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ABSTRACT

This paper proposes a low-latency quasi-linear-phase octave
graphic equalizer. The structure is derived from a recent linear-
phase graphic equalizer based on interpolated finite impulse re-
sponse (IFIR) filters. The proposed system reduces the total la-
tency of the previous equalizer by implementing a hybrid structure.
An infinite impulse response (IIR) shelving filter is used in the
structure to implement the first band of the equalizer, whereas the
rest of the band filters are realized with the linear-phase FIR struc-
ture. The introduction of the IIR filter causes a nonlinear phase
response in the low frequencies, but the total latency is reduced
by 50% in comparison to the linear-phase equalizer. The proposed
graphic equalizer is useful in real-time audio processing, where
only little latency is tolerated.

1. INTRODUCTION

Graphic equalizers (GEQs) are widely used in audio field due to
their usability [1, 2, 3]. GEQs have a fixed center frequency, a
fixed bandwidth and a variable gain for each band [4] and they are
so called because the gain sliders positions define a graph of the
magnitude response.

GEQs can be classified as minimum-phase or linear-phase
equalizers. The former has the smallest possible latency and does
not produce pre-ringing artifacts since the impulse response of the
EQ is zero before the main spike, whereas the latter retains the
original phase of the signal [5] and does not produce phase distor-
tions that might cause undesired audible effects. For these char-
acteristics, minimum-phase GEQs are highly usable for live music
applications where the latency is a key aspect, while linear-phase
GEQs are suitable for those applications where the phase response
can affect the perception of the audio system such as multichannel
equalization [6], speech processing [7], parallel processing, phase
compatibility of audio equipment, and crossover network design.

Starting from this classification and focusing on GEQs imple-
mentations, minimum-phase equalizers are traditionally developed
as a set of infinite impulse response (IIR) filters connected either
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in cascade [8, 1, 9, 10] or parallel [1, 11, 12, 13]. A recent im-
plementation based on second-order IIR sections (a.k.a. biquads)
has been presented in [14, 10, 13] showing good results in terms
of accuracy and computational complexity. On the other hand,
linear-phase GEQs can be realized by FIR filters [3] that allow for
an arbitrary phase response and an implementation that does not
suffer from numerical problems, which may require attention in
IIR filter implementations [15].

Digital FIR GEQs have existed since the 1980s [16, 17, 18],
and similarly to IIR GEQs, the parallel structure is an option
[16, 17, 19]. An FIR GEQ can be implemented as a single high-
order filter that is used to approximate the target frequency re-
sponse specified by the user [19]. This operation can be based
on the interpolation of the target curve [18, 20], which is not a
trivial task due to the fact that the EQ target curve is not well-
defined between the command-gain points. Furthermore, the filter
length determined by the lowest band could reach several thou-
sand of samples in order to accurately match the target response at
low frequencies [18, 21, 22, 23]. Finally, the single FIR may need
to be redesigned completely whenever a gain is modified, requir-
ing additional computational effort, which is unsuited for real-time
modifications of the target response.

Facing the main problem of the computational complexity re-
duction, several methods can be found in the literature. For exam-
ple, frequency-warped FIR filters [24, 25] can be used to shorten
the filter lengths especially at low frequencies. However, due to the
implementation of the warping function based on IIR transforma-
tion, this method produces a non-linear phase response. Another
approach is the fast convolution method [26, 27, 28, 29, 30] that
is based on fast Fourier transform (FFT) to ensure computational
efficiency. In particular, the equalization is obtained applying the
inverse Fourier transform to the complex multiplication of the dis-
crete Fourier transforms of the signal and the filter’s impulse re-
sponse. The signal is processed in frames causing much latency,
but the FFT-based processing allows for a linear phase response
[28].

Aiming at a linear-phase and computational efficient GEQs
equalizer, multirate processing can be applied [17, 18, 31, 22]. In
this case, the GEQs is realized as a filter bank with different sample
rate for each band (i.e., the highest frequency band uses the largest
sample rate, whereas the lowest frequency band uses the slowest
rate) and, after the filtering, all bands are upsampled back to the
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Figure 1: Scheme of the proposed graphic equalizer.

original sample rate and summed together.
A different FIR GEQ was proposed by Hergum in [32], where

the equalizer is obtained through the application of interpolated
FIR filters [33]. Recently, the IFIR theory has been used also in
[34] for the implementation of an uniform graphic equalizer. An
IFIR filter is composed by the cascade of two FIR filters. The first
filter is interpolated by a proper factor producing a periodic fre-
quency response, while the second filter is applied to attenuate the
unwanted images [33]. The main advantage of the IFIR filters is
that they guarantee a linear phase with a low computational com-
plexity and small ripple. In fact, the implementations of [32, 34]
show excellent results with a reduces computational cost, however
the audio frequencies are divided in equal bands, contrary to stan-
dard GEQs which use a logarithmic band division [3]. For this
reason, the approach of [34] has been improved in [35] obtaining
a linear-phase octave graphic equalizer based on the IFIR philoso-
phy. In particular, a tree structure built on an FIR lowpass halfband
filter is proposed to obtain an octave-band division.

