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Abstract
Most of the active noise and vibration control applications are intended to globally reduce physical quantities
such as sound pressure or structural vibration. However, there are other situations where not only through
controlling the magnitude but also (or merely) by the relative phase of the components of the periodic dis-
turbance, a system could lead to desired results. Synchronization of chaotic systems, vibration of hysteretic
systems and the recently investigated sound quality control based on auditory Roughness are examples of
such situations. This paper presents an active control scheme which features the independent controlling of
the amplitude and/or relative phase of a number of harmonic components of disturbances such as the internal
combustion engine noise. A delayless, frequency-domain approach based on time-domain algorithms such
as the PSC-FxLMS and the NEX-LMS is the core of the control scheme. Also, an algorithm for estimat-
ing and resolving slight frequency variations is included into the controller, which guarantees relative phase
control of the desired components of the disturbance. The proposed scheme can tackle pure harmonic-level
problems (e. g. Loudness) as well as more complex multi-harmonic problems (e. g. Auditory Roughness)
thus presenting a complete sound quality control system that is capable of exploring a wide range of possi-
bilities in vehicle sound design. Computer simulations are conducted to demonstrate the capabilities of the
adaptive control algorithm.

1 Introduction

Current active noise control and/or active noise equalizer systems are proposed to tackle amplitude-level
problems, without regarding the spectral nature of the source. Even if the incoming signal is broadband or
narrowband, the main objective is to deal with its amplitude. Loudness requirements, as the most related
psychoacoustic metric with the magnitude of the sound/vibration [1, 2], can be met by reducing or, rather
equalizing some components of the incoming signal.

Auditory Roughness has been shown as well-correlated psychoacoustic descriptor with the engine sound [1–
7], once that amplitude and/or relative phase interactions of the harmonic components lead to the psychoa-
coustic phenomena, thus inducing the passengers a subjective perception commonly qualified as annoying
[3], rumble [8] and/or muddy [9].

Current narrowband harmonic control schemes could be successfully arranged in parallel by using the
common-error approach [10], to deal with the phenomena by controlling the amplitudes [7, 11–13], on
the basis that the theorem of superposition allows to arrange as many in-parallel schemes as it will be nec-
essary [12]. However, the Zwicker and Fastl’s [14] auditory roughness model, subsequently confirmed by
Pressnitzer and McAdams [15], shows that not only the amplitudes, but the phase interactions among the
engine orders have to be taken into account, if rumbling (or auditory roughness) is settled as a sound quality
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target [16]. Therefore, besides classical active sound-profiling [12] which attempts to improve sound quality
by changing the amplitudes of the engine orders, a multi-harmonic active amplitude and/or phase controller
aiming to expand the possibilities regarding the sound quality of the engine noises is presented in this paper.

Thanks to the independent control feature of the amplitude and/or the relative phase of the engine order/half-
order, the algorithm can be used in level, tonal and/or multi-harmonic problems, as described in Oliveira’s
classification for vehicle interior noise problems [9]. Section 2 is devoted to describe details of the algorithm.
A scheme for relative phase controlling is presented in Section 3. The proposed algorithm was extensively
simulated in three scenarios, presented in Section 4. Finally, conclusions are stated in Section 5.

2 An adaptive controller for amplitude and relative phase control of
periodic disturbance

Perception of auditory roughness can be tackled by altering the ak amplitudes and/or the θk relative phases
(Eq. (1)) of three nearby components of a multi-harmonic sound [15]. As shown in previous research [6, 10],
the psychoacoustic phenomenon can be successfully resolved by using magnitude-based approaches which
attempts to equalize the amplitude of the responsible engine orders. However, as the auditory roughness
could be modified by controlling the relative phases of the components without altering their amplitudes
[7, 16], a new active control approach might be devised aiming to tackle both parameters of the narrowband
components. Thus, the former idea of generating the counter-phase control signal intended to superpose the
incoming disturbance is slightly modified through this paper.

To this end, a feedforward adaptive control scheme is proposed to deal with multi-harmonic signals. It is a
known fact that interactions among three nearby integer and/or half-order components [3, 5, 8] are the cause
for auditory roughness perception. As multi-harmonic disturbances can be mathematically expressed as a
sum of O narrowband components, as follows:

d(n) =
O∑

k=1

ak(n)e−j(ωk(n)+θk(n)), k = [1, 2, . . . , O], (1)

which in the engine noise case O denotes the number of orders composing the incoming signal and ϕk(n) =
ωk(n) + θk(n) represents the phase function of the narrowband component, discrete Fourier transforms are
implemented in the controller to acquire the amplitude and phase information of the narrowband components.
Thus, the controller operation is performed in two stages: a frequency-domain update of the weights of the
controller, and the generation of the control signal in the time domain.

