time- or frequency domain optimization. The efficient inverse filter

for both magnitude and phase correction can be optimized using the least

mean squares algorithm [6]. The basic idea is to design a deconvolution
filter such that the complete response of the system is an ideal impulse

response.

Greefield has proposed a novel IIR filter design method for loudspeaker

equalization [4], [7]. The method is based on loudspeaker modeling and
separating the minimum-phase and all-pass components. An advantage of

this method is the efficient magnitude response equalization and optional

excess-phase correction.
Other attractive approaches for digital loudspeaker enhancement are



e.g multirate signal processing [8], frequency masking technique [9] and
integrating filters [10].

2 WARPED FILTERS AND THEIR APPLICATION

TO EQUALIZATION

Warped digital filters and their audio applications have been introduced

and discussed in more detail elsewhere [11, 12, 13, 14, 15]. Only a short

overview is given here.
The basic idea of warping is best illustrated using the FIR-like structure

(WFIR) in Fig. la. The specific WFIR structure used in the WFIR

loudspeaker equalization of this paper is shown in Fig. lb. When the
unit delays of an ordinary FIR filter are replaced with first-order allpass

sections, the resulting filter is a warped one that can be designed on a

warped frequency scale based on the bilinear conformal mapping

Z-1 __

Pi(z) - 1- (1)

where A is a warping parameter and Dl(z) is a warped delay element. The

group delay of Ds(z) is frequency-dependent so that positive values of A

yield increased resolution for low frequencies and negative X values enhance

the resolution at high frequencies. This is illustrated in Fig. 3 that shows

the warping by a first-order allpass section as a function of frequency.

Warped IIR (WIIR) filters cannot be realized directly due to the delay-
free propagation of signal through allpass sections and recursive feedbacks,

when A _ 0, see Fig. 2a. There exist modifications, however, that make

WIIR structures realizable and practical. Figure 2b shows one of them [3],
which is the structure used in the WIIR equalizer examples of this study.

As noted above, the value of the warping parameter A controls the

amount of warping that is desired. From the point of view of auditory

1)erception a specific value of h yields a good approximation of the Bark

scale [16] that is traditionally used as a psychoaeoustical pitch scale. A
formula to compute this value as a function of the sampling rate is given

by Smith and Abel in [17]. E.g., for the sampling rate of 44.1 kHz this
yields h -- 0.7233. Such a desirable match to the properties of the hu-

man auditory system is utilized below when designing warped filters for

loudspeaker response equalizion.



The effect of warped filter design to loudspeaker equalization, compared

to traditional unwarped filters, can be seen in the example of Fig. 9 which
will be discuss in more detail below. While with traditional filters the fre-

quency resolution is constant on a linear frequency scale, resulting in good

equalization at high frequencies but worse performance at low frequencies,

a Bark scale warped filter focuses the main resolution and equalization

power to middle frequencies. This desirable behavior is further discussed
below from the point of view of psychoacoustics. To some degree it is pos-
sible also to achieve a similar effect using weighting functions in traditional

filter design [5] but frequency warping makes this balancing of resolution

appear automatically.
One more favorable property of warped filters is their inherent robust-

ness and uncritical precision requirements, based on the use of allpass

subsections. Especially when the density of poles and/or zeros in the z-

domain--especially corresponding to low frequencies--is high, traditional
filter structures such as direct form IIR filters become very problematic.

Due to the bilinear warping (rotation) of poles and zeros in the z_domain

such pole and zero densities are relaxed considerably. Typically direct form

IIR filters higher in order than about 20-25 cannot be implemented even

when using floating-point processors. Corresponding warped filters remain
stable and realizable even with orders higher than 100 and fixed-point

computation. This is the reason of using the warped structures instead of

remapping them back to equivalent traditional filter structures.
As can be noticed when comparing warped filters in figures 1 and 2

with traditional FIR and IIR filter structures of same order, the warped

structures are more complex and thus computationally more expensive.