In this paper, a hybrid structure for a quasi-linear-phase
graphic equalizer is proposed. The proposed equalizer exploits
the existing octave-band structure based on IFIR filters of [35] and
introduces an IIR filter to model the first band of the equalizer, in
order to reduce the total latency of the system. In particular, the
first band is obtained by the design of an eighth order low-shelving
filter. Experimental results show that the proposed equalizer re-
duces the latency by half, maintaining excellent performances in
terms of accuracy.

The paper is organized as follows. Section 2 describes the
structure of the proposed hybrid graphic equalizer. Section 3
shows the experimental results analyzing the effectiveness of the
proposed system. Finally, Section 4 reports the conclusions.

2. PROPOSED EQUALIZER

The proposed octave equalizer has the following ten band center
frequencies, or command frequencies: 31.25 Hz, 62.5 Hz, 125 Hz,
250 Hz, 500 Hz, 1.0 kHz, 2.0 kHz, 4.0 kHz, 8.0 kHz, and 16.0 kHz.
The bands are numbered from lowest to highest using index m =
1, 2, 3, ..., 10 and each mth band presents a desired dB-gain Γm =
20 log10(gm), chosen by the user. A sample rate of fs = 48 kHz
has been used in this design.

The scheme of the proposed equalizer is shown in Fig. 1. The
total structure is obtained combining IIR and FIR filters. In partic-
ular, the input signal x(n) is filtered by an eighth-order IIR low-
shelving filter that designs the first band of the GEQ. Then, the
output of the IIR part yIIR(n) is filtered by the IFIR filterbank that
implements M = 9 bands, from the second to the tenth, using our
recently proposed structure [35].

2 shows the magnitude response of the IIR filter HIIR(z), of
the IFIR filterbank with M = 9 and of the total equalizer with a
zigzag command setting (±12 dB). In the figure, the red circles
correspond to the desired gain of each mth band gm at the related
center frequency. The design of the IIR filter and of the IFIR fil-
terbank is explained below.

(a)

(b)

Figure 2: Magnitude responses of (a) the IIR part of the equalizer
and the IFIR part and (b) the total proposed hybrid equalizer after
the gains computation with the zigzag configuration (±12 dB).

2.1. IIR equalizer

The first band of the equalizer is obtained through a 8th-order low-
pass IIR shelving filter, that is designed following the implemen-
tation of [36]. The order of the IIR filter is defined as P = 8 and
the gain is set to

Γ = Γ1 − Γ2, (1)

where Γ1 and Γ2 are the desired dB-gains of the first and the sec-
ond band, respectively. The gain of the second band is subtracted
to restore the low-frequencies gains to zero, since the second band
is designed as a lowpass filter in the IFIR structure. The linear
value of the IIR filter gain is defined as g = 10Γ/20.

In this paper, for the design of the shelving filter, the normal-
ized digital cutoff frequency is set to the geometric mean of the
neighboring center frequencies, that is,

ΩC =
√
ΩUΩL, (2)

where ΩL = 2π · 31.25/fs and ΩU = 2π · 62.5/fs, respectively.
This results in a cutoff frequency in Hertz of approximately 44 Hz
that corresponds to the center point between the two first center
frequencies on a logarithmic axis. The transfer function of the
low-shelving IIR filter HIIR(z) comprises cascade second-order
sections, and it is obtained as

HIIR(z) =

P/2∏
i=1

(
1 + 2V

K

(
K+ci+2Kz−1+(K−ci)z

−2
)

1+2Kci+K2+(2K2−2)z−1+(1−2Kci+K2)z−2

+ V 2 K2
(
1+2z−1+z−2

)
1+2Kci+K2+(2K2−2)z−1+(1−2Kci+K2)z−2

)
,

(3)
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Figure 3: IFIR GEQ structure implementing the bands from the second to the tenth is a modification of a previous 10-band GEQ [35].

where V = P
√
g − 1 and ci = cos (αi), with

αi =

(
1

2
− 2i− 1

2P

)
π. (4)

Looking at Equation (3), the three terms of the product describe
a unique second-order section, since the denominators of the
second-order terms are identical. The constant K is used to
map the desired digital cutoff frequency ΩC to the analog one
ωC = 2P

√
g and it is computed as

K =
1

2P
√
g
tan

(
ΩC

2

)
. (5)

The magnitude frequency response of the 8th-order low-
shelving filter is shown by the blue curve of Fig. 2(a). In this case
a zigzag configuration with ±12 dB is applied, so the gain Γ of the
IIR filter is set to 24 dB (12 + 12 dB), according to Equation (1).

