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A Low-Complexity Linear-Phase Graphic Audio
Equalizer based on IFIR Filters

V. Bruschi, S. Nobili, A. Terenzi, S. Cecchi, Member, IEEE

Abstract—Digital audio equalization is a very common pro-
cedure in the acoustic field that allows to improve the listening
experience by adjusting the auditory frequency response. The de-
sign of graphic equalizers introduces several problems related to
the necessity of implementing high performing filters with linear
phase, usually characterized by high computational complexity.
This paper proposes an innovative linear-phase graphic equalizer
based on interpolated finite impulse response (IFIR) filters. IFIR
filters seem to be suitable for a graphic equalizer thanks to their
properties. In fact, they can reach very narrow transition bands,
however with low computational complexity and linear phase,
avoiding ripple between adjacent bands. The proposed IFIR
equalizer has been compared with some state-of-the-art methods
in terms of frequency response, distortion and computational
cost. The experimental results have proved the effectiveness of
the proposed equalizer, that has shown a considerable reduction
on the computational complexity, meanwhile preserving the
performances in terms of audio quality.

Index Terms—audio equalization, audio systems, digital filters,
digital signal processing, graphic equalizer, IFIR filters, linear
phase

I. INTRODUCTION

Equalization is a common process for sound reproduc-
tion that improves the listening experience by boosting

or attenuating particular bands of the frequency spectrum.
Graphic equalizers, so called because the sliders positions
define a graph of the amplitude response, are commonly used
[1]. This type of equalizer allows to adjust the gain in all
the bands, maintaining the center frequencies and the quality
factor, i.e., the ratio between the center frequency and the
bandwidth, fixed. FIR filters are usually used to implement
graphic equalizer as they ensure a linear phase. However,
in all those cases where is required a high resolution of
filters, the number of taps of FIR filters grows enormously.
To improve the computational cost, a graphic equalizer using
the fast convolution where the FIR filtering is implemented as
a complex multiplication has been proposed in [2]. To reduce
latency, Kulp has proposed [3] to divide the impulse response
into segments and this method is quite efficient, as only one
inverse FFT is needed if all the segments have the same length.
In the literature, a large number of digital equalizers based on
multirate filter-banks can be found. In [4], a tree structured
filter-bank has been employed for a five band equalizer.
The main problem of this structure lays in the delay that
grows exponentially with the number of subbands. In [5], a
digital filter-bank has been designed using frequency masking
technique. This approach is greatly computationally efficient,
but the delay becomes very large with stricter constraints. In
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[6], the Remez algorithm is applied in order to design filters of
an 11-band linear-phase digital audio equalizer. The filters are
calculated iteratively until reaching acceptable values of the
deviation error. Therefore, this procedure requires a too high
computational complexity. In [7], a linear-phase FIR equalizer
based on multirate systems has been proposed and its real-time
implementation has been presented in [8]. In particular, a near
perfect reconstruction (NPR) cosine modulated filters bank [9]
has been applied to audio fixed equalization. This approach
has shown good performances, but a high computational cost.
The system of [7] has been optimized in [10], [11] introducing
IIR filters in order to reduce the computational complexity.
Another graphic equalizer based on IIR filters is proposed
in [12], which implements the cascade of second-order peak
filters. However, these techniques do not guarantee a linear
phase due to the IIR filters characteristics.

Focusing on the interpolated FIR (IFIR) filters, these filters
achieve phase linearity and other strict design specifications,
as small ripple and narrow transition bands, at moderate
computational cost [13]. For this reason, they seem to be
perfect for the construction of a computationally efficient
graphic audio equalizer that overcomes the typical drawbacks
described above. In [14], a method for small room equaliza-
tion is proposed and a single IFIR filter is applied to the
low frequencies. Instead, in [15], IFIR approach is applied
for the realization of a graphic equalizer, but the presented
tree structure cannot be automatically deployed considering a
different number of bands.

