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ABSTRACT

This work studies the feedback Active Noise Control (ANC) in a
headphone with a digital filter implemented on a FPGA instead
of an analog filter, in the context of a pedagogical practice bench.
The digital approach allows greater flexibility in setting the feed-
back ANC filter but brings an additional latency that can com-
promise the ANC efficiency. The principle of feedback ANC in
headphones is reviewed and the choice of a biquadratic filter as a
feedback ANC filter is argued. The digital filter is programmed in
the FAUST language and compiled on a FPGA platform. An ex-
perimental validation is carried out to compare the attenuation per-
formance between the digital and analog biquadratic filters. The
results show similar or even better low frequency attenuation for
some configurations of the digital biquadratic filter compared to
the analog filter. Finally, a digital filter cascading two biquads is
studied and shows a bandwidth broadening where the ANC is ef-
fective.

1. INTRODUCTION

Active Noise Control (ANC) is an established solution for noise
reduction in a large variety of applications [1]. In the case of head-
phones, ANC has become a technological and commercial asset by
providing noise reduction in the low frequency band where the pas-
sive solution performs poorly. Based on the superposition of an ex-
ternal annoying sound with an "anti-sound", different approaches
are possible to process the incoming unwanted sound and generate,
in real-time, the canceling filtered sound. The main differences re-
sult from the ANC filter, referred to as the control filter throughout
this paper. One of the first techniques described in the literature is
the feedback approach. The sound and anti-sound signals are mea-
sured in the vicinity of the control region and fed back to the active
noise control loudspeaker after passing through an ANC feedback
control filter. The early implementation uses an analog filter as
the control filter [2]. On one hand, the low-latency characteristics
of the analog filter allows the control loop to generate the cancel-
ing sound instantly. On the other hand, the characteristics of the
analog filter are fixed and the controlled frequency band cannot
be adapted. Nowadays, the improved performance and the acces-
sibility to low cost Digital Signal Processing (DSP) boards offer
the opportunity to implement adaptive filtering algorithms in ANC

headphone systems [3, 4]. However, with digital filtering appears
the issue of latency due to Analog to Digital Converter (ADC) and
Digital to Analog Converter (DAC). A solution to keep the con-
venience of programmable boards without obtaining unreasonable
processing latency is the use of Field Programmable Gate Arrays
(FPGAs) [5]. Based on configurable logic blocks, their basic ar-
chitecture makes them faster than DSP boards and allows complex
filtering configurations [6]. Unfortunately, the FPGAs’ architec-
ture also complicates significantly their programming.

In this context, the Fast Audio Signal-processing Technologies
on FPGA 1 (FAST) project aims to simplify the FPGA program-
ming by offering the compilation of FAUST algorithms onto FPGA
boards [7]. The FAST programming tool is used in this paper in
an academic context. Indeed, the authors’ university proposes a
training course on ANC in which an educational bench dedicated
to the study of feedback ANC in headphones is used. The educa-
tional bench is shown in Fig. 1. The feedback ANC is currently
operated using an analog biquadratic (biquad) filter with pre-set
and fixed parameters : the box on the shelve on bottom left part
of Fig. 1. The goal of this work is to replace this analog filter by
a programmable digital biquad filter on FPGA with very low la-
tency : the electronic boards on the middle of the table in Fig. 1.
The FPGA circuit is synthesized from a FAUST code using the tool
described in [7]. This implementation is considered more flexible
as the digital filter parameters can easily be changed, which serves
the educational purpose of the bench.

The outline of the paper is as follows: In Sec. 2 the principle of
feedback ANC is reviewed. In particular, the specification of the
feedback control filters is presented in Sec. 2.1 and the choice of a
biquadratic control filter is argued in Sec. 2.2. The implementation
on a FPGA board with FAUST is introduced in Sec. 3. An exper-
imental validation of the proposed implementation is described in
Sec. 4 and discussed in Sec. 5, especially in comparison with the
current analog system used on the educational bench. Finally, the
paper concludes in Sec 6.