Once the IIR filter is designed, the output signal of the IIR
equalizer yIIR(n) is obtained by filtering the input signal x(n) with
the obtained filter as shown in Fig. 1, so the Z transform of the
output YIIR(z) is obtained as follows:

YIIR(z) = HIIR(z)X(z). (6)

2.2. IFIR equalizer

The signal filtered by the IIR filter yIIR(n) is used as input to the
IFIR equalizer, as shown in Fig. 1. The IFIR structure of [35]
is used in the proposed system to design the nine bands from the
second to the tenth. The scheme of the IFIR equalizer is shown in

HLP(z
Lm)

z-Δmz-DLm +-
+

xm-1

xm ymGm(z)
yIIR

HHP(z
Lm)

Figure 4: Filters and delay lines associated with a single band for
m = 3, 4, ...,M + 1 with M = 9, cf. Fig. 3. This mth band
transfer function Hm(z) represents the relation between Ym(z)
and YIIR(z).

Fig. 3. A tree structure with subtraction is implemented to obtain
a perfect reconstruction filterbank. The tree structure is derived
from a halfband lowpass prototype FIR filter HLP(z) with cutoff
frequency of 12 kHz, which is half of the Nyquist limit 24 kHz.
The filter HLP(z) is designed with the Kaiser window, imposing
an order of N = 18 and a parameter β = 4 [37]. The advantage
of the halfband filter is the fact that one every second sample of
the impulse response is zero by definition, except for the middle
coefficient [38]. In this way the computational cost can be reduced
considering only the non-zero elements of the impulse response,
calculated as Nnz = N/2+2. The nine bands of the IFIR equalizer
are numbered from the lowest to the highest using the index m =
2, 3, ...,M + 1, with M = 9.

The highest band of the equalizer H10(z) is designed as a
complementary highpass filter of the prototype filter as

H10(z) = z−D −HLP(z), (7)

where the delay is computed as D = N/2. According to Equation
(7), the filter HHP(z) can be implemented using a delay line and
a subtraction, once the lowpass filtered signal going to the lower
bands has been computed using HLP(z), as shown in the top right
corner of Fig. 3.

The rest of the bands of the filterbank are obtained with
stretched versions of the prototype filter, such as HLP(z

2) and
HLP(z

4), which are prepared by inserting one or three zero sam-
ples between each two coefficients of the prototype FIR filter, re-
spectively [38]. The general scheme of delay and filtering oper-
ations for the mth band is presented in Fig. 4. The Z transform
of the mth band output signal Ym(z) is obtained from the signal
YIIR(z) as follows:

Ym(z) = Hm(z)YIIR(z), (8)

where Hm(z) is the transfer function of the mth band and is com-

HLP(z) HLP(z
2)

yIIR=x10 x9 xm+1 xm

Gm(z)

HLP(z
Lm+1)

Figure 5: Details of the transfer function Gm(z) used in Fig. 4.
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puted as

Hm(z) = z−∆m [z−DLm −HLP(z
Lm)]Gm(z), (9)

where the mth interpolation factor Lm is computed as

Lm = 2(M−m+1) = 2(10−m), (10)

and Gm(z) represents the interpolation filter of the mth band. In
the proposed approach, the simple interpolation filter described in
[33] is replaced by the cascade of the existing lowpass filters of the
tree structure, as shown in Fig. 5, i.e.,

Gm(z) = HLP(z)
M∏

k=m+1

HLP(z
Lk ), (11)

with m = 3, ...,M + 1 and M = 9.
Looking at Fig. 4, the input signal yIIR(n) is first filtered by the

filter Gm(z) and the resulting intermediate signal xm(n), shown
for each band in Fig. 3, is then filtered by HHP(z

Lm) that is imple-
mented through a delay line and a subtraction, according to Equa-
tion (7). Note that in Fig. 4, when m = 9, the signal x10(n)
corresponds to the input signal yIIR(n), which is also seen in the
top left corner in Fig. 3.

