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A Parallel Analog and Digital Adaptive
Feedforward Controller for Active Noise Control

Yoav Vered and Stephen Elliott

Abstract—Digital adaptive controllers are widely used for feed-
forward active noise control, especially in headphones. In such
applications, the secondary path delay, including the sampling
and reconstruction effects, must be shorter than the primary
path delay to maintain good broadband performance. A mixed
analog and digital adaptive feedforward controller is developed
to eliminate the added delay of the sampling and reconstruction.
The analog controller is based on a state-filtered adaptive linear
combiner, while the digital one uses an adaptive finite-impulse-
response filter. It is shown that both filters can be adapted
using the normalized filtered-reference LMS algorithm but with
different secondary paths’ models. A method to design the analog
state-filter based on Padé’s approximation is described. The
performance of the proposed controller with two analog states,
the direct feedthrough and a 0.3 milliseconds delay, is assessed
and compared to the separate analog or digital controllers in a
controlled environment. The results highlight that adding the
analog delay improves the digital controller performance by
about 5 dB in this application, regardless of the primary noise
direction.

Index Terms—Active noise control, adaptive control, hybrid
control, Padé approximation.

I. INTRODUCTION

ACTIVE noise control (ANC) is used extensively to reduce
undesired noise in headphones. Typically the controller is

designed with two degrees of freedom [1]–[3]. A feedforward
controller, usually in the form of a finite impulse response
(FIR) filter, and a feedback controller, which is generally
analog with a low-order infinite impulse response. The feedfor-
ward FIR filter’s coefficients, or weights, are usually adjusted
in real-time to adapt to the changes in the environment.
The filtered-reference least-mean-squares (FxLMS) [4]–[6]
algorithm is, probably, the most widely-used algorithm for
the filter direct adaptation. The FxLMS is derived for the
sampled-time domain and traditionally is realized on a digital
signal processor (DSP) [7], [8], but it can also be realized on
a microcontroller [9], [10] or VLSI implemented on a field-
programmable logic array (FPGA) [11]–[13]. Assuming that
no aliasing occurs, that the different systems are all linear and
time-invariant (LTI), and that the reference signal is stationary
in time, the FxLMS algorithm, if stable, converges to the
optimal Wiener filter [6]. Anti-aliasing and reconstruction fil-
ters, and analog-to-digital (ADC) and digital-to-analog (DAC)
converters are used to sample the reference and error signals
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and excite the speaker with the control signal. The different
filters and the signal sampling introduce a time delay to the
controller action, such that the controller’s latency is increased,
and as a result, the attainable attenuation levels are reduced
[14]–[16].

Numerous methods and algorithms have been proposed to
reduce the controller’s latency [17]. These approaches can be
divided into ones that use a single, high, sample rate [18],
those that use a decimation [19], and those that use a multi-
rate approach with digital decimation and interpolation filters
[17] in addition to the analog anti-aliasing and reconstruction
filters. However, even when a fast FPGA is used with these
approaches, the latency does not vanish completely. Moreover,
when a high sample rate is used, and the filter’s impulse
response is required to act over a given period of time, the
computation of the control signal requires processing power
proportional to the square of the sampling frequency and is
prone to numerical ill-conditioning and misadjustment [17].
Both the requirement to reduce the latency and to allow for
long impulse response can be maintained by using multi-rate
methods when tuned correctly. However, the base sample rate
needs to be sufficiently large, and several levels of decimations
and interpolations are needed, in most applications, to enable
the implementation of the digital low-pass filters required for
the digital decimation and interpolation.

The idea of an all-analog (continuous-time) adaptive filter
was originally used in the motivation for deriving the FxLMS
[4], [5], [20]. The adaptable analog filter is usually portrayed
as a linear combiner with adjustable weights (gains), where
each signal is obtained either by using a delay element or a
state-filter. However, since the introduction of the DSP, these
methods have been forsaken due to the ease of implementation
of an all-digital adaptive controller. This progression from ana-
log to digital controllers is attributed both to the fact that the
implementation of the adaptation law using analog integrator
becomes complex for large filters and the difficulty of filtering
the reference with an analog model of the secondary path.

