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1 Université de Lyon, Université Jean Monnet, LASPI EA3059, 42023 Saint-Etienne, France
20 Avenue de Paris, 42334 Roanne Cedex, France
e-mail: k.lizoul@univ-st-etienne.fr

Abstract
Instantaneous Angular Speed (IAS) has appeared to provide a new source of information on the rotating
machine and the diagnosis of faults. Recently, different methods have been developed to estimate IAS,
each method have attempted to improve the measurement using different techniques. In this study, we
examine the precision of frequency demodulation, and we show that IAS spectral estimation depends on
several parameters. The effect of temporal aliasing is studied. We show that under certain conditions, the
aliasing phenomenon can be detrimental to IAS spectral estimate. For IAS estimation under non stationary
conditions, a new approach is proposed and shown to yield good results.

1 Introduction

Nowadays, most of rotating machines are equipped with rotary encoders to track the angular position of
the shaft. The information of speed can be then deducted from the variation of the position with regard to
the time. The encoder is directly mounted on the shaft allowing a direct IAS measurement which makes it
more robust to noise compared to vibration sensors. Besides its relatively low price, the incremental encoder
doesn’t need a periodic calibration. In certain cases, the environment of the machine,e.g cutting process,
makes the use of vibration sensor more complicated. In this context, Lamraoui et al.[1] used IAS measure-
ment to develop new indicators for the detection of chatter in high speed machining process. Yang et al.[2]
proposed a new model based on IAS fluctuation ratio for fault detection in diesel engine. Gu et al.[3] car-
ried out a study on IAS characteristics of engines and compressors, and used them for diagnosis. Ben Sasi
et al.[4] demonstrated the effectiveness of IAS monitoring based for the diagnosis of broken bar failure in
electrical motors. Recently, Zhao et al.[5] proposed a new method called Kurtosis-Guide Local Polynomial
Differentiator (KLPD) to detect the weak speed jitters for the diagnosis of planetary gearbox. These investi-
gations show why IAS has attracted many researchers in condition monitoring.

In the literature, direct IAS measurement methods are classified into two major groups : timer/counter based
methods [6, 1, 7], and Analog to Digital Converter ADC-based methods[8, 9, 10]. The main difference
between the two methods is the type of sampling (Angular sampling for timer/counter based methods and
temporal sampling for ADC-based methods).

The accuracy of IAS measurement is a key point in early fault detection. Previous works showed that an
increase of the counting frequency (high clock counter frequency) is definitely beneficial to IAS estimation
[11, 7]. Meanwhile, this method provides low accuracy for high angular speeds [11]. Gu at al.[8] evaluated
the influence of noise on IAS estimation using frequency demodulation method and showed that using higher
encoder resolution improves the accuracy of IAS estimation. Frequency demodulation using Gabor’s analytic
signal is widely used for the estimation of the instantaneous frequency in different domains like reflection
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seismology[12], communication engineering[13, 14], and vibration analysis[15, 16]. Meanwhile, the tools
dedicated to IAS estimation were developed in the context of stationary conditions[8, 11, 10]. Feldman[15]
proposed a new method for IF estimation under non stationary conditions for modal identification . The
results have shown that this promising tool can be used for IAS estimation.

To overcome the limitation of timer/counter based methods in high speed applications, and the necessity to
use higher encoder resolution to detect the different events related to machine operating and health condi-
tions. Frequency demodulation using analytic signal provides a good alternative. Meanwhile, the influence
of the different operating and acquisition parameters is not yet shown.

This paper will mainly focus on the precision of ADC-based method since any general-purpose board can be
used for data collection. This analog approach is used to estimate IAS using signal processing techniques al-
ready developed in communication engineering. The results are compared to the original speed in frequency
domain, since we are interested on IAS spectral estimation, via an appropriate comparison indicator.