To better understand the design of each band of the IFIR fil-
terbank, Fig. 6 shows a design example of the fifth band, with a
center frequency of 500 Hz. The transfer function of the sixth band
H5(z) is obtained by the concatenation of the filter G5(z) and the
filter HHP(z

L5) = z−DL5 −HLP(z
L5), according to Equation (9).

A synchronization delay ∆m, also shown in Fig. 4, must be
applied in order to align all the band outputs, and is determined as

∆m = τ − [2(M+2−m) − 1]D = τ − [2(11−m) − 1]D, (12)

where τ is the total delay of the equalizer in samples:

τ = [2(M−1) − 1]D = 255D. (13)

In Fig. 3, the synchronization delays ∆m are shown one upon the
other on the right-hand side, next to the command gain factors gm.
In the highest band (the top signal path in Fig. 3), the total delay of
255D samples is formed by the cascade of the delay line z−D and
the synchronization delay z−254D . In the second band (the lowest
of the IFIR equalizer), the synchronization delay is formed by the
cascade of all the delay lines between the input (top left corner in
Fig. 3) and the output y2 (bottom right corner in Fig. 3), which
have the lengths D, 2D, 4D, 8D, 16D, 32D, 64D and 128D.
This adds up to 255D samples of delay.

The second band filter of the equalizer is obtained as a byprod-
uct, when the signal x3(n) is filtered with the prototype filter
stretched by a factor of 27, or 128, as shown in Fig. 3. The result-
ing signal x2(n) does not require further processing, as it is the
output signal y2(n) of the second band filter. The filter HLP(z

128)
also implements the largest input-output delay, so a synchroniza-
tion delay is unnecessary in the two lowest bands, as seen in Fig. 3.

Finally, as presented in Fig. 3, gain factor gm of each band is
applied and the total response of the equalizer y(n) is obtained as
a weighted sum of all band output signals from the second band to
the tenth:

y(n) =

M+1∑
m=2

gmym(n). (14)

(a)

(b)

Figure 6: Example of the design of the magnitude response of the
band filter centered at 500 Hz. Cascading the filters (a) G5(z)
and HHP(z

L5) = z−DL5 −HLP(z
L5) results in (b) the band filter

H5(z).

An example of the magnitude response of the IFIR equalizer is
shown by the yellow curve of Fig. 2, where a zigzag configura-
tion of command setting is applied with ±12 dB. The IFIR magni-
tude response is the same of the response of the total hybrid equal-
izer except in the first band, since the IFIR part affects the overall
equalizer from the second to the tenth band. The low-frequency
part of the IFIR output maintains the same gain of the second band
filter, since it is designed as a lowpass filter.

3. EXPERIMENTAL RESULTS

In the experiments, the proposed hybrid IIR/FIR equalizer is com-
pared with the IFIR equalizer of [35] in terms of latency, compu-
tational complexity and error. Table 1 shows the obtained results.
The latency is introduced only by the FIR part of the equalizer and
it is computed as shown by Equation (13). In the proposed equal-
izer, only the last nine bands are designed with FIR filters, so the
total delay is 255D. On the contrary, in the linear-phase equal-
izer of [35], all the ten band are designed with FIR filters (i.e.,
M = 10) and the resulting delay is doubled obtaining a value of
511D.

The computational complexity is evaluated in terms of num-
ber of multiplications and number of additions per input sample.
The filtering with the IFIR filterbank is achieved by avoiding mul-
tiplications with zero elements, so only the number of non-zero
elements Nnz is involved. Taking into account also the symmetry
of the FIR impulse responses, the number of multiplications of the
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Table 1: Performance of the proposed hybrid equalizer compared
with the IFIR-based GEQ. The symmetry has been accounted for
in the number of multiplications. The best result for each column
is highlighted.

Method Latency Mul Add Error [dB]
IFIR GEQ [35] 4599 64 108 0.79
Hybrid GEQ (proposed) 2295 77 112 0.76

FIR part is computed as

n◦ mult. (FIR) = (M − 1)
Nnz + 1

2
+M. (15)

Finally, the number of additions is calculated as follows:

n◦ add. (FIR) = (M − 1)Nnz +M − 1. (16)

For the proposed equalizer, the computational complexity of the
FIR part is obtained with M = 9, while the 8th-order shelving
IIR filter adds 5P/2 = 20 multiplications and 4P/2 = 16 ad-
ditions to the total number of operations, considering a cascade
of four (corresponding to P/2) second-order sections implemented
with the direct form II.