This is often compensated, however, since considerable reduction in filter

order is possible due to good match to human auditory properties.
We have studied the efficiency issues of warped filters on typical dig-

ital signal processors [13]. For example, the Motorola 56000 fixed point
processor can run FIR filters one tap (order) per instruction cycle and per

sample, while WFIR filters t_ke three instructions. The performance ratio
is 1:3 in favor of FIRs. While direct form IIR filters take two instructions

per order and per sample, WIIR filters take four instructions, so that the
performance ratio is 1:2. For the TMS 320C30 floating-point processor
the ratios are 1:4 and 1:5, respectively. In some applications the warp_

ing reduces the filter order by a factor of 1:5 or more which means that
the overall efficiency of warped filters can be better or about same as for



traditional filters.

The design of warped equalizer filters can be done in a straightforward

way as follows. The measured impulse response h(n) of a loudspeaker to be

equalized is first mapped to the warped time domain response h(i) using

the inverse mapping of (1):

t_(Z) = mi-l(z)t"I(z) (2)

as described in reference [15]. This warped impulse response can then, in

principle, be used in any inverse filter design technique to yield an FIR

or IIR structure, which has to be implemented as a corresponding warped
structure. In practice, this is easiest to apply to a minimum-phase ver-

sion of the loudspeaker response, which means that excess-phase reponse
errors will not be equalized. For WIIR designs we have used succesfully

the Prony's method available in Matlab [18]. Further details of warped
equalizer designs are discussed later in this article.

3 PSYCHOACOUSTIC CRITERIA

In an ideal case the loudspeaker is a linear and time-invariant (LTl) system
with flat magnitude response and constant group delay to the point of

interest in the acoustic field. In practice a loudspeaker normally radiates
in a room where an infinite number of paths from the source to the listener

are found. Thus we must in the first phase simplify the problem and

study the free-field response as well as perception by listener in a specific
direction, especially the far-field main-axis behavior.

Although nonlinear distortions from less than i % up to much higher
values at low frequencies and high amplitudes can be found, the scheme

of LTl modeling and equalization of loudspeakers is found useful and will

be applied in this study. Correspondingly, the perception of nonlinear
distortion is not considered here.

3.1 Psychoacoustically Valid Frequency Scales and Resolutions

It has been a long tradition in audio technique to plot magnitude responses

using the decibel scale for ordinate and a logarithmic frequency scale for

abscissa. This was found to describe better the auditory perception than
when using linear scales and this is also technically convenient enough.



Digital signal processing (DSP) exhibits an inherent property to express

practically everything on a linear frequency scale so that adapting to other
scales needs special attention. This is due to the properties of the unit

delay as a basic building block which implies uniform time and frequency
resolution. Spectrum analysis through the discrete Fourier transform shows

this and, more important from the equalization point of view, filter designs
follow the same rule unless special effort is taken.

In psychoacoustics it has been shown experimentally that there are yet

better scales instead of the linear or logarithmic frequency scales and log-
arithmic dB-scale. Loudness in sone units [16] represents the perceived

'intensity' and loudness level in phon units is a related logarithmic scale.

Pitch, the perceived 'height' of sound, has several competing scales. The

traditional mel scale has in many technical fields been replaced by the

Bark scale (or the critical-band rate scale) [16] although in practice these
are very similar (1 Bark _ 100 reel). A strong competitor of the Bark scale

is the ERB (Equivalent Rectangular Bandwidth) rate scale [19] that seems

to be theoretically better motivated than the Bark scale [20].

Actually we should make difference between frequency resolution func-
tions and pitch scales. Figure 4 shows the four resolution functions dis-
cussed above; lin, log, Bark, and ERB resolution in terms of the corre-

sponding Q-value (center frequency divided by bandwidth) as a function
of frequency. Linear resolution is plotted for uniform 100 Hz bandwidth

and logarithmic resolution for third octave bandwidth.

Figure 5 shows the corresponding 'rate' scales vs. log frequency.