This paper is organized into 5 sections. Section 2 presents the system modeling and the methods used for
IAS estimation. Section 3 covers the influence of the different parameters on IAS estimates and shows the
proposed algorithms for an appropriate selection of these parameters. In Section 4, an experimental study
is performed for the detection of impulsive cyclic faults. The last section presents the major funding of this
study and perspectives to improve the IAS accuracy for high angular speed.

2 System modeling and simulation setup

2.1 System modeling

A set of signals are simulated in order to evaluate the influence of the IAS acquisition technique on the pre-
cision of its spectral estimation. This simulation yields speed signal containing one cyclic train of impulses.
the cyclic train can be seen as the repetition of a defect due to the angular movement of a shaft, while the
impulse corresponds to the natural vibration of the structure when it is excited.

The impulse is defined through a linear Single Degree Of Freedom (SDOF) system represented by it’s trans-
fer function as following:

θ(t) = Ae−ξwdtsin(w0t) (1)

where :

• ξ: damping factor

• w0 = 2πν0: natural angular frequency (ν0 : resonance frequency)

• wd =
√

1− ξ2w0: damped angular frequency

• A: constant

After setting the speed initial conditions, the angle/time function is constructed by integrating the speed
signal. At each revolution traveled by the shaft, an impulse is added to the angle signal. The spectrum
of the simulated speed is composed form a pulse train with a fundamental cyclic frequency corresponding
to 1ev/rev in order domain. By integrating the resulting IAS, the encoder signal is generated from the
angle/time function at the desired encoder resolution. An analog anti-aliasing filter is implemented, and it’s
cut-off frequency is set as a function of the number of harmonics allowed in the signal.
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2.2 Frequency demodulation and instantaneous frequency

In this part, we are interested in estimating the instantaneous speed from a rotary encoder signal using
frequency demodulation method which consists in calculating the instantaneous frequency considering the
encoder signal as a Frequency Modulated (FM) signal.

2.2.1 Stationary conditions

In IAS condition based monitoring, angular speed is composed from two components:

f(t) = f0 + δf(t) (2)

where f0 represents the average speed, and δf(t) represents the time-varying component dependent on the
dynamics of the mechanical system.

IAS signal is a FM signal [8, 9]:
s(t) = Acos[2π(Fct+ ϕ(t))] (3)

where Fc = Rf0 is the carrier frequency, andR refers to encoder resolution. ϕ(t) =
∫ t
0 δf(τ)dτ is the phase

deviation where δf is the modulating signal containing the dynamic charcteristics of the system. The FM
signal is conditioned further by a comparator to generate the TTL encoder signal[9]. Theoretically, the spec-
trum of a square FM signal is composed only from odd harmonics symmetrically surrounded by an infinite
number of sidebands around the carrier frequency.

FM signals are widely analyzed by the scientific community and many techniques developed in communi-
cation engineering can be used for IAS estimation. This leads us to the concept of Instantaneous Frequency
(IF) discussed in many works and different techniques were used to estimate it [14, 17, 13]. Vakman[17]
showed that IF estimation using Gabor’s [18] analytic signal is more accurate compared to local estimation
methods.

The analytic representation of a signal s is defined as following :

Sa(t) = s(t) + iH[s(t)] (4)

where H represents Hilbert Transform (HT) defined by :

H[s(t)] =
1

π

∫ +∞

−∞

s(τ)

t− τ dτ (5)

HT operator is a convolution integral of s with the impulse response h(t) = 1/(πt). Physically, HT operator
is a kind of a linear filtering process where all the amplitudes of spectral components are left unchanged, but
their phases are shifted by π/2 for positive frequencies and by−π/2 for negative frequencies. The spectrum
of the analytic signal is zero for negative frequencies, and two times the spectrum of the signal for positive
frequencies.