1https://fast.grame.fr/
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Figure 1: Experimental set-up of the feedback ANC bench at Ecole Centrale Lyon. The set-up allows to study feedback ANC in headphones
for academic purpose. The measurements are performed using ®MATLAB, an external soundcard and a loudspeaker for primary noise
generation. The amplified headphones are placed on a head and torso simulator with eardrum microphone and a preamplified error
microphone placed in its ear. An analog biquadratic filter is used as a control filter. In the current work, a digital biquadratic filter
programmed on a FPGA board with external audio codec can be used as control filter for the feedback ANC.

2. FEEDBACK ACTIVE NOISE CONTROL

2.1. Feedback with a Control Filter

This section describes the principle of the feedback ANC in head-
phones with a control filter as studied in [2]. The principle is
depicted in Fig. 2 : a primary noise induces a pressure pp at a
control microphone placed inside a headset. A secondary noise is
generated by the headset speaker and induces a pressure ps at the
control microphone. Therefore, the total pressure at the control
microphone is given by pt = pp + ps. The active noise control
principle is to generate ps, using a control filter H and a gain G
to attenuate the total pressure pt with respect to pp. The control
microphone is placed close enough to the listener’s eardrum so
that the pressure at the latter is assumed to be equal to that at the
control microphone. Thus, as pt decreases, the listener feels an
attenuation of the noise from the primary source. The attenuation
level and bandwidth depends on the ANC efficiency.

Attenuation The total pressure at the control microphone is given
in the frequency domain by:

pt(f) = pp(f) + ps(f) = pp(f) + pt(f)H(f)GB(f), (1)

where f is the frequency in Hz, H(f) is the control filter
Frequency Response Function (FRF), G a frequency-independent
gain and B(f) the open loop FRF between the headphone speaker
and the control microphone. From Eq. (1), for pp(f) �= 0, the
attenuation can be written as:

pt

pp
(f) =

1

1−H(f)GB(f)
(2)

Thus, in order to minimize the ratio | pt
pp

| the denominator in
the right-hand side of Eq. (2) should be maximized. An attenuation
occurs when |H(f)GB(f)| � 1. The greater the |H(f)GB(f)|
the greater the attenuation. As B(f) is fixed from the headphone
configuration, the role of H(f)G is to increase the gain of the
closed loop H(f)GB(f) in the frequency range where attenua-
tion is desired. However, when increasing the gain, the system
stability must be considered. In fact, instability occurs with an
audio feedback when H(f)GB(f) = 1.

Control loop with a gain G To better understand the require-
ments of control filter H(f) and gain G for an effective attenua-
tion, the situation where H(f) = 1 is first considered. A typical
FRF GB(f) is shown in Fig. 3. The active attenuation is desired
in the low frequency range where the passive attenuation of the
headphone is poor.

When one increases the gain G, the modulus response |GB(f)|
is shifted upwards. Therefore, from Eq. (2) the noise at frequencies
such that |H(f)GB(f)| � 1 will be attenuated. However, in the
reported case of Fig. 3, it can be observed that the phase response
arg(GB(f)) crosses 0◦ around f0◦ = 5169 Hz. At this value,
the transfer function is real, and if the gain G increases such that
the modulus at 5169 Hz crosses 0 dB, one obtains, |GB(f0◦)| =
1. The system becomes unstable. Moreover, the gain margin of
2.2 dB before instability, is not sufficient to verify the condition
|H(f)GB(f)| � 1 in the low frequency region, where the atten-
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Figure 2: Feedback ANC using a control loop with headphones:
a control microphone is placed close to the eardrum in the head-
phone cavity. This microphone receives a pressure from a primary
noise pp and a secondary noise ps from the headphone’s speaker.
With a control loop composed of a filter H and an amplifier G, the
pressure level from the external primary noise is attenuated at the
control microphone and at the eardrum in its vicinity.

uation is desired. In this case one cannot have attenuation without
instability. A control filter is thus introduced to achieve an efficient
noise reduction system.