In Figure 1(a) the proposed control algorithm is outlined. It is important to remark that an essential condition
for relative phase control is that of minimizing possible frequency mismatches between the narrowband
components of the input disturbance and the reference signals.

2.1 Operation of the system

As the incoming engine sound d(n) denoted in Equation (1) is not directly accessible by the controller, the
system must produce its estimate d̂(n), suitable to be analyzed by the spectral analysis algorithm. From the
control scheme in Figure 1(a), the error signal e(n) can be stated as follows:

e(n) = d(n)− y(n)
= d(n)− S(z)[wT (n)x(n)]

(2)

The primary disturbance d̂(n) is then estimated by using a regressor [17] stated as follows:

d̂(n) = e(n) + Ŝ(z)
[
wT (n)x(n)

]
(3)
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(a) (b)

Figure 1: (a) Proposed control algorithm; (b) Implementation of Eq. 10 in the controller

Equation (3) shows that the quality of the regressor depends strongly on the accuracy of the secondary
path estimate Ŝ(z). Provided that S(z) = Ŝ(z), the spectral analysis of d̂(n) will lead to an accurate
estimation of both amplitude and relative phase values of d(n). Furthermore, assuming that the components
of the incoming signal are well-separated in the frequency domain, the information can be properly resolved
provided their frequencies lies into N Fourier bins [18].

As order balancing rather than order reduction is desired, a pseudoerror E
′

is calculated to trick the adaptive
algorithm [7], thus converging into other than the global optimum in the performance surface. To this end, the
system error is operated with a desired amount of the estimated primary disturbance (i.e. with the command
signal [12]), then the adaptive algorithm will use the residual to calculate the desired convergence point.

As depicted in Figure 1(a), the estimated primary disturbance d̂(n), the error e(n) and the filtered reference
x′(n) are operated directly in the frequency domain. A previous buffering of these quantities is needed to
perform the required Fourier analysis. Furthermore, as the system is intended to deal with real-value signals,
only the (N/2)+ 1 bins of the discrete Fourier transform are needed to perform the subsequent calculations.

2.2 Adaptive weights updating

Among the well-known advantages of frequency-domain approaches over time-domain LMS algorithms
[17, 19, 20], the convergence speed and the improved gradient estimation are the most representative [21].
The update of the controller weights is performed by the complex-domain unconstrained fast block least
mean squares (FBLMS) algorithm [17], which implemented in the frequency domain leads to frequency-
domain block least mean square algorithm [17, 19]. In order to tackle slight frequency deviations and non-
stationary events, a complex-domain SF- (acronym for Simplified Form [21]) algorithm is implemented to
improve the gradient estimate and therefore the system response. Thus, the updating algorithm is performed
in two stages: a weighting of the product between the recent instantaneous error and the filtered reference
signal by using a forgetting factor ρ, for each Fourier bin, and the calculation of the (l + 1) (block-index)
adaptive weights wk, for each Fourier bin as well, as follows:

γk(l) = ργk(l − 1) + X∗
k(l)E

′
k(l) (4)

wk(l + 1) = wk(l) + 2µkγk(l), (5)

where (∗) accounts for the conjugate complex of the entity and (
′
) represents the pseudoerror. From Equation

(4), it is important to remark that as the forgetting factor equals zero, the algorithm reduces to the FBLMS,
stated in Equation (5), suitable to perform in stationary situations. As far as the SF- stage is concerned, the
forgetting factor is defined as ρ ∈ [0, 1) in order to guarantee stability of the system.
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As the resonances of the secondary path which lie in some kth Fourier bin can be treated by using a particular
µk step-size, the robustness of the system can be improved in local form. The step-size treatment is inspired
on the NEX-LMS algorithm [7], which attempts to compensate the secondary path dynamics in the form:

0.01
|Ŝ(ω)| ≤ N(ω) ≤ 0.1

|Ŝ(ω)| , (6)

such that the filtered-X signal has the same power in the frequency band of interest, thus optimizing the
performance for a fixed µk. If frequency variations ∆ω in the incoming signal are present, a fixed µk can
be settled for the kth Fourier bin, thus improving the stability of the system and reducing the computational
complexity.