Some Ideas of using a digital controller to adapt an analog
component have previously been discussed. One approach is
to use the digital controller only for the adaptation [21] of the
gains of the analog filter’s states. However, since the analog
filters’ impulse responses are fixed, this approach introduces
constraints on the obtainable FIR structure impulse response.
Parallel analog and digital controllers have also been suggested
in the past, which allow more freedom in the obtainable
impulse response of the filter. Stothers and Scott [22] have
proposed an adaptable analog feedthrough element controlled
by a DSP in parallel to the adaptable digital controller that is
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also implemented on the same DSP. Tinker [23] has proposed
to introduce an analog feedforward circuit in parallel to the
digital feedforward controller, with an adaptable gain.

In adaptive signal-processing methods that are based on
an adaptable analog filtering and the continuous-time LMS
algorithm, the analog states are obtained by using all-pass
filters [24], low-pass filters [25], adaptable state-space filter
[26], or other approaches, see [27] and the reference therein.
When all-pass filters are used, they have been classically
designed using Laguerre or Kautz filters, whose group delay
approximation is valid only at a small frequency bandwidth,
compared to the Padé or Equiripple approximations [28].

In this work, a parallel analog and digital adaptive feedfor-
ward (ADAF) controller is introduced. The parallel adaptable
analog filter enables the elimination of the controller’s latency
by realizing the initial transient response, while the digital
filter is used to obtain good attenuation for realistic decay
rates by realizing the later transient response of the controller’s
impulse response.

The novelty of the proposed controller is the fact that it
enables the digital adaptation of several gains for the analog
filter in real-time using the digital controller. This is achieved
with different secondary path models for the analog and digital
paths. The analog controller is designed using a 2nd order
Padé approximation, which has larger frequency bandwidth
compared to the same-order Laguerre approximation but can
still be readily designed using an RC-opamp circuit, unlike the
Equiripple approximation. These filters do not aim to obtain
specific IIR responses but to approximate delay elements. The
output of each state filter is passed through adaptable gain
elements, and then all the analog states and the digital filtered
control signals are summed to obtain the control signal that
excites the speaker.

The ADAF controller structure is based on a conference
proceeding [29] previously published by the authors. Although
this only includes a simulative study comparing two possible
structures for the analog delay tap for a pure delay scenario
with no additional dynamics. It was found in [29], based on
the simulations, that it is preferred to use a parallel approach
to the analog filter over a series design, and this is adopted
here. But now, a detailed analysis of the algorithm is discussed
together with its real-time implementation and an experimental
study of its performance.

The paper is organized as follows: Section II presents the
system used for the case-study in Section II-A, the ADAF
controller structure is shown in Section II-B, and the analytical
derivation of the adaptation law for the digital and analog
filters are derived in Sections II-B1 and II-B2, respectively.
Section III presents the real-time experimental results. The
design of the analog filters is described in Section III-A, then
the results of the impulse response estimation experiments
are shown in Section III-B, and finally, the experimental
results of the ADAF varification experiments done in the
anechoic chamber are reported in Sections III-C and III-D. The
discussion and conclusions drawn based on the experimental
results are reported in Section IV.

Fig. 1. Photo (a) and model (b) of the customized headphones.

II. PARALLER ANALOG AND DIGITAL ADAPTIVE
FEEDFORWARD CONTROLLER FOR ACTIVE NOISE CONTROL

FOR SINGLE-CHANNEL APPLICATIONS

This section will first describe the system used for the case
study of the proposed parallel ADAF controller, and then the
algorithms used for the implementation of the single-channel
ADAF are derived.