Control filter H(f) requirements The control filter should in-
crease the modulus of |GB(f)| FRF as much as possible with re-
spect to f0◦ . The low frequency region of the spectrum is targeted,
between f1 and f2. Thus, the control filter H(f) should be such
that ∀f ∈ [f1, f2]:

|H(f)GB(f)| � 1 AND arg(H(f)GB(f)) �= 0. (3)

2.2. Biquadratic Transfer Function as Control Filter H(f)

An ideal solution for H(f) to achieve Eq. (3) is −B−1(f). How-
ever, the latter is not causal and therefore cannot be implemented [2].
In the pedagogical bench context, a biquadratic filter [8] is used
for H(f) by using two resonant filters: a filter with a pair of com-
plex conjugate zeros2, and a filter with a pair of complex conjugate
poles3. This choice is justified by the fact that the phase response
can be set such that it does not change that of arg(GB(f)) around
f0◦ . The biquadratic analog transfer function is given by:

H(s) =
s2 + 4πfzξzs+ (2πfz)

2

s2 + 4πfpξps+ (2πfp)2
, (4)

where s is the Laplace’s variable, fz and fp are the resonant
frequencies of the two zeros and two poles filters respectively. ξz
and ξp are the damping factors of the two-zero and two-pole filters
respectively.

2https://ccrma.stanford.edu/~jos/fp/Two_Zero.

html
3https://ccrma.stanford.edu/~jos/fp/Two_Pole.

html
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Figure 3: Modulus (top graph) and phase (bottom graph) response
of the transfer function GB(f) between the amplifier and the con-
trol microphone. The FRF is measured in the experiment described
in Sec. 4. The phase response crosses 0◦ at f0◦ = 5169 Hz. At this
frequency the modulus is A = −2.2 dB. The maximum amplitude
is at f = 5278 Hz at Amax = −1.8 dB.

Two-pole filter The two-pole filters allow to reinforce a frequency
band by adjusting the resonance frequency fp and the damping
factor ξp. The resonance can be set, for example, to a maximum
of |GB(f)| spectrum, in the low frequency region before f0◦ . For
instance, from Fig. 3 one can choose fp = 250 Hz. The dynamic
range available for attenuation at this frequency before the instabil-
ity occurs is then increased, as discussed in Sec. 2. Another strat-
egy is to adjust the resonance frequency fp to boost another zone of
the low frequency region of |GB(f)| spectrum. This will improve
the attenuation at this frequency and broaden the frequency band
where attenuation is possible. However, this strategy will provide
less dynamic range compared to a situation where the resonance
would be placed on a maximum. Thus, a compromise between
bandwidth and dynamic attenuation should be made by the user
when setting the parameters fp and ξp.

Phase response A two-pole filter rotates the phase by −90◦ af-
ter the resonance frequency fp. The transition zone between 0◦

and −90◦ depends on the value of ξp. Thus, if one were to use
only a two-pole filter, arg(GB(f)) would cross 0◦ at a lower fre-
quency in the spectrum, which is not desirable as this limits the
bandwidth of the possible attenuation. The use of a two-zero fil-
ter allows to overcome this problem. Indeed, the latter rotates the
phase by +90◦ after the resonance frequency fz . Thus, by placing
the resonance frequency fz close to fp and by tuning the values
of ξp and ξz , the use of the biquadratic filter does not change the
value of f0◦ . This type of filter thus makes it possible to answer to
a certain extent the criterion of Eq (3).

Analog and digital biquad filters Three examples of biquadratic
FRF are shown in Fig. 4. The resulting FRF of the control loop
H(f)GB(f) are shown in Fig. 5.