As can be seen from figures 4 and 5, the log and the ERB resolution
functions are relatively close to each other. The Bark resolution is simi-
lar above 500 Hz. The constant bandwidth resolution function related to

the linear frequency scale is generally not acceptable when characterizing
responses from the auditory point of view. This is unfortunate since DSP

methods, including filter design methods, work inherently on a linear scale.
Based on the above theoretical discussion we may draw the conclusion that

both the design of equalizer filters and the characteriazion of equalized re-

sponses are best represented on the ERB scales, the logarithmic and the

Bark scales being useful approximations, and the linear scale being inferior.



3.2 Perception of Loudspeaker Response Errors

The two factors to be studied when considering linear distortion in loud-

speakers (without room effects) are the magnitude response and the phase
(or time delay) response 1. The detectability of linear distortion very much

depends on the type of test signal, not just on the loudspeaker properties.

Due to such difficulty and variability of the problem, existing knowledge

is not always very consistent and the data cannot always be applied easily
to specific problems of sound quality evaluation.

Narrow-band deviations from a fiat magnitude response are most easily

noticed when a single sinusoidal component falls into a response dip or is

strongly emphasized due to a resonance. Otherwise, for broadband signals,

deviations in magnitude response are perceived on a smoothed auditory

resolution scale that can be approximated (e.g., ERB, Bark, or 1/3-octave
scale). The JND (just noticeable difference) deviation from ideal in A-B

comparison is about 1 dB for a critical band, although well trained listeners
may perform slightly better. For some real-world signals, such as music

that does not excite a problematic frequency range, the JND threshold may
be considerably higher. Also, when the listener doesn't have a reference of

fiat response to compare with, even devitations of 5 dB or larger may be
difficult to detect or analyze systematically.

An objective way to estimate the subjective perception of response er-

rors is to use computational auditory models. Representative examples

thereof have been proposed for example by Schroeder et al. [23], Kar-
jalainen [24], Brandenburg et al. [25], and Beerends and Stemerdink [26].

These have been developed primarily for the evaluation of audio and speech
coding while the evaluation of loudspeaker systems with them has not been

as successful. Since listening tests are very tedious and demanding, such

model-based objective methods are highly needed, although they never can
fully replace evaluation by human listening.

The second type of linear distortion, the phase or temporal distortion,

is less prominent to auditory perception although in some specific cases
the human hearing may be quite sensitive to it. Phase distortion and

its perception has been discussed, e.g., by Preis [27], Deer et al. [28],
Fincham [29], [30], and [31]. A typical way to characterize such distortion

is to measure and compute the group delay from unwrapped phase as a

IFor a classical discussion on linear distortion, see Preis [21]. See also discussion and
references in Colloms [22].



function of frequency 2.

A common experience from many listening experiments shows that the

level of just noticeable group delay differences is about 2 ms. Sharp tran-
sients and impulses are among the most critical test signals while for

steady-state wideband signals very much larger errors may remain un-

noticed. In some experiments differences below i ms have been reported.

Since it is relatively difficult to generate complex phase errors without in-

troducing magnitude errors or uncontrolled temporal spread of signals as
well, some of the early experiments may not be reliable.

In order to get more intuition to the perception of phase response error,
as measured in terms of the group delay, we carried out a small set of in-

formal listening experiments (using headphones). We used digital allpass
filters as well as their FIR approximations to yield simple and complex

group delay distortions in an audio channel. For simple cases, such as

deviations of group delay within a critical band for middle frequencies, a
2 ms JND threshold typically resulted. For more complex phase curves,

such as a step up or down in group delay at a certain frequency, or slightly

randomized group delay as a function of frequency, JND thresholds down

to about 1 ms or slightly below were found, when test signals were im-

pulses bandlimited to 21 kHz audio range. For speech and music the JND
thresholds were from 3-5 ms up.

Based on the above information it seems to be safe to state that group

delay errors below 1-2 ms will practically never be noticed in real listening

conditions and even 3-5 ms errors are safe for most program materials.

Furthermore, measurements of medium to top quality loudspeakers show
that the group delay errors generally are smaller than the JND threshold.