A. System description

Figure 1 shows the customized headphones and the speaker
and microphone configuration that are used in this work.
A Beyerdynamic DT 770 Pro headphones are used, which
were integrated with both reference microphones and error
microphones in the shell of the ear cups and inside the ear
cups, respectively, as shown in Figure 1(b). All microphones
were omnidirectional electrets. To not over-complicate the
ADAF derivation, only a single channel is considered here,
namely that of the left ear cup of the headphones, shown
in Figure 1(a). However, a similar algorithm can be readily
derived for a multichannel system on the basis of the 2 by 2
algorithm proposed in [30].

B. Parallel controller structure

Figure 2 shows the proposed block diagram of the ADAF
controller. In the block diagram, continuous signals are de-
noted as (t), sampled signals by [n], and filtered signals are
denoted with an apostrophe to distinguish them from the orig-
inal signals. x(t), d(t), and e(t) denote the physical reference,
disturbance, and error signals, respectively. P and S represent
the primary and secondary paths. Fx, Fe, and FR represent
the reference signal anti-aliasing filter, the error signal anti-
aliasing filter, and the reconstruction filter, respectively. x′[n]
and e′[n] are the sampled and low-pass filtered reference
and error signals, filtered by Fx and Fe, respectively, with
t = nh, h being the sample time. Wa and Wd represent the
analog and digital adaptive feedforward filters. u(t) denotes
the control signal, which is the ADAF output, and it is the
sum of u(t) = ua(t) + ud(t), where ua(t) is the output of
the analog filter and ud(t) is the reconstructed output of the
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Fig. 2. Block diagram of a parallel analog and digital adaptive controller. Fx
and Fe denote the anti-aliasing filters used for the sampling of the reference
and error signals, and Fr denotes the reconstruction filter.

Fig. 3. Block diagram of an analog adaptable state-filtered linear combiner.

digital filter after filtering it with FR, and y(t) is the control
action at the error location.

1) Adaptation of the digital filter: The digital feedforward
filter considered here is an FIR filter with K taps, and its
input-output relation is given by:

ud[n] = Wd[z] ∗ x′[n] =

K−1∑
k=0

wd,kx
′[n− k], (1)

where ∗ denotes the convolution operator, and Wd[z] =∑K−1
k=0 wd,kz

−k. The normalized FxLMS (NFxLMS) method
can be used to update the digital filter weights, wd,k, at each
iteration:

wd,k[n+ 1] = wd,k[n] + µd[n]r
′[n− k]e′[n], (2)

where

µd[n] =
βd∑K−1

k=0 r′[n− k]2 + εd
, (3)

denotes the normalized adaptation gain, for a positive constant
step-size 0 < βd, and a small positive constant, εd, that is
added to ensure finite adaptation gains. r′[n] = Ŝ′[z] ∗ x′[n]
in (2) is the sampled filtered reference that is obtained from
the convolution of the sampled reference signal x′[n] with the
model of the sampled secondary path Ŝ′ that combines the
model of the physical analog secondary path with the sampling
effects of the reconstruction and the error anti-aliasing filters,
ADC, and DAC.

2) Adaptation of the analog filter: An analog adaptable
state-filtered linear combiner with L states is considered for
the analog filter, as the one shown in Fig. 3, where Gl(s), l =
0, 1, . . . , L−1 denotes the state filters, x̃l the lth filtered state
reference, wa,l are the adaptable gains, and ua,l are the states’
control signals. The analog filter input-output relation is given
by:

ua(t) =

L−1∑
l=0

wa,l(t) (Gl(s) ∗ x(t)) . (4)

The state filters are chosen as a 2nd order all-pass filters
[29], each tuned based on the Padé approximation for the
required delay τl:

Gl(s) =
1

4

s2 − 6τ−1
l s+ 12τ−1

l

s2 + 6τ−1
l s+ 12τ−1

l

≈ 1

4
e−τls, (5)

and G0(s) = 1, such that x̃0(t) = x(t) is the direct analog
feedthrough signal.