The black solid line corresponds to the response of the analog
biquad filter cell of the educational bench. The phase response
arg(Ha(f)) is almost null except in the vicinity of the resonances
frequencies fp and fz of the poles and zeros pair respectively. In

3
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Figure 4: Modulus (top graph) and phase (bottom graph) re-
sponse of biquadratic filters transfer functions. Black solid line:
Ha(f) analog biquad filter of the educational bench (see Fig. 1).
Red dashed line Hd1(f) and blue dotted line Hd2(f) : two re-
alizations of digital biquad filters on FPGA Zybo Z7 + ADAU
1777Z audio codec. The digital filters parameters for Hd1(f) are:
fp = 250 Hz, fz = 300 Hz, ξp = 0.07, ξz = 0.1 and for Hd2(f):
fp = 250 Hz, fz = 400 Hz, ξp = 0.16, ξz = 0.25. Frequency
where the phase response crosses 0 (f0) is indicated with a vertical
dashed line.

particular, the fact that the filter is analog results in an almost null
group delay, which does not modify f0◦ of GB(f) and therefore
does not change the ANC theoretical bandwidth.

The red dashed and blue dotted curves correspond to two dig-
ital realizations of the biquad filter with slightly different param-
eters. In comparison with the analog filter, one can see a slope in
the phase response arg(Hd1(f)) and arg(Hd2(f)). This constant
group delay is due to the latency the ADC and DAC of the audio
codec .

Thus, the phase slope of arg(Hd1,2(f)) impacts the phase re-
sponse of arg(Hd1,2(f)GB(f)) and decreases the value of f0◦

as it can be seen in Fig. 5. The f0◦ frequencies are respectively
3029 Hz and 3051 Hz for the digital filters presented compared
to 5169 Hz for the analog filter. The ANC bandwidth is there-
fore reduced in this case. A theoretical analysis taking into ac-
count sine signals and a system with a flat frequency response, as
in [4, Sec. 3.2], suggests that a digital filter with the lowest pos-
sible latency is desirable for feedback ANC. However, while the
ANC bandwidth narrows as the latency increases, the achievable
attenuation in the given frequency bandwidth is also highly depen-
dent on the system frequency response. In the case of the FRF
GB(f) considered here, the shift of the unstable frequency due
to the latency leads to a higher dynamic for attenuation in the low
frequency region. Indeed, the amplitude of GB(f) being lower
at the shifted unstable frequency, the amplitude margin before in-
stability is greater. This allows to further increase the gain G and
therefore improves the attenuation. The topic of latency effect on
ANC performance is left for further investigations.

In the three cases, the control filter B(f) allows to raise the
low frequency region of the spectrum H(f)GB(f) below the in-
stability and improves the attenuation dynamic according to Eqs. (2)
and (3). It should be kept in mind that the digital filters can be ad-
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Figure 5: Modulus (top graph) and phase (bottom graph) response
of closed-loop transfer function H(f)GB(f). Black solid line:
Ha(f)GB(f). Red dashed line Hd1(f)GB(f) and blue dotted
line Hd2GB(f). Frequency where the phase response crosses 0
(f0) is indicated with a vertical dashed line.

justed online and that the passive attenuation of the headphones
also helps in the high frequency region.

3. IMPLEMENTATION WITH FAUST ON FPGA

As discussed in Sec. 2.2, the control filter H(f) for this work is
a biquad filter. Its implementation on the FPGA is done using the
workflow proposed in [7]. The FPGA evaluation board Zybo Z7
is used for this work alongside an audio codec ADAU1777Z. The
latter has a round trip latency around 80 µs at a sampling frequency
of 192 KHz.

