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Abstract – Many tasks in the context of data acquisition
with a wireless sensor network, e.g. jitter compensation
or angular resampling, can be solved by reconstruct-
ing a uniformly sampled signal from a nonuniformly
sampled one. A filter structure that is capable of per-
forming this task is adopted from the literature and a
practical design is evaluated. It is verified that its im-
plementation on a resource constrained wireless sensor
node is feasible. Two simulation examples demonstrate
the effectiveness of the designed filter and a comparison
with alternative resampling methods is given.

I INTRODUCTION
The resampling of data that has been obtained on a

nonuniform sampling grid to a uniform one can be used
to solve various problems in data acquisition with wireless
sensor networks. Firstly, it has been argued in [1] that in
order to obtain a set of synchronized samples from a wire-
less sensor network, it may be beneficial to sample signals
in an unsynchronized way first and resample them to a syn-
chronized sampling grid later. This approach has the ad-
vantages that it matches better with irregular network com-
munication patterns and helps to reduce interdependencies
between different software modules [1]. Due to clock jitter
or non-linear drift of the unsynchronized sampling clock,
the unsynchronized samples, in general, will have been ob-
tained on a nonuniform sampling grid [1]. Thus, resam-
pling to the usually uniform global sampling grid involves
the recovery of a uniformly sampled signal from a nonuni-
form set of samples. Another application where a nonuni-
form set of samples has to be transformed to a uniform one,
is the resampling of a signal that has been sampled uni-
formly in time to a signal that is sampled uniformly with
reference to the rotation angle of a machine. This is a com-
mon procedure in machine diagnosis [2]. Very similar to
that is the removal of doppler shifts from acquired signals
[2].

This paper describes the design of a filter that can be
used to resample nonuniform samples to a uniform sam-
pling grid. Section II presents a filter for the reconstruc-
tion of uniform samples from a nonuniform set of sam-
ples. Section III gives a design example and shows that it is
feasible to implement that filter on a resource constrained
wireless sensor node. The simulations presented in sec-

tion IV show that the designed filter is suitable for the re-
sampling of jittered signals and chirp signals acquired dur-
ing a speed-sweep of a rotating machine. An evaluation of
the filter as well as a comparison to alternative resampling
methods is given in section V.

II A FILTER FOR UNIFORM SAMPLE RECOVERY
This section introduces a filter that can be used to re-

cover uniform samples from a set of nonuniform ones.
Section II.A outlines the general spectrum of a nonuni-
formly sampled signal and deduces a reconstruction
method from that. An implementation of this method as
a digital filter is described in section II.B.

II.A Spectrum of a nonuniformly sampled signal
According to [3] the signal xs sampled at the nonuni-

form time instants tk can be modeled as the product of the
original signal x and the comb function xp:

xs(t) = x(t)xp(t) (1)

xp(t) =
∞∑

k=−∞
δ(t − tk) (2)

where δ is the dirac delta function. The fourier series ex-
pansion of xp yields [3]:

xp(t) =
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[
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xs(t) = x(t)
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(4)

where T is the uniform sampling interval and Θ(tk) =
tk − kT the deviation from the uniform sampling instants.

If the bandwidth of Θ(t) is less than 1
2T , lowpass filter-

ing of xs and xp yields [3]:

xp,lp(t) =

∣∣∣1 − Θ̇(t)
∣∣∣

T
(5)

xs,lp(t) = x(t)

∣∣∣1 − Θ̇(t)
∣∣∣

T
(6)

And the original signal can be recovered as [3]:

x̃(t) =
xs,lp(t)

xp,lp(t)
≈ x(t) (7)
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II.B Filter Structure for Recovery
A filter structure that implements the reconstruction

method outlined above was proposed in [4]. Its block dia-
gram is shown in Fig. 1. The input signal sampled at the
time instants tk is denoted as x(tk) = x[k].

Transp.
Farrow

Transp.
Farrow

Fig. 1. Reconstruction filter proposed in [4]

Transposed farrow filters are used to do the low-pass
filtering of xs and xp and to translate the samples to a
common uniform sampling grid with the sampling inter-
val Tout/R. Two additional FIR lowpass filters with the
transfer function G(z) are used to improve the low-pass
filtering before the reconstruction with a divisor. Finally,
the reconstructed signal is filtered by a FIR decimator with
the transfer function D(z) and decimation ratio R.

