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ABSTRACT

When measuring acoustic room impulse responses a
known problem is the elimination of the influence of the
loudspeaker and microphone. A solution is to estimate
an inverse filter that flattens the spectrum of the transfer
function. This paper proposes a method for equalizing the
spectrum of the measuring system with a zero-phase para-
metric filter in order to eliminate the influence of the mi-
crophone and loudspeaker. At first the measured impulse
response is sectioned to extract the direct sound which
corresponds to the microphone and loudspeaker response.
The parameters for the inverse zero-phase filter are ob-
tained with a two stage optimization process: the first one
matches the spectral envelope and the second one matches
the octave band energy so that the resulting spectrum does
not alter the perceived sound in spatialization applications.
Tests are done to prove the efficiency of the filtration with
both room impulse responses and head-related impulse re-
sponses.

Keywords: zero-phase filtering, parametric equalizer,
impulse response correction.

1. INTRODUCTION

Acoustic impulse responses are essential for applications
in architectural acoustics, spatial audio, and virtual re-
ality [1]. A persistent challenge in obtaining accurate
measurements is the influence of non-ideal frequency re-
sponses from microphones and loudspeakers, which in-
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evitably color the measured responses [2]. These spec-
tral artifacts can significantly impact applications requir-
ing perceptual accuracy, such as auralization systems [3].

The frequency response characteristics of transducers
introduce spectral artifacts that do not belong to the acous-
tic space under investigation [4]. While sophisticated
measurement equipment can mitigate some of these ef-
fects, the complete elimination of transducer influence re-
mains a challenging problem in acoustics. In room acous-
tics and spatial audio applications, preserving the tempo-
ral structure of impulse responses is particularly crucial.
Parameters like initial time delay gap, reflection patterns,
and reverberation time directly influence spatial percep-
tion and require phase preservation for accurate analy-
sis [5].

Zero-phase equalization maintains these temporal re-
lationships intact while still compensating for spectral
colorations, effectively isolating the acoustic properties
of the measured space from the measurement system’s
transfer function. State-of-the-art techniques include FIR-
based linear-phase equalizers [6], which inherently pre-
serve phase linearity while enabling precise amplitude
equalization. Contemporary studio monitors integrate ad-
vanced DSP algorithms [7] that utilize both FIR and IIR
filters to simultaneously address amplitude and phase dis-
tortions. Kautz filters represent another sophisticated ap-
proach tailored for audio equalization, supporting direct
least squares optimization for high-precision equalization
of loudspeaker and room responses.

However, several challenges remain. The efficacy
of equalization filters depends heavily on the precision
of impulse response measurements, with inaccurate or
noisy measurements potentially leading to erroneous fil-
ter designs. Zero-phase equalization, particularly with
long-tap FIR filters, imposes significant computational de-
mands. Additionally, the dynamic nature of acoustic en-
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vironments presents challenges for static equalization fil-
ters, as changes in room geometry or listener position can
alter acoustic responses [7].

This paper presents a method for equalizing the spec-
trum of the measuring system using zero-phase parametric
filtering to eliminate transducer influence while preserv-
ing temporal characteristics. Our approach uses a two-
stage optimization process: first matching the spectral en-
velope, then matching octave band energy to maintain per-
ceptual fidelity in spatial applications.

The paper is structured as follows. Section 2 for-
mulates the mathematical framework for impulse re-
sponse measurement and details our methodology for di-
rect sound extraction and parametric filter design. Section
3 presents the zero-phase implementation approach, opti-
mization process, and algorithm design. Section 4 demon-
strates experimental results from room impulse responses
and head-related transfer functions. Section 5 offers con-
clusions and contextualizes our findings within acoustic
measurement techniques.

2. PROBLEM FORMULATION

Let us consider a measurement system for acquiring
acoustic impulse responses, consisting of a loudspeaker,
a microphone, and the acoustic environment under test.
The measured discrete impulse response hpyeas(n) can be
expressed as the convolution of multiple subsystem re-
sponses:

hmeas(n) = hls(n) * hrocm(n) * hmic(n)v (1)

where hjs(n) represents the loudspeaker impulse re-
sponse, Nyoom(n) the actual room impulse response, and
hmic(n) the microphone impulse response [4]. In the fre-
quency domain, this relationship becomes multiplicative:

Hmeas (ejw) = Hj, (ejw)  Hroom (ejw) - Hpic (ejw) . (@

The objective of measurement system equalization is
to extract Hyoom (ef “’) by compensating for the transducer
responses:

jw
. Hneas (6] )
Hls (ejw) ) Hmic (ejw)
However, direct inversion presents several chal-

lenges. The combined transducer response given by
Higans (67°) = Hg (67) + Hypic (€7*) typically exhibits

Hroom (€7) 3
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spectral nulls at certain frequencies, making naive inver-
sion numerically unstable [8].

The temporal structure of hgem(n) is critical for
acoustic characterization, containing essential informa-
tion about reflections, reverberation decay, and spatial
cues [1]. Conventional equalization filters with non-linear
phase responses distort this temporal structure, compro-
mising both spatial localization and derived acoustic pa-
rameters such as reverberation time (7§() and clarity index
(Cso) [5].

For head-related transfer functions (HRTFs), the sit-
uation is particularly demanding as interaural time differ-
ences and spectral cues are the primary localization mech-
anisms, requiring phase-preserving equalization [9].

We therefore establish the following criteria for effec-
tive measurement system equalization:

The equalization filter must flatten the magnitude
response within (fiin, fmax)-

The filter must preserve the temporal structure, im-
plying a zero-phase characteristic.