Single biquad implementation The biquad transfer function is
directly taken from Eq. (4) in the analog domain and transformed
into a digital filter by a bilinear transform [9, Sec. 7.2]. This
operation is performed using the function tf2s from the library
filters.lib from the FAUST distribution. The resulting code
is given hereafter:

import("stdfaust.lib");

fp = hslider("Freq Pole",150,50,1000,0.1);

fz = hslider("Freq Zero",150,50,1000,0.1);

xip = hslider("Tau Pole",0.1,0,1,0.01);

xiz = hslider("Tau Zero",0.1,0,1,0.01);

b1 = 4 * ma.PI * fz * xiz;

b0 = (2 * ma.PI * fz)^2;

a1 = 4 * ma.PI * fp * xip;

a0 = (2 * ma.PI * fp)^2;

w1 = 1;

// w1 is the desired digital frequency

//(in radians/second) corresponding to the

//analog frequency 1 rad/sec (i.e., s = j).

process = _ : fi.tf2s(1,b1,b0,a1,a0,w1);

4
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Note that the user can control at execution time the resonant
frequency of the pole fp and the zero fz , as well as their respective
damping rates ξp and ξz using a user interface generated on the
computer or with a hardware board as presented in [7].

Cascaded biquad implementation In order to improve the ANC
bandwidth as discussed in Sec. 2, another version of the H(f) con-
trol filter is implemented as a cascade of two biquads. In this case,
the user can control the parameters of each of the biquad sections
of the filter and activate or bypass them using a checkbox. The
FAUST code is the following:

import("stdfaust.lib");

fp(i) = hslider("[1]Freq Pole %i

",150,50,1000,0.1);

fz(i) = hslider("[3]Freq Zero %i

",150,50,1000,0.1);

xip(i) = hslider("[2]Tau Pole %i

",0.1,0,1,0.01);

xiz(i) = hslider("[4]Tau Zero %i

",0.1,0,1,0.01);

off(i) = 1-checkbox("[5]Off %i");

b1(i) = 4 * ma.PI * fz(i) * tz(i) * off(i

);

b0(i) = (2 * ma.PI * fz(i))^2 * off(i);

a1(i) = 4 * ma.PI * fp(i) * tp(i) * off(i

);

a0(i) = (2 * ma.PI * fp(i))^2 * off(i);

w1 = 1;

process = _ : seq(i, 2, fi.tf2s(1,b1(i),

b0(i),a1(i),a0(i),w1));

4. EXPERIMENTAL VALIDATION

Experimental layout The experimental layout is visible in
Fig. 1. An instrumented dummy head (®G.R.A.S Kemar 45BB
head and torso simulator) is used. Only the right-ear is used for the
practical. The feedback control loop (H(f)GB(f)) is composed
of a ®JVC HA-S31M-B headphones for which the input signal is
amplified by a ®B&K Type 2718 power amplifier (G). The con-
trol microphone inside the loop is a standard electret microphone
placed in a 3D printed support 4. Its output signal is preamplified
by a ®B&K Type 2610 preamplifier with fixed gain and goes to
the feedback loop biquad filter which is either:

• An analog biquad filter, Ha(f), as visible on the lower shelf
on the bottom left side of Fig. 1,

• A digital biquad filter, Hd(f) implemented on a ®Xilinx
ZYBO Z7 FPGA evaluation board alongside an ADAU
1777Z audio codec.

The primary noise source uses a low-pass filtered white noise
played on a ®Adam Audio T5V loudspeaker.

4http://sekisushai.net/ambitools/2020/12/02/

make-your-own-binaural-microphones.html

Acquisition and primary noise signal generation are performed
by a ®Focusrite Scarlett 8i6 3rd Gen soundcard. FRF measure-
ment and spectrum displays are done with ®MATLAB scripts.

The sound pressure level of the noise produced by the external
loudspeaker is about 70.6 dBA at the exterior of the manikin ear.

Protocol The experimental protocol consists in measuring first
the FRF GB(f). Its analysis allows to identify the frequency
band for which ANC is possible, in particular to determine f0◦

as described in Sec.2. Then, the biquadratic control filter H(f)
is designed in adequacy. Although many solutions exist to choose
the poles’ and zeros’ characteristics of the control filter [6], the
method adopted here is empirical with the intention of observing
the impact of the biquad parameters on the sound pressure level at-
tenuation. Therefore, the filter parameters fp, fz, ξp and ξz are set
manually from the analysis of FRF GB(f). Once H(f) param-
eters are set, the transfer function H(f)GB(f) is deduced and
can be also measured to predict the ANC performance. Finally,
the ANC performance is measured as follows: A primary noise is
played in the frequency band [50-1000] Hz through the external
loudspeaker and the gain G is increased until the audio feedback
is observed. Finally, with the gain set to its maximum value, the
measurement of the eardrum microphone signal is carried out with
and without the headphones feedback ANC system. The difference
between the two measurements gives the attenuation as a function
of the frequency performed by the ANC feedback system.