Around the low cut-off frequency, especially for vented box loudspeakers,

the group delay error will be much higher. Thus, for medium to high

frequencies the need for phase equalization is questionable and magnitude-

only correction of response may be well motivated. Phase compensation of
low frequencies by DSP may improve bass response quality but this easily

introduces a bulk delay at all frequencies.

Auditory models could also be applied to the evaluation of phase re-

sponse errors or combined phase and magnitude errors, or better to say,
time-frequency response errors. Most computational models have, how-

2Sincegroup delay is not necessarilyequivalent to the perceivedphase error, other mea-
sures or presentations, such as Cumulative Spectral Decay [32] or Wigner Distributions
[33] have been used for visualization purposes.



ever, a poor resolution for temporal fine structures (about 10 ms) which
makes them useless. Better simulation of the human auditory system could
help developing such sound quality tools.

4 COMPARISON OF EQUALIZER FILTER DE-
SIGN METHODS

Three different equalization filter designs have been compared in this study,

each one applied to two loudspeakers. The filter types are:

· FIR filter, designed using AR-modeling technique (linear prediction
algorithm (LPC) in MATLAB [18]). LPC is applied to the measured
impulse response of the loudspeaker and the z-polynomial obtained is

used as an FIR4ype inverse filter of desired order.

· WFIR filter (warped FIR filter, see Fig. 1), designed by first inverse

warping the minimum-phase version of the impulse response and then
applying LPC as above.

· WlIR filter (warped IIR filter, see Fig. 2), designed by first inverse
warping the minimum-phase version of the impulse response and then

applying the Prony's method available in MATLAB so that the orders

of numerator and denominator are equal. The Prony's method was

found to work better than other generally available algorithms such
as 'Yulewalk' in MATLAB.

Two different loudspeakers were used in each equalizer filter desing:

· Loudspeaker 1, a small-sized (24cm x 19cm x 16.5cm) two-way
vented-box speaker with a 5" low-frequency element, 14 mm dome

tweeter, a passive crossover network, and a built-in amplifier. This

corresponds to relatively inexpensive loudspeakers typically included

in home stereo systems. We have used this speaker in most experi-
ments since it has magnitude response errors and related coloration

of sound that is relatively easy to perceive.

· Loudspeaker 2, a high-quality two-way vented box studio monitor

(size 31cm x 24cm x 20cra), with a 6.5' bass element, 19 mm dome
tweeter, two separate power amplifiers, and an active crossover net-
work.

[0



4.1 Analysis of Equalization Filter Performance

Figures 6, 7, and 8 show the behavior of Loudspeaker 1 when equalized

using different orders of the three filter types: FIR, WFIR, and WIIR,

respectively.

In Fig. 6 the FIR design shows a powerful ability to correct the mag-
nitude response, especially at high frequencies, but the filter order must

be made rather high, e.g., 150-1000. Yet the bass range remains hard to

make fiat since the linear frequency resolution of traditional filter designs

focuses most of its power to high frequencies. Filter design methods where
extra weighting can be applied to low frequencies may perform better.

The warped FIR design was applied to Loudspeaker 1 and the resulting

magnitude responses for various filter orders are shown in Fig. 7. Char-
acteristic to it, middle and low frequencies are better equalized with much

lower filter orders than with FIR filters, e.g., 45-300.

Figure 8 illustrates the case of warped IIR equalizer filters. In this case

the equalization power is smoothly balanced for the audio frequency range
and the filter order may remain low, such as 16-100. Actually, a useful

overall smoothness can be achieved with very low WIIR filter orders, e.g.,
4-16.

Focusing of frequency resolution, characteristics of remaining response

ripples, and typical filter orders of the three methods can be compared even

more easily in Fig. 9 where three cases with approximately same overall
equalization are shown.

In the warped filter cases above the warping has been accomplished

according to the Bark scale. It is possible to change coefficient A in Eq. I so

that increasing value of A focuses the best equalization to lower frequencies

and, correspondingly, decreasing A focuses to higher frequencies. This
possibility could be utilized also in digital crossover networks where each

frequency region may be designed with a separate _ value optimized for
that band.