The adaptation of wl is in the spirit of the original derivation
of the FxLMS [4], [20]. Here, the normalized projection algo-
rithm is used [31], [32], and the adaptation law in continuous
time is given by:

ẇl(t) = γ(t)e(t)rl(t), (6)

where
γ(t) =

α∑L−1
l=0 rl(t)2 + 1

, (7)

denotes the normalized adaptation gain for a positive constant
α > 0. In (6), e(t) denotes the error signal, and rl the l filtered
state, given by rl(t) = Ŝ(s)∗Gl(s)∗x(t),where Ŝ is the model
of the physical analog secondary path.

A major limitation in implementing the normalized pro-
jection is the need to filter the continuous states with the
secondary path model, Ŝ, to obtain the filtered state rl.
Therefore, a sampled version of the adaptation is used, which
is found to be equivalent to the NFxLMS. By denoting wl[n]
the value of the state gain at time t = nh, and assuming that
it remains constant between consecutive samples, the solution
of the adaptation ODE of (6) is given by:

wl(t) = wl[n] +

∫ t

nh

γ(t̃)e(t̃)rl(t̃)dt̃, n < t/h ≤ n+ 1. (8)

And for the consecutive sample time t = (n+1)h one obtains

wl[n+ 1] = wl[n] +

∫ (n+1)h

nh

γ(t̃)e(t̃)rl(t̃)dt̃. (9)

Thus a recursive adaptation law can be obtained with
reasonable accuracy by estimating the integral value between
two consecutive sampling times. Assuming zero-order hold,
i.e., the signals are constants between sample time, yields the
following approximation:∫ (n+1)h

nh

γ(t̃)e(t̃)rl(t̃)dt̃ ≈ µa[n]e[n]rl[n], (10)

where µa[n] = hγ[n] can be obtained using the normalization
law of (3), with a small positive regularization factor in the
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Fig. 4. Block-diagram of the ADAF using NFxLMS adaptation laws for the
analog and digital controllers.

denominator of εa. The filtered-reference signal used in this
adaptation law can be computed digitally as rl[n] = Ŝ[z] ∗
Gl[z] ∗x[n], where Ŝ[z] = Z

{
L −1 {S(s)}

}
is the sampled-

time model of the analog secondary path S(s), and Gl[z] is the
sampled-time state filter. If the analog state-filter delay times
τl are all chosen as integer multiplication of the sample time,
then τl = clh, cl ∈ N. In that case, since Gl(s) was designed to
mimic discrete delays, its sampled counterpart can be modeled
as pure delay, i.e., Gl[z] = blz

−cl , for b0 = 1, and bl = 1/4
for l = 1, 2, . . . , L − 1. The recursive adaptation law is the
same as the NFxLMS:

wl[n+ 1] = wl[n] + blµa[n]e[n]blr[n− cl], (11)

where r[n] = Ŝ[z] ∗ x[n].
In reality, anti-aliasing filters must be used before the ADC

to obtain e[n] and x[n] used in the adaptation law of (11).
However, unlike the sampled version, the analog error path
does not contain the reconstruction filter. The anti-aliasing
filters used to filter both signals can have the same response,
since doing so also accommodates the presence of the anti-
aliasing filter in the error signal used for the filter adaptation
and ensures that the same phase delay is added to the sampled
reference and sampled error signals.

The block diagram presented in Fig. 4 shows the proposed
adaptation for both the analog and the sampled filters used in
the ADAF.

III. REAL-TIME IMPLEMENTATION

The performance of ANC headphones depends on the
direction of the incident sound field [1], [30]. This can be
attributed to the causality of the controller [33], meaning that
the delay of the overall secondary path from the reference
microphone, via the controller and the loudspeaker, to the
error microphone must not be longer than the delay of the

primary path from the reference sensor to the error sensor. The
ADAF controller proposed here aims to minimize the latency
associated with the controller and, by doing so, ensure that
the causality is maintained. The customized headphones were
placed on a dummy head as in Fig. 1(a), and the reference
and error microphones of the left ear cup were measured,
the speaker at the left ear cup was used as the secondary
source, and a Genelec 8020D loudspeaker was used to generate
the primary noise field. A Kemo VBF17J variable filter was
used for the anti-aliasing and reconstruction filters, a Yamaha
MLA8 mic line amplifier was used for the microphones, and
an LD HPA4 amplifier for the headphones’ speaker. The anti-
aliasing filters were chosen to be the same, as suggested in
Section II-B, as low-pass filters with bandwidths of 1 kHz, and
the reconstruction as a low-pass filter with a bandwidth of 1.6
kHz. A dSPACE DS1103 controller was used to measure the
signals and to implement the digital filter and both adaptation
algorithms. A sample rate of 10 kHz was used, which gives a
sample time of h = 0.1 milliseconds.