5. RESULTS AND DISCUSSION

This section presents the results obtained for several control filter
configurations. The reference configuration is the analog biquad
filter Ha(f) visible as solid line in Fig. 4 and its corresponding
closed loop transfer function in Fig. 5.

5.1. Single Biquad Configuration

The FRF Hd1(f) of the first digital control filter and the corre-
sponding configuration are presented in Figs. 4 and 5 with a red
dashed line. As explained in Sec. 2.2, the digital filter latency re-
duces f0◦ = 5169 Hz to f0◦ = 3051 Hz in comparison with the
analog filter Ha(f). However, as the primary noise is in the range
[50− 1000] Hz, this bandwidth limitation is not relevant here and
the filter Hd1(f) can be used for feedback ANC.

One of the main advantage of the digital control filter imple-
mentation is the configuration flexibility : as explained in Sec. 3, a
user interface allows modifying the filter parameters in real-time.
In this matter, a second digital control filter configuration, Hd2(f)
is presented with a blue dotted line in Figs. 4 and 5.

The ANC attenuation is shown in Fig. 6 using either the
Ha(f) (black solid curve), Hd1(f) (red dashed curve) or Hd2

(blue dotted curve) as control filter. It corresponds to the ratio of
pressure measured at the eardrum microphone without ANC and
with ANC. It can be observed that the higher attenuation is con-
centrated in the frequency range [50-400] Hz, which is in accor-
dance to the control filter configurations. It is consistent that with
a single biquad filter, the frequency range operation of the ANC is
limited. In the case of the analog control filter Ha(f) the atten-
uation obtained is above 10 dB in a narrow frequency band from
154 Hz to 195 Hz. For the first digital control filter Hd1(f), the
attenuation reaches 10 dB with a maximum at 15.4 dB in the fre-
quency region [158-261] Hz. One may observe the important peak

5
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of attenuation due to the low damping poles and zeros coefficients
chosen for this configuration. Finally, the third filter Hd2(f) gives
the most interesting results with an attenuation above 10 dB over
the frequency band [102-297] Hz and with a maximum attenuation
reaching 19.4 dB. This comparison of the analog filter configura-
tion with two different digital filter configuration does not only
aim to validate the employment of digital control filters but also to
demonstrate the importance of configuration flexibility. As a mat-
ter of fact, if for a single biquad filter the chosen configuration can
severely change the obtained noise attenuation, the design must be
wisely chosen for a more complex filter.
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Figure 6: Noise attenuation obtained with three different control
filters H(f). Black solid line: Ha. Red dashed line Hd1 and blue
dotted line Hd2.

5.2. Cascade Configuration of Biquad Filters

As an extension to the reference single analog control filter, this
section presents a configuration with two cascade digital biquad
filters whose implementation is presented in Sec. 3.