HT operator attributes a unique Amplitude-Phase couple (A(t), φ(t)) at each instant t to the analytic signal :

Sa(t) = A(t)eφ(t) (6)

The instantaneous frequency is then calculated by the derivation of the instantaneous phase:

f(t) =
dφ(t)

dt
= Im(

Ṡa
Sa

) (7)

In frequency domain, the first derivative of the analytic signal is obtained by multiplying the AS sequence
by the frequency sequence. In the case of multi-component signals, a bandpass digital filtering should be
performed before applying the HT operator. The filter bandwidth is determined by Carson’s formula[19] :

B = 2(∆f + fmax) (8)

DYNAMICS OF ROTATING MACHINERY 2045



where fmax is the highest frequency in the modulating signal, and ∆f = R max(|δf(t)|) is the peak
frequency deviation where R refers to encoder resolution. This bandwidth requirement allows the extraction
of at least 98% of the power of modulating signal with a limited number of sidebands. For chirp FM signal,
Gaussian window filter has been demonstrated to give the best results[20]. In this study, a rectangular
window is used. The influence of signal-to-noise ratio on IAS estimation is characterized in[8] and showed
to be proportional to peak frequency deviation :

SNR ∼ (
∆f

fmax
)2 (9)

Finally, IAS estimation process is implemented using a frequency domain approach as following :

• Apply FFT to TTL encoder signal

• Apply rectangular window for bandpass filtering using the bandwidth according to Eq.8

• Set negative frequencies to zero to obtain the AS sequence

• Multiply the AS sequence by the frequency sequence to obtain the first derivative of the AS

• Apply IFFT to obtain both AS and it’s first derivative

• Calculate IAS according to Eq.7

This FFT-based implementation provides the advantage of a high efficiency and reduces considerably the
computation time compared to FIR filter implementation of HT operator. The frequency demodulation using
HT developed in this section works only for stationary and narrowband signals . In the case where the signal
is non stationary, a different scheme is proposed in the next part.

2.2.2 Non stationary conditions

In this section, we propose a method for IAS estimation under non stationary conditions. Let’s consider a
double component signal x(t) composed of two signals as following :

x(t) = x1(t) + x2(t) (10)

where x1(t) = A1cos(w1t), and x2(t) = A2cos(w2t) where A1 > A2.

Feldman[16] demonstrated that the IF w(t) of the double component signal x(t) is:

w(t) = w1 +
(w2 − w1)[A

2
2 +A1A2cos[(w2 − w1)t]

A(t)2
(11)

where A(t) = [A2
1 +A2

2 + 2A1A2cos[(w2 − w1)t]].

The IF w(t) is composed from the largest energy component and a time-varying asymmetrical component.
For w1 > w2 , the IF exhibits negative frequencies. It is not the case for TTL encoder signal where the
conditionsA1 > A2,w1 < w2 are always verified. Assuming thatA1 > A2, if we integrate the asymmetrical
part with integration limits corresponding to one full cycle T = 2π

w2−w1
, we will obtain a definite integral

equals to zero[16]: ∫ T

0

(w2 − w1)[A
2
2 +A1A2cos[(w2 − w1)t]

A(t)2
dt = 0 (12)

This averaging process allows the extraction of the frequency of the largest harmonic w(t) =
∫ T
0 w(t)dt =

w1. In the case of slow varying amplitude and frequency: A1(t)e
i
∫ t

0
w1(τ)dτ + A2(t)e

i
∫ t

0
w2(τ)dτ , the in-

tegration over one full cycle period is replaced by the convolution with a low pass filter[15]. The low pass
filtering, instead of the integration, will cut down the fast asymmetrical oscillations and leave only a slow
varying frequency of the main signal component w1(t) (Flowchart in Fig.1).
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Figure 1: IAS estimation under non stationary conditions

2.3 Comparison indicator

To evaluate the influence of parameters on IAS estimation. The spectral components of each estimation
method are compared to the spectrum of the original IAS via the Sum of Squared residuals (SSR) which is a
second order distance :

L2 = log10(
∑

i

(Wi −Wi)
2) (13)

where Wi is the FT of the original speed, and Wi is the FT of the estimated speed.