A. Design of analog filters
In this section, the design of the prototype analog circuits

required for the ADAF controller is described. In the cur-
rent experiments, only two states were considered for the
analog filter. The direct feedthrough and a state that aims
at approximating a delay of 3h which was chosen since
the overall delay of the digital controller was estimated at
about 7h. To obtain the delayed analog state, an all-pass
filter was designed based on the RC-opamp circuit of Fig. 5
with a TI µA741 general-purpose operational amplifiers, 2
capacitors with the same capacitance value C = 474 nF, and
4 potentiometers that were tuned to the following resistance
values: R1 = R3 = 157.5, R2 = 210, R4 = 52.5Ω. Each of
the states was passed via a Maxim Integrated MAX5481 10-
bit programmable voltage-divider, controlled by the dSPACE
in its up/down digital interface. The two analog channels and
the digital filter output were then summed using an inverted
summing amplifier with a TI µA741 op-amp and resistors
values of Ra0 = 3.9, Ra1 = Rd = Rf = 1MΩ, such that
its output is given by:

u(t) = −
(
Ra0

Rf
ua0(t) + ua1(t) + ud(t)

)
, (12)

where ua0 = a0

1023x(t) and ua1 = a1

1023G1(s) ∗ x(t) are the
analog control signals associated with the direct feedthrough
and the first filtered analog state, a0, a1 = 0, 1, . . . , 1023 are
the values of each of the voltage dividers, and us(t) is the
output of the digital control filter pass via the reconstruction
filter. The gain of Ra0/Rf = 1/3.9 was used for ua0 to have
a similar resolution to both the analog filter states since the
steady-state gain of G1(s) is G1(0) = R4/R2 = 1/4. More
integrated and elegant designs of analog filters with adaptable
gains can be envisaged for a commercial system, but the aim
here was to demonstrate the principle of the ADAF.

B. Impulse response estimation
A preliminary experiment was carried out to estimate the

impulse responses of the analog secondary path from the
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Fig. 5. Electrical component diagram of the all-pass filter (a) and inverting
summing amplifier (b) used for the analog filter.

Fig. 6. The measured finite impulse responses of the secondary paths required
for the ADAF algorithm. Ŝ denotes the physical analog secondary path, and
Ŝ′ the sampled secondary path.

loudspeaker to the error microphone and the sampled sec-
ondary path that includes the filters and sampling delays. The
headphone left loudspeaker was excited with a bandlimited
noise with a bandpass between 20-2000 Hz. Both systems
were modeled as FIR filters with 64 taps, and their impulse
responses were fitted using a normalized LMS algorithm. The
impulse responses of the low-pass filters used as the anti-
aliasing and reconstruction filters, the analog state filter, and
the inverting summing amplifier were also estimated using a
similar procedure. Fig. 6 shows the measured secondary paths.
In Fig. 6, Ŝ is the identified impulse response of the physical
analog secondary path required for the analog filter adaptation,
and Ŝ′ is the sampled secondary path, which includes the
anti-aliasing and reconstruction filters, that is needed for the
adaptation of the digital filter.