The consequence of axial response equalization to off-axis behavior is

illustrated by figures 10 (original directivity curves), Fig. 11 (FIR equal-

ization of order 105), and Fig. 12 (WlIR equalization of order 24). As can
bee noticed from the comparison, the high-frequency equalization power

of FIR filters doesn't help much to flatten off-axis response. Actually,

less ideal axial response with WlIR filters means slightly smoother off-axis

high-freguency response.
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Figures 13, 14, and 15 describe the impulse response behavior of Loud-
speaker 1 without equalization, with FIR of order 105, and WIIR of order

24, respectively. FIR equalization, due to better high-frequency smoot-

lng, also best reduces fast ringing. Since all three filter designs are basicly

magnitude-only or minimum-phase based techniques, little or no group de-
lay equalization is resulted. The need for such equalization is discussed in
section 7.

As another case of loudspeaker equalization we studied the high-quality
studio monitor, Loudspeaker 2. Figure 16 illustrates its magnitude re-

sponse; originally and with various orders of WIIR equalizers. As can be

noticed, already relatively low order filters (16-40) improve the response.
The original response is, however_ so good that it is somewhat question-

able if the improvement is really needed. Probably much more important

would be to equalize the combined response properties of the loudspeaker
and the room.

4.2 Equalization Errors as Spectral Distance Measure

There is a need to have a simple numerical measure of equalization quality

that is meaningful also from the perceptual point of view. Instead of using

more complex auditory modeling schemes we applied a spectral distance
measure in the following way.

· The equalized impulse response is first FFT transformed to power

spectrum, resampled (by interpolation) uniformly on a logarithmic
frequency scale, smoothed with about 0.2 octave resolution 3, and con-
verted to dB scale.

· The difference of the spectrum to be analyzed and a reference spec-
trum is computed for the passband region of equalization. The ref-

erence spectrum may be simply the average level of the spectrum to

be analyzed or some other reference. In our case it was the listening

reference in our listening experimens, described in section 5.

* A root-mean-square value of the difference spectrum is computed and

this is used as an objective spectral distance measure to characterize

the perceptual difference between the magnitude responses or a de-
viation from a fiat response. Notice that the values of the spectral

3This resolution value was specifiedsomewhat arbitrarily to be not too far from the
ERB resolution, see section 3.

12



distance measure used in our study are not calibrated to be compared

directly with any perceptual difference measures.

Figure 17 plots the spectral distance measures as functions of filter order

for the three eqializer filter types used in our study: FIR, WFIR, and WIIR.
The reference for distance computation was the highest-order equalized

response, in order to make the results compatible to the setup used in our
listening experiments in section 5.

There is one observation in the curves of Fig. 17 that needs special at-

tention. The spectral distance measure of FIR equalizers does not decrease

monotonically with increasing filter order. This is due to problems with
FIR equalizer design at low frequencies whereby FIR filter orders of 60-150

may not be comparable to other data.

Figure 17 implies that, measured in terms of filter order for a given level
of spectral distance, WIIR filters are most compact, then follow WFIR
filters, and FIRs need highest order. If we do the evaluation using the rela-

tive computational efficiences, as given for the two DSP processors above,
the WFIR structure turns out to be least efficient. For good equalization

(low spectral distance) or minor coarse equalization WIIRs are best and
for medium level of equalization FIRs are best. (The problem with FIR

design algorithm disturbs the comparison.)

5 LISTENING EXPERIMENTS

The final judgement of a sound reproduction system must be based on

human auditory perception. Thus the final evaluation of loudspeaker

equalization techniques should be based on listening experiments. For
this reason we have carried out a series of such tests in order to compare

the performance of various equalizer filter designs. The subjects listened

to the loudspeaker under study in an anechoic chamber, comparing var-

ious equalized versions of the speaker with different signal stimuli. The

equalized signals were prefiltered off-line. Data were played back using an

Apple Macintosh host computer and the QuickSig signal processing envi-

ronment [34], including a DSP extension based on a National Instruments
NB-DSP2300 DSP card with Texas Instruments TMS320C30 signal pro-

cessor and high-quality 16-bit AD/DA converters based on an NB-A2100
board.