In this paper, an innovative graphic equalizer based on
IFIR filters is proposed considering a filter-bank structure.
The main advantages of the proposed equalizer, which exploits
IFIR filters, are: very narrow transition bands avoiding ripple
between adjacent bands, low computational complexity and
linear phase. Furthermore, the proposed structure and its at-
tributes allow to design the filters once at first and change just
the gains during the listening experience, avoiding continuous
design of the filters.

The paper is organized as follows. Sec. II describes the
design of the IFIR filter-bank. Sec. III shows the obtained re-
sults compared with some state-of-the-art equalizers, including
through analysis on the computational complexity. Finally, in
Sec. IV the conclusions are reported.

II. IFIR FILTER-BANK DESIGN

The proposed equalizer based on filter-bank structure is
designed using IFIR filters that are composed of a cascade
of two FIR filters [9]. The first FIR is designed from the
model filter F (z) applying an upsampling by a factor L,
while the second FIR G(z) is called interpolator which is
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Fig. 1. Proposed equalizer scheme. The input signal x is filtered by C =
dM/2e filters Fi(z) interpolated by a factor Li, with i = 1, ..., C. The
output of Fi(z) is the same for the i-th and the (M − i + 1)-th band. Then
the filters Gm(z), the gains gm and the delays ∆m are applied to each band,
with m = 1, ...,M . The final output y is computed as the sum of the signal
of each band.

designed to attenuate the unwanted copies of F (z), due to the
interpolation procedure. In the literature, several methods for
the FIR filters design can be found. Some of the most classical
techniques are the windowing approach [16] and the Parks-
McClellan algorithm [17]. Other more recent methods allow
to guarantee better performances and more control on the filter
parameters, as discussed in [18], [19]. In this paper, the FIR
filters F (z) and G(z) are designed using the Parks-McClellan
algorithm [20], which allows to determine the order of the
filter, knowing the specifications on the cut-off frequencies and
ripples amplitude. IFIR filters ensure a lower computational
cost and a narrower transition band than the simple FIR filters.
In Fig. 1, the complete IFIR filter-bank scheme is reported,
considering the model filter Fi(z), the interpolation factor Li,
the interpolator Gm(z), the assigned gain gm and the applied
delay ∆m of the m-th band, with m = 1, ..., C, ...,M , i = m
for m ≤ C and C = dM/2e, where M is the number of
bands. The filters must be designed in pairs (the first with the
last, the second with the second-to-last and so on), except for
the central one. In fact, for each pair only a filter F (z) is
employed. The first and the last band consist of a low-pass
and a high-pass filters, respectively, while the central bands
consist of band-pass filters. In the following sections, the entire
construction of the IFIR filter-bank is explained in detail.

A. First and last band of the equalizer

The first and the last band are obtained from the same filter
F1(z). The normalized cut-off frequencies of the first low-pass
filter are computed as follows:

ωp,1 =
π

M
− β∆ω, (1)

ωs,1 =
π

M
+ (1− β)∆ω, (2)

where M is the total number of subbands, ∆ω is the transition
band and β is a parameter which can take values from 0 to 1
and establishes the overlap between nearby bands. Considering
the Fig. 1, the filter F1(z) is a FIR filter with the following
specifications:

F1(z) :

{
ωFp,1 = L1ωp,1, δFp =

δp
2

ωFs,1 = L1ωs,1, δFs = δs
, (3)

where δp and δs are the ripple in pass-band and stop-band
respectively and the interpolation factor L1 is the even value
closest to Lopt, obtained as follows:

Lopt =

⌊
2π

ωs,1 + ωp,1 +
√

2π(ωs,1 − ωp,1)

⌋
. (4)

The interpolated filter F1(zL1) narrows the bandwidth of the
low-pass filter and creates several images including a high-
pass one, that defines the last band of the filter-bank, with the
following cut-off frequencies:

ωp,M =
π(M − 1)

M
+ β∆ω, (5)

ωs,M =
π(M − 1)

M
− (1− β)∆ω. (6)

Finally, the two filters G1(z) (low-pass) and GM (z) (high-
pass) are computed as follows:

G1(z) :