The measured response of the analog state filter is shown
in Fig. 7(a), its magnitude spectrum, |Gl(2πf)|, is shown in
Fig. 7(b), and its group delay, defined as

τgl(ω) = −dGl(ω)

dω
, (13)

is shown in Fig. 7(c). It is noted that the magnitude spectrum
of Fig. 7(b) is constant at around 0.25, up to 1700 Hz and
that the group delay of Fig. 7(c) is also nearly constant up to
800 Hz. The measured group delay in that frequency range is
slightly below the design target of 3h, i.e. 0.3 milliseconds,
due to the tolerances of the analog components. The frequency
bandwidth of the delay element approximation affects the
obtainable bandwidth of the analog control filter. The fact
that the group delay at the passband is not exactly equal
to an integer product of the sample rate can also affect the
overall performance. However, no further attempts were made

Fig. 7. The measured impulse response (a), magnitude spectrum (b), and
group delay (c) of the analog state filter, G1(s)

to minimize these effects here since it was desired to test the
proposed ADAF algorithm as is.

C. Anecohic chamber experiments

The performance of the proposed ADAF controller was then
tested in the anechoic chamber at the Institute of Sound and
Vibration Research. The Genelec speaker was used to excite
the primary noise and was moved to several positions around
the chamber, always facing the dummy head. Figure 8 shows
the three locations that are reported here. Namely, the case
where the loudspeaker was placed in front of the dummy
head face, where it was placed about 45◦ deg relative to the
dummy head, and when it was placed left of the dummy head.
These positions are referred to as orientations I, II, and III,
respectively.

In these experiments, the analog reference signal was ob-
tained by amplifying the microphone positioned at the outer
shell of the left ear cup using the Yamaha MLA8 amplifier,
with no additional filtering. Similarly, the sampled reference
and error used for the digital controller and for the adaptation
were obtained by amplifying the microphones located at
the outer and inner shell of the left ear cup, respectively.
Both signals were filtered using low-pass filters with 1 kHz
bandwidths and then sampled using the dSPACE DS1103 at a
rate of 10 kHz. The analog output of the dSPACE DS1103 was
first filtered using a low-pass filter with 1.6 kHz bandwidth,
then summed with the analog filters’ outputs, and amplified
using the LD HPA4 before being fed into the left headphone’s
speaker.

A block-based normalized filtered-reference LMS (BN-
FxLMS) was used for the adaptation of the filters, which is
based on the NFxLMS proposed in Section II-B. This was
done to accommodate the fact that the digitally-controlled
voltage dividers used for the analog filter adaptation assume
a discrete and finite number of values, and so had a finite
resolution, which in this case was comparable to the NFxLMS
step size. A buffer of 1 second was used, that contains
N = 10000 samples of the low-passed filtered reference and
error signals. Instead of the adaptation law of (2) and (11), the
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Fig. 8. Experimental setup in the Anechoic chamber for orientations I (a), II
(b), and III (c).

BNFxLMS adaptation law was used such that:

wd,k[n+ 1] = wd,k[n]−
N−K−1∑

i=0

µd[n]r
′[n− k − i]e′[n− i],

(14)

wa,l[n+1] = wa,l[n]−
N−L−1∑

i=0

µa[n]r[n− l−i]e′[n−i], (15)

although similar to before, but written here again for com-
pleteness, the normalized adaptation gains are given by

µd[n] =
βd∑N−1

i=0 r′[n− i]2 + εd
, (16)

µa[n] =
βa∑N−1

i=0 r[n− i]2 + εa
, (17)

for small positive εd and εa, and positive constant step-size
βd and βa.

The BNFxLMS was used for each of the speaker orienta-
tions to adapt a total of five controllers. The five controllers’
results will be labeled in the rest of the text as ”D” for the
case when only the digital controller Wd is used, ”A” when
only the analog controller Wa is used, ”D+a0” when the 0th
analog state, or analog feedthrough, is used with the digital
controller Wd+wa,0, similarly ”D+a1” when the 1st analog
state, or filtered analog reference signal, Wd + wa,1, finally
”ADAF ” when both Wd and both stated of Wa are used.

The constants of (16) and (17) were set as: βd = 0.025,
βa = 50, and εd = εa = 0.01. The product of the

analog controller adaptation step size and the voltage divider
resolution is the adaptation gain for the analog weights, such
that βa,eff = βa∆V = 50/1024 = 0.0488. Therefore the
two step-sizes of both controllers are of the same order of
magnitude.