The transposed farrow filter [5] implements the hybrid
filter model shown in Fig. 2. Conceptually, the discrete
signal x[k] is used to modulate a delta comb resulting in a
continuous signal x(tk). This signal is then filtered using a
continuous filter with the impulse response ha. Finally, the
filter output is sampled at the time instants lTout producing
the resampled discrete signal y[l] = y(lTout).

Fig. 2. Hybrid discrete/continuous model implemented by
the transposed farrow filter [5]

In a transposed farrow filter the impulse response ha is a
piecewise polynomial. This way the hybrid model shown
in Fig. 2 can be implemented by the completely discrete
filter structure shown in Fig. 3.

I&D I&D I&D

Basis multipliers

Integrate & dump

Fixed
Subfilters

Fig. 3. Structure of the transposed farrow filter[4]

All input sampling instants tk are expressed as:

tk = (µk + lk)Tout. (8)

where lk is the integer index of the output sample that oc-
curs closest before tk and µk is called the fractional inter-
val [5]. It specifies the position of an input sample relative
to the output sampling interval and is an input to the trans-
posed farrow filter.

A transposed farrow filter whose impulse response ha

consists of N polynomial segments of the polynomial or-
der M has M +1 parallel branches. Each is made up of an
integrate-and-dump block and a fixed FIR subfilter Cm(z)
of the filter order N − 1. The filter coefficients of Cm(z)
can be obtained directly from the polynomial coefficients
of ha [5]. The input samples x [k] are multiplied with pow-
ers of (1 − 2µk) and the results are accumulated in the
integrate-and-dump blocks. At every output sampling in-
stant lTout their outputs are fed into the subfilters Cm(z)
and the accumulators of the integrate-and-dump blocks are
reset. The output of the farrow filter is obtained by sum-
ming over the outputs of all subfilters.

The transposed farrow structure is very efficient in re-
sampling signals when the output sampling rate is lower
than the input sampling rate. It avoids aliasing in the base-
band by having zeros at multiples of the output sampling
rate, but can cause significant aliasing in transitions bands.
Therefore the FIR lowpass filters G(z) are used to narrow
the transition bands and to remove transition band noise
[4]. It was observed in [4] that the output sampling rate of
the transposed farrow filters should be at least four times
the bandwidth of the signal in order to achieve a good re-
construction quality. Thus, the FIR decimator D(z) is used
(see Fig. 1).

III FILTER DESIGN FOR A WIRELESS SENSOR
NETWORK

In this section a design of the filter presented in the pre-
vious section for a wireless sensor network is given. Sec-
tion III.A explains the network layout and the integration
of the filter. The design of filter coefficients is described
in section III.B. In section III.C an estimate of the filters
computational requirements is given.

III.A Proposed layout for wireless sensor network
Fig. 4 shows the proposed wireless sensor network lay-

out. Nodes sample the input signals independently based
on their local clocks. The local clocks of the sensor nodes
are also used to assign timestamps tk to the individual sam-
ples. The base node transmits timestamps tl that specify
the global synchronized time grid. They are transferred to
the local timescale of the sensor node using a-posteriori
synchronization during the transmission process (compare
[1]). Alternatively the clocks of the two nodes can also be
synchronized beforehand using a-priori synchronization.
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Fig. 4. Proposed layout for wireless sensor network

In case of time synchronized resampling the fractional
interval µk can be calculated by the following equation if
the timestamps tk have been obtained from an a-priori syn-
chronized clock [5]:

µk =
tk

Tout
− lk (9)

where tk is the timestamp of the kth input sample, Tout

the output sampling period and lk the index of the output
sample at or before the kth input sample.

If a-posteriori synchronization is used, the timestamps
tk have to be transformed to the global time grid using the
transmitted timestamps t′l and linear interpolation:

t′k =
Tout

t′lk+1 − t′lk

(
tk − t′lk+1

)
+ lkTout (10)

Then the fractional interval can be expressed as:

µk =
t′k

Tout
− ⌊ t′k

Tout
⌋ (11)

=
t′k − t′lk

t′lk+1 − tlk
(12)

In the case of angular resampling the time instants tφ,l

transmitted by the base node correspond to a uniform an-
gular grid with a spacing of ∆φ. For the resampling the
time instants tk in the filter structure (Fig. 1) are replaced
with angular instants φk = φ(tk) which are calculated by
linear interpolation:

φk =
∆φ

tφ,lk+1 − tφ,lk

(tk − tφ,lk) + lk∆φ (13)

Then the fractional interval can be expressed as:

µk =
φk

∆φ
− ⌊ φk

∆φ
⌋ (14)

=
tk − tφ,lk

tφ,lk+1 − tφ,lk

(15)

III.B Design of resampling filter
The resampling filter was designed assuming an input

frequency fin ≥ 2fout and a signal bandwidth of Wsig =
fout/4. Thus the decimation factor at the output stage was
R = 2.