Two configurations, Hd3(f) and Hd4(f) are evaluated. Their
frequency response and resulting closed loop FRF H(f)GB(f)
are shown in Figs 7 and 8 respectively. As for the previous case
with a single biquad filter, the two cascade configurations lower the
frequency of instability of the closed loop. In comparison with the
analog filter Ha(f), f0◦ = 5169 Hz is shifted to f0◦ = 2886 Hz
with Hd3(f) and to f0◦ = 2813 Hz with Hd4(f). Although the
resulting frequencies of instability are much lower than the initial
one, noise attenuation is still achievable in the bandwith of interest
[50-1000] Hz. The setting differences between both configura-
tions relies exclusively on the damping coefficients of the complex
conjugate poles and zeros. In fact, the cascade of biquad filters
Hd4(f) is smoother, which means that the damping coefficients
are higher, than the first cascade Hd3(f). Because of the more
complex filter configuration the effective frequency range of atten-
uation is wider than for the previous case using only a single bi-
quad filter. The results of noise attenuation are presented in Fig. 9.
In the case of the first cascade biquad filters Hd3(f) (black solid
line) the noise attenuation obtained is equal or superior to 10 dB
in the frequency band [80-498] Hz with a maximum attenuation at
22 dB. Addtionally, the attenuation reaches 15 dB or more over a
quite large frequency region, from 101 Hz to 466 Hz. Concern-
ing the second cascade biquad filters Hd4(f) (red dashed line),

the attenuation reaches 10 dB and above in the bandwidth [82-
546] Hz. For the threshold of 15 dB, an attenuation is obtained
in the frequency band [135-483] Hz and the maximum attenua-
tion is 21.3 dB. One can notice that the shape of the attenuation
is actually similar to the shape of the corresponding cascade of
biquad filters. This behavior is in line with the aim to design a
control filter with amplitude resonances in the bandwith requiring
noise attenuation. The design of the two biquad filters in Hd3(f)
helps to obtain these two peaks of attenuation around 160 Hz and
415 Hz. Therefore, one must modify the design of the control filter
depending on the desired outcome. A further investigation on the
addition of an optimization method to design the control filter is a
perspective to this study.
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Figure 7: Modulus (top graph) and phase (bottom graph) FRF of
biquadratic filters. Black solid line: Hd3(f) the control filter com-
posed of two cascaded biquads with parameters : fp1 = 150 Hz,
fz1 = 250 Hz, ξp1 = 0.5, ξz1 = 1, fp2 = 450 Hz, fz2 = 550 Hz,
ξp2 = 0.125, ξz2 = 0.5. Red dashed line: Hd4(f) the con-
trol filter composed of two cascaded biquads with parameters :
fp1 = 150 Hz, fz1 = 250 Hz, ξp1 = 1, ξz1 = 1, fp2 = 450 Hz,
fz2 = 550 Hz, ξp2 = 0.25, ξz2 = 1.
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Figure 8: Modulus (top graph) and phase (bottom graph) response
of closed-loop transfer function H(f)GB(f). Black solid line:
Hd3(f)GB(f) and red dashed line Hd4(f)GB(f).
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Figure 9: Noise attenuation obtained with two different control fil-
ters H(f). Black solid line: Hd3(f) and red dashed line Hd4(f).

6. CONCLUSION

In this paper, the comparison between an analog and digital filters
for feedback ANC in headphones was studied in the context of a
pedagogical bench. The principle of feedback ANC in headphones
was reviewed and the choice of a biquadratic filter as a control fil-
ter was argued. Then, the process to implement the desired control
filter with FAUST was explained both for single and cascade bi-
quad filter configurations. Furthermore, an experimental approach
was proposed to validate the use of a digital control filter through
the evaluation of the noise attenuation performance. Therefore,
the results were presented and discussed for two biquad filter de-
signs per configuration. In particular, a single digital biquad con-
figuration achieved an attenuation above 10 dB in the bandwidth
[102-297] Hz while the attenuation achieved is superior to 15 dB,
in the frequency range [101-466] Hz, using a cascade of two bi-
quad filters. This work is based on an existing educational bench
dedicated to feedback ANC headphones. While this experiment
is initially using an analog biquad as control filter, the latter was
successfully replaced with a digital filter programmed on a FPGA
evaluation board. The aim is to offer a wider flexibility of param-
eterization for pedagogical aspects. The programming workflow
using the FAUST programming language greatly simplify the digi-
tal filter implementation on FPGA. A systematic way of studying,
modeling and realizing feedback active control systems has been
outlined here. Future works include the study of latency effect on
ANC performance as well as digital filter optimization with respect
to the headphone to control microphone FRF.
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