A total of 9 test subjects participated in the listening experiment, 6 male

13



and 3 female, with ages ranging between 21 and 35. In the final test only 4

male and 3 female subjects were used since others did not show consistency

in their results. The hearing of all test subjects was tested using standard

audiometry [35]. None of the subjects had reportable hearing loss that
could effect the test results.

In the listening experiment we used an adaptive 2AFC (Two Alterna-

tives Forced Choice) bracketing method, similar to audiometric tests but

adapted to our purpose. In each trial, two test stimuli were presented with

a 0.5 s interval between the samples. The first test signal was always a

reference signal which corresponded to practically ideal equalization of the

loudspeaker. The second signal varied according to adaptation, descend-

ing and ascending five times the order of equalization filter, bracketing the

JND between reference and test signal. This was repeated three times for

each filter type using a pink noise test signal (1 sec), a speech sample 4, and

a music sample 5 as excitation signals. Peak A-weighted SPL levels were

68-70 dB. An average duration of a test session was about 50 minutes and

the subjects had several short pauses during the session.

The test persons were given written and oral instructions. They were

also familiarized with a test sequence that demonstrated both distinguish-

able and undistinguishable test signal pairs. The final test subject was

seated in the anechoic chamber and a computer keyboard was placed in

front of him or her. Each test person was individually familiarized and

instructed to respond by pressing 'key l' if the signals were the same and

'key 2' if the signals were perceived different. The _space-key' could be used

to repeat the signal pair. The experiment was automatically carried out

results were gathered automatically by a program written for the QuickSig

environment. The result data were transferred into Matlab, where analysis

was performed.

5.1 Listening Test Results: Loudspeaker 1

Figure 18 summarizes the results of the listening tests for Loudspeaker 1

equalization experiments. The right hand side of the figure shows cumula-

tive per cent curves of inaudibility of differences between the reference and

the test tones, as computed form the subject's judgments, for the three

types of filters (FIR, WFIR, and WIIR) and pink noise excitation. The

4Music for Archimedes, CD B&O 101 (1992), track 5:4.0-5.5 sec.
5Best of Sade, CD: 01-477793-10 (1994)_ track 3: hnin19sec-lmin24.6sec
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ordinate is the filter order. The left hand side summarizes the distribution

limits, the median value, and the lower and upper quartiles (25 and 75 %

levels).
The results show that the distributions of test subjects' results are rel-

atively broad which is a consequence of an inhomogeneous listener panel.

Some of subjects were experienced analytic listeners while most didn't have

prior experience in a listening panel. A longer training prior to final ex-

periment could have made the test results more systematic.

Figure 18 shows that, if the order of filter as such is a criterion for

selecting the equalization scheme, the WIIR filters are found most compact
for the purpose. FIR and WFIR filters do not show substantial differences.

A useful criterion to select equalization filter order could be the upper

quartile (75 %) level of subject reactions. This means that for FIR, filters
an order of 80-90 is enough, for WFIRs 75, and for WIIRs 35 might be

sufficient, based on results of listening to pink noise. Other test signal

types, speech and music, were found to be less critical. Thus, pink noise

could be used as the ultimate test signal (for magnitude errors) unless a
more critical test signal is found.

To analyze further the listening test results of Fig. 18 we must compare

the equalization filters from the point of view of computational expense of

each filter type. The efficiency naturally depends on the hardware/software
environment at hand. If the performance data of Motorola 56000 or TMS

320C30, as discussed in the warped filter section above, are used, it turns

out that the FIR equalizers perform best, WIIRs are 2.5-3.5 times slower,

and WIIR filters are about 50 % slower. If the WIIR order is low enough so

that it can be expanded to unwarped direct form IIR, then it is definitely
the most efficient solution.