The coefficients for the transposed farrow filter were
taken from [5]. The impulse response of this filter consists
of N = 4 polynomials of the order M = 3. This filter is
sufficient for the targeted applications. Yet, better results,
i.e. less passband ripple and higher stopband attenuation,
could probably be achieved using the method for the cal-
culation of optimal coefficients described in [6]. The FIR
filter G at the output of the farrow filter was designed with
the help of MATLAB using an optimal least-square design.
Its passband characteristic was designed in such a way that
it compensates for the passband ripple of the transposed
farrow filter. It has a filter order of N = 61. The Output
FIR decimator D was designed with MATLAB using an
optimal equiripple design. It has a filter order of N = 34.
The magnitude frequency responses of the individual fil-
ters are shown in Fig. 5 that of the entire filter cascade in
Fig. 6. The latter neglects effects from demodulation by
the divisor.
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Fig. 5. magnitude frequency responses of individual filters
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III.C Computational requirements
To verify that it is feasible to implement the designed

filter on a resource constrained wireless sensor node in
real-time, its operation rate, i.e. the frequency fop of
arithmetic operations, was estimated. The targeted sensor
node is a Preon32 by Virtenio GmbH. Its processor is a
32 Bit ARM Cortex-M3 whose maximum clock frequency
is fclk = 72 MHz. Previous experiments with a polyphase
FIR decimator implemented using 16 Bit fixed-point arith-
metic have shown that on average less than 3 clock cy-
cles are needed for one arithmetic operation [7]. Thus, the
processor is able to maintain a maximum operation rate of
fop,max = 24MHz.

To calculate the fractional interval for angular resam-
pling two subtractions and one division are needed (see
equation 15). An additional subtraction and a multiplica-
tion are needed to calculate the term 1 − 2µk, resulting in
an operation rate of:

fop,µ,φ = 5fin (16)

According to [8] the operation rate of a transposed farrow
filter is:

fop,farrow = (2M + 1)fin +

[
3

2
N(M + 1) − 1

]
fout

(17)
Where M is the polynomial order and N the number of
polynomial segments. The operation rate of a FIR filter
with the order N implemented in direct form is [9]:

fop,fir = (2N − 1)fin (18)

For a FIR decimator implemented efficiently in polyphase
form the operation rate is [9]:

fop,dec = (2N − 1)fout (19)

Table 1 gives a summary of the operation rates for the
filters in the design example in case of an angular resam-
pling. The input sampling rate was set to be fin = 20 kHz
and the angular sampling rate 25 Samples/revolution. At a ro-
tational speed of n = 1500 rpm this results in an output
sampling rate of fout = 625Hz.

Table 1. Operation rate of filter for angular resampling
and CPU-load at fclk = 72MHz

filter M N fin fout fop CPU-load
[−] [−] [kHz] [kHz] [kHz] [%]

µ-calc. 20 20 100.0 0.4
2 x farrow 3 4 20 1.25 308.8 1.3
2 x G - 61 1.25 1.25 302.5 1.3
D - 34 1.25 0.625 41.9 0.2

total 753.2 3.1

The CPU-load by the entire proposed filter is only 3.1 %
leaving plenty of room for other operations or to decrease
the clock frequency in order to save energy.

IV SIMULATIONS AND RESULTS
In this section the effectiveness of the designed filter is

demonstrated using two application examples: resampling
a jittered signal and resampling a chirp signal. Both ex-
amples are oriented towards a real setup at a machine test
bench and use an input sampling rate of fin = 20 kHz.

IV.A Resampling jittered samples
A sine signal with a frequency of 150 Hz and an am-

plitude of 1 arbitrary unit was simulated over 64 periods.
The sampling jitter was created by adding white noise hav-
ing a gaussian distribution with zero mean and a standard
deviation of σt = Tin

10 = 5 µs to the ideal sampling in-
stants. Using the residuals of a sinewave fit its signal-
to-noise-and-distortion ratio SINAD was estimated to be
SINADin = 46.5 dB.