The equalization must be robust against measure-
ment noise and numerical instabilities.

The perceptual characteristics should remain con-
sistent with the actual acoustic environment.

To address these requirements, we propose a zero-
phase parametric equalization approach that isolates the
direct sound component and applies a two-stage opti-
mization process: first matching the spectral envelope,
then preserving octave-band energy distribution. This ap-
proach avoids instabilities at spectral nulls while main-
taining temporal relationships crucial for spatial audio ap-
plications.

3. FILTER ESTIMATION ALGORITHM

The measurement of the impulse response in obtained by
using the exponential sweep method [2]. The first step is
to create a zero-phase parametric equalizer with the trans-
fer function Heq (ej ‘*’) that equalizes the spectrum of the
measurement system between angular frequencies wpin
and Wpyax:

Hineas (ejw) - Heq (ejw) ~ Hioom (ejw) ) 4)

withw € (wmin, Wmax)-
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To obtain the zero-phase filter we use the cascaded
forward-backward filtering of the measured impulse re-
sponse as presented in Fig. 1, where Hyq (2) is the para-
metric equalizer transfer function, hy(n) is the forward
filtered signals, hy(n) is the backward filtered signal and
N is the length of the impulse response. The two “Re-
verse” blocks are used for temporal reversal of the sam-
ples. After a series of calculations we obtain the frequency
response of the output of the filtering process as:

2

Hioom (ejw) ~ Heas (ejw) : |Hpeq (ejw)’ . Q)
hﬂleﬂs n h h N_
_(2 HPeq (Z) f(n): Reverse f( n)
hroom (n) h
<+—— Reverse ‘ﬁb (n) HPeq (Z)

Figure 1. Cascaded zero-phase parametric equalizer
block schematic.

The equalization of the measurement system is done
in two steps. At first we equalize the speaker response
with the algorithm described in Fig. 2. Since we want to
separate it from the microphone response, we measured
the speaker response in isolation with a calibrated mea-
surement microphone that has a flat spectrum. The mea-
sured speaker spectrum is then 1/3 octave smoothed and
the initial gains for the parametric EQ are determined at
the central frequencies. An 1/3 octave bandpass filter is
then applied in order to extract the energy on each sub-
band and the results are compared to the ideal response
bandpass energy.

All gain values are determined in dB and if the mean
absolute gain for all the subbands is greater than a prede-
fined threshold, err, the new gains are estimated and the
process is repeated. We implemented the equalization by
comparing the 1/3 octave energy for two reasons: the oc-
tave energy better describes the perception of the human
hearing apparatus; in spatialization applications the im-
pulse response of the system should not affect the energy
in each band.

The second equalization is done on the microphones
used for measuring the HRTFs. The basic algorithm is
very similar to the one in Fig. 2, where instead of the

Measured speaker
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|
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Figure 2. Speaker equalization algorithm.

speaker response we use the ideal response and instead of
the ideal response we use the gains defined in the micro-
phone datasheet. After we determine the parameters for
both the speaker and microphone equalization filters we
cascade the two filters and apply them to measured head
related impulse responses.

4. RESULTS

The measurement system we used is similar to the one de-
scribed in [10]. The speaker used was a M-Audio BX8a
studio monitor and the recording was done with binaural
recording microphones from Briiel&Kjer type 4101 con-
nected to a type 2250 Sound Level Meter that records at
sample rate 48 kHz. Since the speaker response is be-
tween 150 Hz and 20 kHz we chose the minimum and
maximum frequencies for the parametric equalizer and the
octave bandpass filters as f,,,;, = 160 Hz and f,,4, = 16
kHz. The parametric equalized is composed of second
order, 1/3 octave bandwidth peak filters connected in cas-
cade. The equalization of the speaker was done so that
the mean absolute difference between the ideal response
and the equalized response is smaller than 0.1 dB. We
used the mean absolute value because for some frequen-
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cies the speaker response has a large attenuation, therefore
we would not want to force equalization on frequencies
that the speaker cannot reproduce.

The equalization of the speaker is presented in Fig. 3,
where we notice that the filtered response with the deter-
mined parametric equalizer is flat in the frequency interval
of interest.

The algorithm is then applied to the measured head
related impulse responses and the equalization is done ac-
cording to the datasheet of the microphones.

purpose of the filter is to minimize the alteration of the
phase in room impulse response measurements and head
related impulse responses when using imperfect equip-
ment. The results suggest that the filter can be suc-
cessfully applied both in HRTF measurements and room
equalization applications. Further development is needed
to test the equalized impulse responses in subjective tests
to confirm their quality in sound localization applications.

T
= = =Origial spectrum
———Equalized spectrum

Magnitude [dB]

10°

Frequency [Hz]

Figure 3. The result of the equalization. Dotted line
- the original speaker spectrum. Solid line - the trans-
fer function after equalization.

To further test if the zero-phase filtering is effective
we calculated the difference between the original impulse
response and the equalized impulse response phases and
obtained a maximum difference of 0.024 rad, which is less
that 1.5°. The oscillations in phase difference can be at-
tributed to numeric errors from calculating the phase, and
we can conclude that the phase shift for the proposed filter
is close to zero.

The same results were obtained after applying the al-
goritm to a room impulse response. The measured transfer
function was first 1/3 octave smoothed and applied to the
algorithm. The phase difference obtained after filtering
was of 0.045 rad.

5. CONCLUSIONS

This article presented a zero-phase implementation of a
parametric equalizer used to reduce the influence of loud-
speakers and microphones in impulse response measure-
ments that can be used in spatialization applications. The
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