The primary noise was generated by passing a white noise
via a bandpass filter with a passband between 70-600 Hz,
stopbands below 50 Hz and above 1000 Hz, and stopbands’
attenuations of 60 dB. Each controller was adapted from zero
initial conditions for 200 seconds to obtain the steady-state
controller. Each controller was then tested for 30 seconds
using a new realization of the generated noise with similar
properties.

Figure 9 presents the magnitude levels in the frequency
domain of the disturbance and the residual error for each of
the steady-state controllers for a chosen reference level. The
measured spectrums were obtained by using Welch’s method
with a Hamming window of 2500 samples, equivalent to 0.25
seconds, and 50% overlap. It is noted that except for when
only the analog controller, A, is used, all controllers obtain
significant attenuation between 120–560 Hz. Between 560–
670 Hz, the D and D+a1 controller magnitude is above that of
the ANC off case for orientation I, but their magnitude at these
frequencies remains low relative to the peak noise magnitude.
Above 670 Hz, some amplification levels are observed for
all controllers and in all three orientations. However, this
is inside the noise bandpass transition zones, and as seen,
the controllers’ magnitudes at these frequencies are smaller
compared to their magnitudes in the noise passband between
100–600 Hz.

Overall, in the noise passband, the performance of the D+
a1 and ADAF is superior to that of the other controllers for
all three cases. Not much difference can be seen between the
two best controllers. The next best controller seems to be the
D + a0. This is mainly notable for Orientation I, when the
primary noise delay is the shortest. Based solely on the results
of Fig. 9, it is hard to make any quantitative or qualitative
assessment of the differences between the three orientations.

Table I report the steady-state noise reduction (NR) of
each controller at each orientation between 20–2000 Hz in
dB. Based on Table I, it is verified that the largest NR is
obtained for orientation III, as expected from the theory. When
comparing the obtained NR of each controller for the three
orientations, it is noted that while D, D + a1, and ADAF
controllers’ NRs do become better as the speaker is oriented
towards the left of the dummy head, the A and D + a0
controllers’ NR does not. A similar pattern is seen in both
cases, where the NR of orientation II is the smallest, and the
NR of orientation I is the biggest. Finally, for orientations I
and II, no clear preference is noted between D + a1 and the
ADAF controllers. However, for orientation III, the D + a1
NR is about 1 dB larger than that of the ADAF . This is
thought to be due to the finite resolution around zero of the
voltage dividers.
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Fig. 9. Steady-state spectral levels for the measured disturbance and residuals error for the five steady-state controllers for orientations I (a), II (b), and III (c).
In the legend, D stands for the case when only the digital controller is used, A when only the analog controller is used, D + a0 when the digital controller
and the analog feedthrough are both used, D + a1 when the digital controller and the filtered analog signal are used, ADAF when both the digital, analog
feedthrough, and filtered analog signal are used, and ANC off is the normalized disturbance when no control is applied.

TABLE I
NOISE REDUCTION IN DB BETWEEN 20–2000 HZ FOR THE THREE

ORIENTATIONS AND STEADY-STATE CONTROLLERS.

D A D + a0 D + a1 ADAF

Orientation I 11.3 0 13.5 16.3 16.4

Orientation II 11.6 -0.5 12.8 17.4 17.2

Orientation III 12.2 -0.3 13.3 18.6 17.6

D. Controllers’ filter impulse responses

The continuous time steady-state impulse response of each
of the controllers was computed as

w(t) = −
(

1

3.9
wa,0g0(t) + wa,1g1(t) +R(s) ∗ wd(t)

)
(18)

where wd(t) = wd,k, kh ≤ t < (k+1)h, g0(t) = δ(t), g1(t) is
the estimated impulse response of the state filter, G1(s), shown
in Fig. 7, and R(s) is the identified model of the reconstruction
filter, which was identified using the procedure described in
Section III-B. The Wiener filter controller was also fitted
offline, using the measured reference and disturbance signals
in the case of no control. However, it was found that the
Wiener filter impulse response depends heavily on the choice
of regularization factor and so was not used in the comparison.