The error in the frequency response is calculated as the maxi-
mum difference between the desired and the obtained gains at the
octave center frequencies, including all the possible configurations
with ±12 dB, which leads to 1024 cases in total [39]. Moreover,
when two adjacent bands have the same gain, the error is com-
puted as the maximum deviation from the straight line that con-
nects the two gains at the center frequencies. Previous publica-
tions, as [36, 39], consider the error as acceptable when it is below
1 dB and listening tests in [40, 41] have proven that just noticeable
difference in the deviation of the magnitude response is higher than
±1 dB for most of the input signals, as stated also in [42].

The results show the latency of the proposed equalizer is re-
duced by 50% in comparison with the IFIR equalizer of [35]. In
fact, the FIR equalizer introduces a latency of 4599 samples (or
96 ms with a sampling frequency of 48 kHz), while the proposed
hybrid equalizer shows a latency of only 2295 samples (or 48 ms).
This reduction allows the equalizer to be more competitive in real-
time applications, where a big latency is not tolerated. The compu-
tational complexity of the hybrid equalizer is a bit higher than the
IFIR equalizer. In fact, the IFIR equalizer needs a total of 172 op-
erations per input sample (64 multiplications and 108 additions),
while the proposed method needs 189 operations (77 multiplica-
tions and 112 additions).

Finally, the error of the proposed equalizer is 0.76 dB and is
slightly lower than the error introduced by the IFIR equalizer, so it
is still less than the acceptable limit of ±1 dB. Fig. 7 shows exam-
ple magnitude frequency responses of three different test configu-
rations:

a) the zigzag command settings (±12 dB);

b) the special zigzag setting: [12 -12 -12 12 -12 -12 12 -12
-12 12] dB, which is declared the most difficult case for the
equalizer of [43];

c) an arbitrary setting: [8 10 -9 10 3 -10 -6 1 11 12] dB.

As can be seen in Fig. 7, the magnitude response of the pro-
posed equalizer perfectly overlaps the response of the IFIR equal-
izer except in the transition of the first band, where the shelving

(a)

(b)

(c)

Figure 7: Magnitude response of the proposed hybrid equalizer
compared with the total IFIR equalizer, with (a) the zigzag con-
figuration (±12 dB), (b) the gains [12 -12 -12 12 -12 -12 12 -12
-12 12] dB, and (c) the arbitrary gains [8 10 -9 10 3 -10 -6 1 11
12] dB.

filter is applied. In fact, in the proposed equalizer, the first band is
narrower than the first band of the IFIR EQ. However, this charac-
teristic does not affect the performance of the final GEQ, since the
desired gain at the first center frequency is always reached.

Figure 8 shows the total impulse response of the proposed
equalizer compared with the IFIR equalizer. This comparison
highlights that the nonlinear-phase IIR filters barely affect the sym-
metry of the total impulse response, but allow to reduce the delay
by half.

The latency reduction introduced by the proposed equalizer is
shown also in 9, where the group delays of the two implementa-
tions are compared. The IFIR equalizer presents a constant group
delay of 95.8 ms that means it has a linear phase. The proposed
equalizer introduces a nonlinearity in the phase at the lower fre-
quencies up to 100 Hz, but at higher frequencies the group delay
assumes a constant value of 47.8 ms.
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(a)

(b)

Figure 8: Impulse response (a) of the linear-phase IFIR equalizer
of [35] and (b) of proposed equalizer with the configuration of
Fig. 7(a), which is slightly asymmetric.

4. CONCLUSION

This paper proposes a low-latency quasi-linear-phase octave
graphic equalizer. The proposed structure reduces the total latency
of an existing linear-phase graphic equalizer by replacing its low-
est band filter with an IIR filter. The first band of the equalizer
is designed as an IIR shelving filter of order 8. The performance
of the equalizer has been evaluated in comparison with the linear-
phase IFIR GEQ in terms of latency, computational complexity,
and accuracy.

The experimental results given in this paper show that the pro-
posed GEQ reduces the latency by 50%, so that it is now less than
50 ms. The nonlinear phase response at the low frequencies has a
minor effect on the impulse-response symmetry of the proposed
GEQ. The approximation error is also slightly reduced, which
means that the proposed GEQ is more accurate than the IFIR-
based GEQ. The computational complexity is slightly increased
while is still comparable with the one of the IFIR equalizer. This
paper shows that it is practical to demand linear-phase processing
at most of the audio range and still reach a latency that is not too
large in practice.
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