Under non stationary conditions, the indicator is calculated in order domain where the frequency sequence
is expressed in Events/revolution instead of Hertz. For this purpose, IAS signal is resampled in the
angular domain. The angular resampling process adopted in this work is described in[21]. By integrating
the resulting IAS signal, the angle/time function returns the instants corresponding to every angle position
where the IAS signal is sampled Fig.2. These instants are used to resample IAS signal using a cubic spline
interpolation[22].

Figure 2: Angle/time function (André et al)

2.4 Selection of the sampling frequency

To evaluate the influence of the sampling frequency, an analog anti-aliasing filter is introduced before the data
collection. The cut-off frequency is set as function of the number of the harmonics . This part is dedicated
to stationary conditions where the carrier frequency is kept constant.
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The alias frequency of each harmonic is calculated as a function of the sampling frequency as following :

Fa(Fk) = |E(
Fk
Fs

)Fs− Fk| (14)

where :

• E(.) : integer part function

• Fk = kFc : the frequency of the kth harmonic where Fc is the carrier frequency

• Fs : sampling frequency

• Fa : apparent frequency (i.e the position of the aliased harmonic)

In the case where the alias frequencies are located around the carrier frequency in the range of the bandpass
filter bandwidth, they will be seen as modulating frequencies leading to a wrong interpretation of IAS spectral
components as they could be associated to some real phenomenons. For this purpose, we propose new
algorithms to calculate the optimal parameters for an accurate estimation. Therefore, these parameters will
be used to control the sampling frequency and the bandwidth of the bandpass filter.

The algorithm consists in calculating the distance of the nearest alias frequencies from the carrier frequency
Fc as following:

Dh(Fk) = |Fa(Fk)− Fc|; k > 1 (15)

WhereDh(Fk) is the distance of the kth aliased harmonic from the carrier frequency. MinDh =
⋂
k>1min(Dh(Fk))

is the vector describing the nearest alias frequency as a function of Fs. The sampling rate is then selected
so as MinDh is maximal providing a large choice of the filter’s bandwidth. If the ADC-board does not
allow the selection of the sampling frequency, the algorithm allows also the selection of the optimal encoder
resolution since Fa can be calculated as a function of the carrier frequency and it’s harmonics.

3 Results and discussion

3.1 Influence of the average speed

In this part, we examine the impact of the average speed on IAS spectral components. Theoretically, the
IAS spectrum is composed of an infinite number of harmonics amplified by the system’s response around
the natural frequency. Thus, the maximal frequency in the signal is infinite. Figure 3. shows IAS spectrum
where the parameters are set as following :

• The natural frequency of the mechanical system f0 = 400Hz

• The average speed is set to 20Hz

• The filter’s bandwidth is set to 4, 000Hz which represents 10 times the natural frequency of the system.

In this case, the choice of the filter’s bandwidth depends on: the natural frequency of the system since the
fault detection is easier in this frequency range, and the average speed since 100 harmonics are considered.
Different cases are considered:

• Constant number of cycles

Figure 4. illustrates the impact of the average speed on IAS estimation. As mentioned in Eq 3., IAS accuracy
depends on the peak frequency deviation. its value is set to 0.314Hz for all speeds and the number of cycles
is set to 100 revolutions . Two configurations were tested:

2048 PROCEEDINGS OF ISMA2018 AND USD2018



0 200 400 600 800 1000 1200 1400 1600 1800 2000

Frequency (Hz)

0

0.2

0.4

0.6

0.8

1

1.2

1.4
IA

S
(H

z)

10-3 L2=-7.8

Original speed
Estimated speed

Figure 3: IAS spectrum

1. Constant filter’s bandwidth : The number of harmonics contained in the bandwidth range decreases
with the average speed due to the cyclicality of the fault. As a result, less energy is considered in the
calculation of the indicator when the speed increases what explains the improvement of the estimation.