2.3 Generation of the control signal

Although the update operation by using (N/2) + 1 Fourier bins involved a reduction in the computational
burden, the output of the algorithm is not yet suitable to realize the adaptive FIR controller. To obtain a
valid (L + 1)th block index representation of the controller, an inverse Fourier transform is mandatory. As
the IDFT operation requires the entire N Fourier bin vector to realize a valid inverse transform, the missing
complex conjugate part can be calculated from the updated (N/2) + 1 weights, and it is appended to the end
to form the weight vector wl+1(ω). Hence, the control stage can be performed directly in the time domain
by transforming the frequency-domain weights, which results in a delayless strategy [20].

The control signal is generated by using the (L+1)th block index weights during a period of LTs[s]. As the
buffers are all L-point and the IDFT operation results in L samples as well, the digital FIR adaptive controller
is therefore of Lth order, which compared to time-domain systems with tenths or hundred of weights for each
in-parallel system when multi-harmonic control is required, represents a sensible reduction in computation
burden.

The proposed controller offers a wide range of possibilities for the sound-profiling of N/2 narrowband
components, with N being the order of the implemented discrete Fourier transform. Active noise equalizer
(ANE) systems [7, 10–12, 20] offer three magnitude-based ga operation modes, and the new adaptive system
adds two relative phase-based gp operation modes as follows:

1. 0 ≤ ga < 1: reduction mode

2. ga = 1: inactive amplitude mode

3. 1 < ga ≤ 2: amplification mode

4. −1 ≤ gp < 0 and 0 < gp ≤ 1: phase mode

5. gp = 0: inactive phase mode

Both the magnitude and phase operation modes can be used simultaneously, for each desired narrowband
component. As each Fourier bin can be updated by using one complex weight, only (N/2) − 1 harmonic
components of the primary disturbance can be equalized in both amplitude and phase. Regarding the (N/2)+
1 narrowband component, as its frequency equals the π normalized frequency, a positive variation +∆ω will
cause the system to break the Nyquist sampling criterion, thus leading to aliasing artifacts and therefore it
must be avoided equalizing this component. On the other hand, it is straightforward to see that the k = 0
component is of no interest as it is the DC component of the incoming signal. Thus, it will be needed
summing a number of sinusoids with known initial frequencies to generate the reference signal x(n) and
controlling as many harmonic components as desired, keeping that, from Equation (1), the number of engine
orders O cannot exceed N/2 components.
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3 An algorithm for controlling the relative phase of harmonic com-
ponents

A scheme for controlling the relative phase of m narrowband components of the incoming disturbance is
proposed, which shows resemblances with phase-lock loop (PLL) systems, an idea first proposed by Rees
and Elliott [12] for aligning the phases of the command signal D̂′(ω) and the estimated primary disturbance
D̂(ω), in the face of secondary path misestimation.

Figure 2 outlines the procedure for obtaining the Fourier transform every ∆T = LTss, with L = N a
quantity of points of the Fourier transform and Ts = 1

Fs
is the sampling rate, which allows to measure

several phase, i.e. θk values, as follows:

θk(n) = arg(d̂k(n))− arg(fk(n)), (7)

(a) (b)

Figure 2: Obtaining Amplitude and Relative Phase Information

The black, dashed line in Figure 2 shows the non-physical Fourier component 2π
k , which compared with the

incoming narrowband disturbance in blue, continuous line will give the relative phase values. The stationary
phase values can be determined by using the stationary phase principle [22], stated as:

d

dn
[ϕk(n)− 2πfkn] = 0, (8)

provided that ϕk(n) oscillates faster than its amplitude function ak(n), which is commonly the engine noise
case. The frequency fk for which the phase is stationary is obtained from Eq. (8) as follows:

fk =
1
2π

dϕk(n)
dn

(9)

The phase function derivative stated in Eq. (9) can be approximated by using the current and past phase
values, and hence the instantaneous frequency fk can be estimated. Trying to converge into a desired relative
phase value θk(n) with other than the actual frequency of the kth narrowband component will cause an
invalid calculus of Equation (7), and consequently, the pseudoerror of the control system will be calculated
with a wrong phase value ϕk(n). Moreover, if the reference signal is no updated the controller will attempt
to equalize a non-existent component, with a invalid phase value, thus falling into unstable operation.