Figure 10 shows the continuous-time impulse response of
the different steady-state controllers for the three orientations.
The impulse response of the analog controller is not shown
since it performs badly. For each orientation, the longer-term
response is also shown in the enlargement. From the initial
transient of the impulse responses, it is noted that the impulse

response of the purely digital controller, D, is relatively small
in absolute values compared to the other impulse responses.
The D + a1 and ADAF controllers’ impulse responses are
smooth. But while the ADAF and D + a0 initial values are
negative, the D + a1 initial value is positive. The D + a0
transient response is then comparable in its magnitude to
that of the D transient response. The positive initial value
seen for the D + a1 is due to the undershot of the state-
filter g1(t) seen in Fig. 7(a). The impulse responses of the
D+a1 and ADAF controllers are very similar after about 0.1
milliseconds, reflecting their similar performance in Table I.

IV. DISCUSSION AND CONCLUSIONS

A parallel adaptable digital and analog filter (ADAF) was
considered for ANC in a headphone application. The analog
filter is based on an adaptable state-filter linear combiner. An
analog all-pass filter was designed using an RC-amp circuit
as the state-filter to approximate the desired analog delay. By
choosing the state-filter delay time to be equal to an integer
product of the base sample time, the NFxLMS can be used for
the analog weights adaptations, although it was shown that in
practice this assumption is not critical.

A two states analog controller was designed and its variable
gains were implemented using 10-bit linear voltage dividers
that were controlled using a dSPACE RTI platform. A prelimi-
nary experiment was carried out to identify the physical analog
secondary path and the sampled secondary path required for
the filters’ adaptation. In this work, the state filter, anti-aliasing
filter, and reconstruction filter impulse responses were also
identified. However, this is not necessary for the proposed
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Fig. 10. Impulse responses of the steady-state controllers for orientations I (a), II (b), and III (c). Due to the large values at the initial time, the enlargement
of each subplot shows the zoomed-in responses at times above 0.3 ms. In the legend, D stands for the case when only the digital controller is used, D+ a0
when the digital controller and the analog feedthrough are both used, D+ a1 when the digital controller and the filtered analog signal are used, and ADAF
when both the digital, analog feedthrough, and filtered analog controllers are used.

adaptation algorithm but was done only to enable a better
understanding of the results.

Next, the ADAF performance was tested in an anechoic
chamber for different orientations of the primary noise source.
It was verified that the digital controller performance de-
pends on the direction of the primary noise. Moreover, for
all orientations, the addition of any of the analog elements
considered, the direct feedthrough, the first state filter with
an approximately 0.3 milliseconds delay, or both, improve the
overall noise reduction compared to using only the digital one.
While the addition of only the direct feedthrough improves
the NR by about 1 or 2 dB and is most affective when the
noise source was placed directly in front of the dummy head,
the use of the analog state filter contributes to an increase
in the NR of about 5 to 6 dB regardless of the orientation.
No additional improvement was seen when using both analog
states compared to only using the first analog state-filter.

The continuous-time impulse responses of all steady-state
controllers were compared. When only the first state-filter
was used, a positive initial value was seen, unlike all the
other controllers’ initial values, which were negative. The
sign change of the initial value is due to the negative initial
value of the 2nd-order all-pass filter used in the approximation
of the required delay. A higher-order state-filter could be
designed using either the Padé or a least-squares Equiripple
approximation to minimize the undershot.

Conventionally, the processing delay in active control sys-
tems is reduced by using a very fast sample rate, which in-
creases the computational effort and can lead to numerical ill-
conditioning and misadjustment. The theoretical observations
and experimental results here show that it can be advantageous

to not only include an adaptable analog feedthrough path in a
sampled implementation but also to include additional analog
state-filters.
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