2. Constant number of harmonics: In this case, The filter’s bandwidth depends on the average speed.
Thus, the indicator shows no evolution with the average speed because the energy of the signal is kept
constant.
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Figure 4: Influence of average speed on IAS estimation (duration=100 revolutions): B = 100 harmonics
(left), B = 5000Hz (right)

• Constant acquisition duration

In this part, the acquisition duration is set to 1 second and the peak frequency deviation is kept constant.
Figure 5. shows the influence of the average speed on IAS estimation. For both configurations tested in the
previous part, similar behavior is observed.

These results show that the accuracy of frequency demodulation method using analytic signal does not de-
pend on the average speed since the peak frequency deviation is kept constant. Compared to timer/counter
based methods, this method is suitable to high speed applications and allows the use of high encoder resolu-
tions. But, it is still limited by the properties of the acquisition system in terms of sampling rate.
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Figure 5: Influence of average speed on IAS estimation(duration=1 second): B = 100 harmonics (left),
B = 5000Hz (right)

3.2 Influence of encoder resolution

To evaluate the impact of the encoder resolution, The comparison indicator is calculated in the range of the
filter’s bandwidth since all the information is contained within this range.
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Figure 6: Influence of encoder resolution on IAS estimation

The results of the simulation show that IAS estimation can be improved by using a higher encoder resolution
Fig.6. The study carried out in [8] showed similar results that using a higher encoder resolution improves the
signal-to-noise ratio (SNR) as the frequency demodulation is very sensitive to noise due to the differentiation
operator used to calculate the instantaneous frequency. Thus, a zero mean white Gaussian noise is added to
examine the influence of SNR on IAS estimation. Figure 7. shows the influence of SNR on IAS estimation.
These results show that using a higher encoder resolution is beneficial to IAS spectral estimation. Similarly

to the average speed, this operation is only limited by the capability of the ADC-board to collect the data.

3.3 Influence of the sampling frequency

Figure 9 shows the aliasing diagram describing the evolution of the apparent frequency with the sampling
frequency. As encoder signal is composed only from odd harmonics, the filter cut-off frequency is set to
keep the 7th harmonic. The carrier frequency is set to 10kHz.
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Figure 7: Influence of SNR on IAS estimation, R = 1024points/rev

Under these conditions, sampling data at Fs = 40kHz will result in aliasing all the harmonics at the same
position Fa = 10kHz. Thus, it is nearly impossible to distinguish the alias frequencies from the carrier fre-
quency Fig 8. Consequently, IAS estimation is corrupted by this phenomenon and provides higher estimation
error.
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Figure 8: Effect of aliasing on IAS estimation, Fs = 40kHz (left), Fs = 38.5kHz (right)
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Figure 9: Aliasing diagram (left), Distance of each harmonic from the carrier frequency Fc = 10kHz (right)
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Figure 9. shows the evolution of the distance of aliased harmonics from the carrier frequency with the
sampling rate. In the case where the ADC-board provides possible sampling rates from 20kHz to 80kHz,
the algorithm proposes two solutions : sampling with 50kHz or with 70kHz. Both solutions guarantee that
the nearest alias frequency is located at 10kHz from the carrier frequency. The bandwidth of the filter can
be then selected within this range to avoid aliasing. Meanwhile, collecting data with 60kHz sampling rate
is detrimental to IAS estimation as the 5th harmonic is aliased exactly at the carrier frequency.

3.4 Non stationary conditions
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Figure 10: Linear varying speed: Generated IAS (left), IAS spectrum (right)

Generally, rotating machines are working under non stationary conditions where the speed variation is 10%
up to 20% of the starting speed. Figure 10. illustrates a generated linear increasing speed where the starting
speed is set to 20Hz with a variation rate of 20%. The IAS estimation is therefore resampled in angular
domain and compared to the original speed. The sampling rate is set to 100kHz with an encoder resolution
of 1024points/rev.

The results show that IAS estimation exhibits slightly higher error compared to the stationary conditions
Fig.10. This difference is due two factors : The angular sampling since IAS estimation is used to resample
itself. As a result, the error estimation is accumulated through this operation. The other factor is that the
comparison indicator is calculated for the whole spectrum instead of a limited interval since no bandpass
filtering is used. We believe that using different resampling strategies can improve the accuracy of IAS
estimation in non stationary conditions.