{
ωGp,1 = ωp,1, δGp =

δp
2

ωGs,1 = 2π
L1
− ωs,1, δGs = δs

. (7)

GM (z) :

{
ωGp,M = ωp,M , δGp =

δp
2

ωGs,M = π − 2π
L1

+ ωs,1, δGs = δs
. (8)

B. Intermediate bands of the equalizer

The intermediate bands are characterized by band-pass
filters with the following cut-off frequencies:

ωsj,m =
π(m− 2 + j)

M
+ (−1)j(1− β)∆ω, (9)

ωpj,m =
π(m− 2 + j)

M
+ (−1)j+1β∆ω, (10)

where m = 2, ...,M−1 and j = 1, 2 indicating the first and
the second transition band respectively. Also in this case the
interpolation factor Lm for m < C, is the even value closest
to Lopt, obtained by the Eq. (4) considering the frequencies
ωp2,m and ωs2,m. As mentioned before, the filters are designed
in pairs (the second with the second-to-last and so on) and for
each pair a band-pass filter Fi(z) is defined as follows:

Fi(z) :


ωFs1,i = Liωs1,i, δFs = δs

ωFp1,i = Liωp1,i, δFp =
δp
2

ωFp2,i = Liωp2,i, δFp =
δp
2

ωFs2,i = Liωs2,i, δFs = δs

, (11)

where i = 2, ..., C−1. For each band a filter Gm(z) is applied,
as shown in Fig. 1. These filters are designed as low-pass filters
for the first half of the filter-bank and as high-pass filters for
the second one, as follows:

Gi(z) :

{
ωGp,i = ωp2,i, δGp =

δp
2

ωGs,i = 2π
Li
− ωs2,i, δGs = δs

, (12)

Gk(z) :

{
ωGp,k = π − ωp2,i, δGp =

δp
2

ωGs,k = π − 2π
Li

+ ωs2,i, δGs = δs
, (13)

where i = 2, ..., C − 1 and k = M − i+ 1.
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Fig. 2. (i) Magnitude response of the comparison between (a) the FFT equalizer, (b) the equalizer of [7] with Np = 1296 and (c) the proposed equalizer
considering M = 9 bands and gain = [14 18 6 10 6 15.5 9.5 14 19] dB. (ii) Zoom on the transition of the fourth band of the previous comparison. (iii)
Unwrapped phase response of the three considered equalizers.
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Fig. 3. Comparison between (a) the FFT equalizer, (b) the equalizer of [7]
with Np = 1344 and (c) the proposed equalizer considering M = 21 bands
and gain = [14 18 6 10 6 15.5 9.5 14 19 14 18 6 10 6 15.5 9.5 14 19 14
18 6] dB.

C. Central band of the equalizer

The central band is obtained from a low-pass filter FC(z)
and an interpolation factor multiple of 4. The cut-off frequen-
cies of the central filter are obtained following the Eq. (9)-
(10) considering m = C. The interpolation factor LC is the
multiple of 4 closest to Lopt and less than Lopt, obtained
following the Eq. (4) considering the frequencies ωp2,C and
ωs2,C . The low-pass filter FC(z) is designed following the
equation:

FC(z) :

{
ωFp,C = LC(π2 − ωp1,C), δFp =

δp
2

ωFs,C = LC(π2 − ωs1,C), δFs = δs
. (14)

Finally, the band-pass filter GC(z) is designed as follows:

GC(z) :


ωGs1,C = π − 2π

LC
− ωs1,C , δGs = δs

ωGp1,C = ωp1,C , δGp =
δp
2

ωGp2,C = ωp2,C , δGp =
δp
2

ωGs2,C = 2π
LC

+ ωs1,C , δGs = δs

. (15)

D. Delay computation

The filters of the IFIR filter-bank have different lengths,
so a delay is applied on each band. The delay of the m-th
band introduced by the filtering process can be calculated as
follows:

τm =
(Λm − 1)Lm + Γm − 1

2
, (16)

with m = 1, ...,M . Λm is the length of the m-th filter F (z),
Γm is the length of the m-th filter G(z) and Lm is the m-
th interpolation factor, considering that for m > C the filters
F (z) and the respective interpolation factor Lm are the same
as those defined for m < C, in accordance with the scheme
of Fig. 1. The delay that must be applied for each band is
computed as ∆m = τMAX− τm, where τMAX is the maximum
delay among all bands.
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Fig. 4. Comparison between (a) the FFT equalizer, (b) the equalizer of [7]
with Np = 1364 and (c) the proposed equalizer considering M = 31 bands
and gain = [14 18 6 10 6 15.5 9.5 14 19 14 18 6 10 6 15.5 9.5 14 19 14
18 6 10 6 15.5 9.5 14 19 14 18 6 10] dB.

III. EXPERIMENTAL RESULTS

For the experimental tests, three different filter-banks have
been designed varying the value of M , i.e., number of bands,
with M = 9, M = 21 and M = 31. The proposed equalizer
has been compared with the FFT-based equalizer [2], with the
subband equalizer of [7], with the IIR equalizer of [12] and
with the equalizer of [15] also based on IFIR. The parameters
chosen for the proposed IFIR filter-bank are the following:
transition band ∆ω = 0.005π, β = 0.53, pass-band ripple
δp = 0.000575, stop-band attenuation δs = 0.001. The
filter-bank of the FFT-based equalizer [2] has been designed
imposing the same parameters of the proposed equalizer.
The only difference is that each band is characterized by a
single FIR filter designed with the Parks-McClellan algorithm
[20]. Moreover, an FFT length of NFFT = 4096 has been
selected. For the subband equalizer of [7], the prototype filter
length Np has been chosen in order to obtain performances
comparable to the proposed equalizer, so Np = 1296 when
M = 9, Np = 1344 when M = 21 and Np = 1364 when
M = 31. The IIR equalizer of [12] has been computed using
10 peak/notch filters [21] for each band. In addition, also the 9-
bands uniform equalizer of [15] has been considered, since it is
based on IFIR filters. The approach of [15] is different from the
proposed one and it is based on a tree structure built starting
from a model filter and appropriate interpolation factors. For
the comparison, two different lengths have been chosen for
the model filter, Nh = 13 and Nh = 161, respectively.

For the proposed approach, the filters have been designed
with double precision coefficients, avoiding quantization er-
rors, since wordlengths greater than 16 bits do not degrade
filters performance [22]. The comparison has been carried out
considering a sampling frequency fs = 48 kHz and evaluating
the frequency magnitude response, the distortion index (DI)
and the ripple, both reported in Table I, and the computational
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Fig. 5. Number of multiplication per input sample for each band in the case of (i) M=9, (ii) M=21 and (iii) M=31, comparing (a) the FFT equalizer, (b) the
equalizer of [7], (c) the IIR equalizer of [12], (d) the IFIR equalizer of [15] with a model filter length of Nh = 13, (e) the IFIR equalizer of [15] with a
model filter length of Nh = 161 and (f) the proposed IFIR equalizer.

TABLE I
DISTORTION INDEX AND RIPPLE EVALUATION

Equalizer M=9 M=21 M=31
DI Ripple DI Ripple DI Ripple

FFT-based [2] 0.9161 0.0881 0.9172 0.0878 0.9167 0.0886
Subband of [7] 0.9960 0.0043 0.9962 0.0042 0.9966 0.0043

IIR of [12] 0.9743 0.0419 0.9996 0.0159 0.9971 0.0134
IFIR of [15] Nh=13 1.0000 4.44e-16 - - - -

IFIR of [15] Nh=161 1.0000 4.99e-16 - - - -
Proposed 0.9988 0.0061 0.9993 0.0069 0.9998 0.0087

cost, shown in Fig. 5. The distortion index has been defined
as follows:

DI =
max |T (ejω)|+ min |T (ejω)|

2
, (17)

where T (z) is the frequency response of the equalizer between
100 Hz and 23900 Hz, normalized for the value of the gain
that is the same (10 dB) for all the bands. The DI evaluates the
amplitude distortion of the frequency response and it should
take values close to 1. Instead, the ripple has been calculated
under the same conditions, but considering the difference
between the maximum and the minimum of T (z). Finally,
the computational cost of the proposed equalizer has been
evaluated in terms of number of multiplications Σm for each
band, computed as follows:

Σm =

{
Λm + Γm for m ≤ C
Γm for m > C

, (18)

where Λm and Γm are the length of the m-th filters F (z) and
G(z), respectively. As shown by the Eq. (18), the filter F (z)
is considered only in the first half of the filter-bank. Analyzing
the obtained results, the FFT-based equalizer of [2] presents
the worst performances in terms of magnitude response (see
Fig.s 2-4), DI and ripple. However, the computational cost
of [2] is comparable with the average cost of the proposed
equalizer in terms of multiplications. The subband equalizer of
[7] has a magnitude response similar to the proposed equalizer
(see Fig.s 2-4) and both the DI and the ripple are slightly
smaller than the proposed method, but the computational cost
is extremely high. The IIR based equalizer of [12] has the
lowest computational cost and exhibits a DI very close to 1,
similar to the DI of the proposed equalizer, despite a large
value of the ripple. However, this is the only equalizer that
does not guarantee a linear phase response due to the IIR
characteristics. The 9-bands IFIR equalizer of [15] has been
considered in the case of Nh = 13 and Nh = 161, where
Nh is the length of the model filter. Looking at Table I, it
seems the best performing when the same gain is applied to all
bands. However, the transition bands are not very narrow when

TABLE II
DELAY AND SLOPE EVALUATION

Proposed Equalizer of [15] Equalizer of [15]
Band Equalizer Nh=13 Nh=161

m Delay Slope Delay Slope Delay Slope
[samples] [%] [samples] [%] [samples] [%]

1 761 18.19 90 1.22 1200 16.43
2 731 -48.94 66 -3.40 880 -44.91
3 735 18.61 78 1.35 1040 16.44
4 760 -18.69 78 -1.18 1040 -16.70
5 758 40.05 84 2.82 1120 35.67
6 760 -27.58 78 -1.85 1040 -24.66
7 735 19.53 78 1.40 1040 18.31
8 731 22.66 66 1.59 880 20.26
9 761 - 90 - 1200 -

different gains are applied. This is a very important aspect
since a high transition slope allows an accurate control of each
individual band [23]. Steeper transition bands can be obtained
choosing a longer model filter, increasing the delay and the
computational cost. Table II reports the values of the slope
of each transition band when the same gains of Fig. 2(i) are
applied and the delay τm, comparing the proposed equalizer
with [15]. The slope is calculated as the percentage value of the
derivative of the magnitude curve (in dB) in correspondence
of the center of the transition band. When the model filter is
short, the equalizer of [15] presents a very small delay for each
band, but the transition slope is too low. On the other hand,
a filter length of Nh = 161 allows to obtain slope values
similar to the proposed equalizer, but the delay dramatically
increases. Moreover, also the computational cost raises with
the filter length, as shown in Fig. 5(i).
To sum up, the proposed equalizer appears to be the best

one reaching excellent values of DI and ripple and narrow
transition bands, guaranteeing a low computational cost and
a limited delay, maintaining a linear phase response, also
increasing the bands number. More objective results can be
found in [24]. Informal listening tests have also been carried
out to evaluate perceptive effect of equalization. All involved
subjects have reported positive comments on the perceived
sound confirming the validity of the proposed approach.

IV. CONCLUSIONS

In this paper, an M-band uniform equalizer based on IFIR
filters has been presented. The proposed method has been com-
pared with other state-of-the-art equalizers. The experimental
results have proved the effectiveness of the proposed IFIR
equalizer that has reached great performances comparable
to the state-of-the-art methods, showing extremely narrow
transition bands and requiring a low computational cost. Future
works may include a real-time implementation of the proposed
equalizer for real-world experiments.
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