It is a well-known fact that the frequency mismatch between input and reference signals degrades signif-
icantly the performance of LMS narrowband algorithms [23–27]. An 1% of frequency mismatch leads to
severe noise reduction degradation [27], and considering phase control requirements this mismatch amount
would lead to severe output distortions, as the output phasor, i.e. u(n) representing the component of interest
would be invalid.
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In stationary situations this condition can be relaxed by fixing the frequency of the reference signal, as it is
supposed that the instantaneous frequency of the components of the incoming disturbance does not vary, and
therefore by performing the operations:

ak(n + 1) = gaak(n),
ϕk(n + 1) = mod [(πgp + θk(n)), π] , n = lLTs, l = [1 2 . . .)

(10)

both the amplitude and/or the relative phase of the component can be modified. Calculus of Eq. 10 is
performed on the frequency-domain data of the estimated disturbance d̂(n). Finally, by transforming the
polar into rectangular data, the control signal c(ω) in red, continuous line in Figure 2 is obtained, suitable to
be operated with the error signal e(ω). The factors ga and gp account for the desired amount of amplitude
and/or relative phase, respectively, for each narrowband component. It is important to remark that before to
acquire the phase values, a phase-unwrapping procedure is mandatory to remove the 2π discontinuity in the
relative phase function given by the Fourier transform.

4 Computer Simulations

Computer simulations using MATLAB R2011b - Simulink are conducted to demonstrate the capabilities of
the proposed control algorithm. Two scenarios are tested: simplified primary and secondary paths with a pure
sinusoid disturbance, as the first one, and an experimental secondary path with an 20 engine order/half-order,
201 RPM operational path analysis from 1000RPM to 6000RPM from a synthesized internal combustion
engine sound. An 8-point and 64-point FFT algorithms are implemented for the first and second scenarios,
respectively.

4.1 Pure-sinusoid Simulations

First scenario is devised to outline the controller capabilities concerning independent amplitude and/or rela-
tive phase control of narrowband components. A simplified primary and secondary paths are traced in Figure
3, whose transfer paths are taken from Sun and Meng [21]:

P (z) = z−15 − 0.3z−16 + 0.2z−17 (11)

S(z) = z−7 + 1.5z−8 − z−9 (12)

The secondary path estimate is supposed to be accurate, i.e. Ŝ(z) = S(z), for the entire simulations.

Figure 4 shows the controller behavior during convergence, and mixed operation modes. For the sake of
visualizing the convergence behavior, the controller was required to adjust the relative phase for a 256Hz pure
sinusoid disturbance, from 0rad to −πrad. Selected parameters for simulating this scenario are summarized
in Table 1.

According to Rees and Elliott [12], it is possible to converge to a desired relative phase condition, once
the adaptive algorithm, i.e. the complex-FxLMS, tries to adjust the relative phases of both the control u(n)
and command c(n) signals, as these signals possess a feedback relation [12], at the cost of increasing the
controller effort to maintain the desired amplitude of the component.

By using an 8-point FFT and a sampling rate of 2048Hz, it can be observed that the controller takes about
25 iterations to converge to desired results.
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Figure 3: Simplified primary P (z) and secondary S(z) paths
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Figure 4: Convergence and time history for 256[Hz]

4.2 Study case: Controlling Auditory Roughness

Second scenario is implemented to demonstrate the capabilities of the controller when sound quality of
an harmonic disturbance is desired. An experimental secondary path is shown in Figure 5 along with a
normalization procedure following Eq. (6) [7]. The normalization graph in Figure 5 down right has a zoom
for best viewing of the frequencies ranging from 0Hz to 512Hz.

By using the Janssens algorithm [5] for calculating an order-based auditory roughness, an RPM profile is
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Figure 5: Realistic secondary path Ŝ(z) estimate and normalization

obtained. Figure 6 shows the behavior of the mentioned psychoacoustic metric along the engine speeds.
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Figure 6: Roughness vs. RPM profile

From the Roughness vs. RPM profile, the highest value, i.e. 5750RPM engine speed is selected for demon-
strating the controller properties. By using a methodology for identifying the responsible orders/half-orders
for auditory Roughness perception [13], the set of narrowband components are proven to be the integers 1.0,
2.0 and 3.0 ones. By using the set of identified responsible engine orders, next step aims to control auditory
Roughness by means of amplitude and relative phase manipulations. To this end, a 64-point FFT is imple-
mented in the controller which leads to a improved frequency-domain resolution. Table (1) also summarizes
the chosen controller parameters for this scenario.
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Scenario N -FFT Engine Order Freq. Hz Fk bin µk ρk