4 Experimental validation

4.1 Test bench description

The signals were acquired on one-stage gearbox where a shock is introduced in the output gear. To measure
IAS, an optical encoder with a resolution of 4096 points/rev is mounted on the primary shaft via a flexible
coupling to reduce the torsional forces. The gearbox is driven by 3-phase asynchronous motor controlled
with a variable speed drive. A vibration sensor is mounted for the verification of the results Fig.11.

4.2 Data acquisition

The signals are acquired using two data acquisition systems. A frequency divider is used to acquire the sig-
nals with different resolutions. The sampling frequency is set to 51.2kHz for the ADC-based measurement
where both vibration and speed signals are acquired synchronously. An 80Mhz counter is used for Elapsed
Time (ET) measurement.
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Figure 11: Gearbox test bench

4.3 Results and discussion

In the experimental study, the main goal is to examine the ability of the frequency demodulation method
to detect the mechanical phenomenons particularly in non stationary conditions. ET measurement is taken
as IAS reference since it’s accuracy was already tested for low speed applications. The meshing ratio is
meshratio = N1

N2
= 23

38 = 0.6052, where N1 = 23 the number of the teeth of the input gear, and N2 = 38
the number of teeth of the output gear.

The tests were performed under non stationary conditions where a low frequency generator to control the
variable speed drive. A triangular wave is used to generate a linear varying speed and no load is applied Fig.
12. The encoder resolution is set to R = 1024points/rev. Different speeds were also tested and the results
showed no significant difference.

Figure 13. illustrates IAS spectrum with both ET method and frequency demodulation method. We can
see that ADC-based method yields good results compared to ET based method. The meshing frequency
fmesh = 23 ev/rev is well detected by both methods as well as the sidebands at 0.6052 ev/rev . As it is
explained in the simulation section, the difference is due to the resampling process in which a part of the
information is lost.
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Figure 12: IAS estimation, ET measurement (left), frequency demodulation method (right)
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Figure 14: Effect of aliasing on IAS spectrum, Fs = 51.2 kHz (left), Fs = 19 kHz (right)

To examine the effect of aliasing, we perform a data acquisition under constant speed f0 = 800rpm and the
encoder resolution is set to 256points/rev. The acquisition board does not allow the control of the cut-off
frequency of the anti-aliasing filter. The cut-off is set automatically to Fs/2. Therefore, the encoder signal
is down-sampled with a sampling rate of 19kHz. The nearest alias frequency is located at 1475Hz from the
carrier frequency. The bandwidth of the bandpass filter is set to 4000Hz.

Figure 14. illustrates the IAS spectrum using the frequency demodulation method. As it is expected, the
largest energy component( f = 1475Hz) is present in the spectrum due to the aliasing effect as the aliased
harmonic is located within the filter bandwidth. This component could be considered as a local resonance
leading to a misinterpretation of the spectral components. The results of this study can be extended to tempo-
ral resampling of angularily acquired signals for Blade Tip-timing (BTT) measurement for the identification
of resonance frequencies[23]. The sampling rate and the cut-off frequency of the anti-aliasing filter can be
controlled to avoid aliasing.

5 Conclusion

The accuracy of IAS estimation is key feature to ensure a better fault detection. The theoretical study per-
formed in this paper show that the IAS measurement is influenced by different parameters. The results show
that frequency demodulation is suitable for high speed application compared to timer/counter based methods
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aliasing effect has been proved to be detrimental to IAS spectral estimation, and the proposed tools allow an
optimal choice of these parameters.

The proposed approach in non stationary conditions has been shown to provide good results. Meanwhile,
the accuracy of IAS estimation can be improved by revisiting angular sampling techniques. For high speed
applications, a combined method can be used. These issues will be studied in future works.
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