We can compare the results of spectral distance measures and listening
tests in order to see if these correlate. The filter order values of quartile

points from Fig. 18 are marked in Fig. 17 for such comparison. If objective

and subjective results were in good agreement, a quartile point (e.g., 75 %)
for the three filter types should correspond to the same value of spectral

distance. This is quite true for the comparison of WFIR and WFIR filters,

although the medians do not match as well, but the 75 % and 25 % quartiles

for FIR filter are severely out of line. Partly this may be due to the low

frequency response problems discussed above in the context of the spectral
distance measure.

From Fig: 17 it is difficult to argue why FIR filters performed so well,
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relatively, in the listening test. One possibility is that the spectral dis-

tance measure is not a good indicator of perceived equalization quality.

Another explanation might be that the problems with FIR filter design

made the corresponding listening experiment unreliable, which may also

be the reason to the exceptionally wide distribution of the subjects' re-

sponses. Further studies are needed to resolve this question.

5.2 Listening Test Resultst Loudspeaker 2

In another small set of listenings we tested how equalizations of Loud-

speaker 2 can be perceived. As can be concluded from Fig. 16, the devia-

tions from flat magnitude response are within zkl.SdB between the cut-off

frequencies, which is just slightly above the JND threshold. This was con-

firmed in listening experiments in anechoic chamber with the pink noise

test signal.

For other samples (a speech and a music sample) it was very difficult

to say if any differences could be detected between the original and any

high-order equalized response. We can draw a conclusion that equaliza-

tion helps but it may be questionable if it really is needed in a normal

case. Equalization is more useful, however, for the combined response of a

loudspeaker and a listening room.

6 PRACTICAL ISSUES AND DISCUSSION

There are many special questions and details that are important when de-

signing digital filters for loudspeaker response equalization. In this section

we will discuss some of them as well as further topics for research and

development.

6.1 Perception of Phase Equalization

The sensitivity of the hearing system to phase errors was discussed shortly

in section 3. We did not, include any equalization methods in our listening

tests which do accurate phase correction. Instead we carried out infor-

mal experiments to gain some insight in the importance of detailed phase

equalization.

We compared some equalizations using signal pairs where one was with

and another without phase equalization realized by FIR techniques. In the i
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case of Loudspeaker 1, using impulse-like test signals, we noticed that it is

difficult to compensate the relatively large group delay around the lower

cut-off frequency without creating other problems. The reason to this is

that additional bulk delay at other frequencies is resulted and, related to

it, kind of pre-echo or pre-hiss effect of ripple before the main response
that smears the transient response is very easily obtained. Even when the

design is careful for the axial response, off-axis responses may look worse.
Even a pre-echo of less than 5 ms in duration and much below the peak

response level may be noticeable. Thus the use of phase equalization should

be carefully weighted against its possible negative side-effects. For good
loudspeakers where the group delay distortion is below 1-2 ms (except

for low frequencies) the need of such equalization is questionable. For
lowest frequencies the direct sound is not perceived independently of room

resonance modes so that the group delay response of the whole system is
the decisive factor.

6.2 Target Response Design

One important filter design problem is to define a good target response.

An ideally flat magnitude response, from DC to Nyquist frequency, cannot
be achieved and attempting it may lead to totally useless results. The

most important aspect here is the low-frequency cut-off. For vented box

loudspeakers the relatively sharp fourth order highpass characteristics in-

troduce increased group delay in this frequency range. This could be coun-

teracted either by compensating the highpass by its inverse thus widening
the bandwidth downwards or using FIR techniques in order to delay higher

frequencies to match the low-frequency delay.

The first one of these techniques is out of question since such boost will

very easily overload the bass driver unit and increase nonlinear distortion.

A good strategy for choosing a target response is to follow the natural roll-
off below the cut-off frequency. For closed box loudspekers the situation
is somewhat different. A boost of bass frequencies of widening the band

downwards may be attractive is the bass driver is good enough from the

point of view of nonlinearities. The selection of the target response is
always a decision where all important quality factors must be balanced.

The second technique can be implemented with FIR filters of high

enough order using methods that realize both magnitude and phase equal-

ization [6]. The resulting excess bulk delay may be problematic in some
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