Sinusoid 8 - 256 1 5.0e−03 0.1

5800RPM 64
1.0 95.83 3 3.5e−03 0.1
2.0 191.67 6 5.0e−03 0.1
3.0 287.50 9 3.5e−03 0.1

Table 1: Parameters for simulation scenarios

In Figure 7, the controller results in amplitude are shown. Five amplitude operating modes are tested, with
ga = [0.0, 0.5] being the reduction modes, ga = 1.0 the inactive amplitude mode and ga = [1.5, 2.0] the
amplification modes. The dashed lines show the controlled narrowband components, where the black line
represents the 1.0 engine order, the red line the 2.0 engine order and the blue line the 3.0 engine order.
Figure 7 demonstrates the selectivity of the controller, as the nearby narrowband components does not result
affected by the controller operation. Also, higher reduction capabilities are shown in the mentioned Figure.
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Figure 7: Amplitude control of the narrowband components

As sound quality is concerned, the result of realizing active control upon the disturbance can be correlated
to the aforementioned psychoacoustic metric. Assuming that the results reported in Figure 7 are stationary,
the Janssens algorithm [5] can be employed to assess the results. Table (2) organizes the numeric results and
reports the final auditory Roughness perception after control. It can be noticed that, auditory Roughness can
be significantly controlled by rather equalizing the responsible components. A desired roughness condition
can be reached by using the proposed controller. Also, it is important to realize the sensibility of the metric
when amplitude dealings are performed, noting final roughness perceptions from 0.5 asper to 1.0 asper.

Order ga = 2.0 ga = 1.5 ga = 1.0 ga = 0.5 ga = 0.0
dB asper dB asper dB asper dB asper dB asper

3.0 106.46
1.00

103.96
0.98

100.44
0.78

94.42
0.56

55.42
0.493.5 105.11 102.61 99.07 93.01 53.36

4.0 97.67 95.20 91.74 85.91 67.94

Table 2: Controller results (amplitudes) and their correlation with auditory Roughness

Results shown in both Figures 7 and 8 are obtained before terminating two (2) seconds of continuous oper-
ation. In Figure 8 the controller results in relative phase are shown. Five relative phase operating modes are
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tested, with gf = [−1.0,−0.5] and gf = [0.5, 1.0] being the phase modes, and gf = 0.0 the inactive phase
mode.
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Figure 8: Relative phase control of the narrowband components

In order to get understanding of the results, some extra markers are placed in to remark the modifications of
the 1.0 engine order. As delay or for the mentioned component can be desired, the modes gf = [−1.0,−0.5]
are pointed out: for gf = −0.5 it is shown that the new relative phase of the component has been changed to
-3.04rad, and for gf = −1.0 the new relative phase is 1.66rad, once the relative phase is a module function
of π. In a similar fashion, results can be interpreted for the other controlled engine orders.

Ordem gf = −1.0(−π) gf = −0.5(−π/2) gf = 0.0 gf = 0.5(π/2) gf = 1.0(π)
rad asper rad asper rad asper rad asper rad asper

3.0 1.66
0.43

-3.04
0.34

-1.46
0.67

0.1
0.71

1.66
0.433.5 0.15 1.71 -2.98 -1.41 0.15

4.0 -1.41 0.1 1.59 -3.06 -1.41

Table 3: Controller results (relative phases) and their correlation with auditory Roughness

Table (3) summarizes the numeric control results when relative phases of the narrowband components are
controlled. It can be observed that the psychoacoustic metric is less sensible to relative phase dealings than to
amplitude modifications, noting a range from 0.34asper to 0.71asper. As expected, relative phase results for
−π and π must be the same, as −πrad = πrad, and therefore the roughness perception for both situations
resulted the same.

5 Conclusions

In this paper, an adaptive controller for amplitude and relative phase control of periodic disturbance is pre-
sented. Computer simulations are conducted to demonstrate features such as the independent control of both
amplitude and relative phase, low computational burden and convergence speed. By controlling auditory
Roughness perceived in an synthesized acoustic emission from an internal combustion engine, ability for
selective dealing with multi-harmonic disturbances is successfully demonstrated. The control results shows
that it is possible to significantly affect the overall roughness of a multi-harmonic noise by manipulating the
amplitude and/or phase of its harmonic components.
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As the engine sound is concerned, non-stationary controlling conditions are the next step, once run-up sit-
uations are very common in the operation of passenger vehicles. Also, by deriving a stability criterion the
implementation of the proposed control scheme could result faster, as numeric boundaries for control param-
eters gives initial conditions for the accurate implementation.
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