The signal was fed into the described resampling filter
using an output sampling rate of fout = fin

32 = 625 Hz.
The SINAD of the output signal was estimated to be
SINADout = 63.5 dB. Thus the filter is effective in re-
ducing signal noise introduced by jitter.

IV.B Resampling chirp signals
The resampling of chirp signals is often used to test an-

gular resampling algorithms as it is representative of the
data acquired from a rotating machine during speed change
[2]. If angular resampling is successful, the chirp signal at
the input is transformed into a stationary sine signal at the
output. Fig. 7 shows the block diagram of the simulation
setup.

Clock

speed-ramp:
15...1500 rpm

Resampling

Fig. 7. Setup for simulations on chirp resampling

A linear speed change of n = 15 . . . 1500 rpm within
2 s is generated. Integrating this over time the rotation an-
gle φ(t) is obtained. This is feed into a sine function so
that a linear chirp signal at twice the rotation frequency
is generated. The chirp signal is sampled at time instants
tk distributed uniformly over time and quantized with a
resolution of 12 Bit. This corresponds to the properties of
the analog-to-digital converter of the Preon32. The rota-
tion angle φ(t) is also used to sample the system clock at
25 equidistant angular intervals per revolution, generating
the timestamps tφ,l = t(l∆φ). In a practical experiment
the same could be achieved using a rotary encoder and the
internal clock of a sensor node. The timestamps tφ,l are
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quantized with a resolution of ∆t = 2−14 s. This cor-
responds to the resolution of the real-time clock used in
the Preon32 sensor node. Finally, angular resampling is
performed to obtain the signal x(l∆φ) sampled uniformly
over the rotation angle. Two resampling methods are used:
the first is sample-and-hold resampling which takes the in-
put closest to the desired angular instant, the second is the
resampling filter described in this paper.

The SINAD of the output signal was estimated to be
SINADSH,0 = 45.1 dB for sample-and-hold resampling
and SINADfilt,0 = 51.1 dB for the resampling filter.
This shows that already in this simple case the resampling
filter helps to reduce the noise caused by the quantization
of the input signal x(t) as well as the sampling instants
tφ,l.

In another simulation a sine signal with a constant fre-
quency of fsine = 1.25 kHz with the same amplitude as
the chirp signal was added to the input signal. In this case
the SINADs of the output signals were SINADSH,1 =
0.5 dB and SINADfilt,1 = 51.2 dB for the sample-and-
hold and filtered case respectively. Fig. 8 shows the results
of this experiment. The frequencies of the signals that have
been resampled uniformly over the angle are given in terms
of orders. An order of m means that the signal has ex-
actly m periods per revolution, i.e. over an angle of 2π.
In the time frequency distribution of the input signal the
chirp and constant frequency components are both clearly
visible. The output from the resampling filter is a con-
stant sinewave at the order two. This shows that the input
chirp signal has successfully been resampled at uniform in-
stants of the rotation angle, whereas the constant sinewave
component has been completely eliminated. This is the
expected behavior because its frequency is too high to be
resampled correctly under the nyquist theorem:

fout,max = 25 · 1500 rpm

60
= 625Hz < 2fsine (20)

Without the resampling filter the additive sine component
has been aliased multiple times into the bands of the chirp
signal resulting in a heavily noised signal.

V EVALUATION OF DESIGNED FILTER AND
COMPARISON TO ALTERNATIVE METHODS

In the previous section it was shown that the de-
signed filter is effective for synchronous resampling. Syn-
chronous resampling is a well established technique in ma-
chine diagnosis [2] but new in the synchronous data acqui-
sition with wireless sensor networks [1]. Its key advantage
is that it poses nearly no additional requirements on other
parts of the acquisition system like analog signal process-
ing, analog-to-digital conversion and the communication
protocol used in the network. It only relies on the availabil-
ity of synchronized timestamps for the resampling instants.
Any time synchronization protocol described in the litera-
ture could be used for this. Errors in the synchronization of

timestamps will cause the resampling process not to resam-
ple to a truly uniform sampling grid. As a consequence,
the output signal will be effected by additional noise that
increases in strength with the size of synchronization er-
rors. A detailed discussion of the effects of sampling time
errors on the sampled signals can be found in [1].

In [10] various methods for nonuniform reconstruction
are reviewed. Amongst those, low-pass filtering and poly-
nomial interpolation seem to be the most widely used.
Low-pass filtering (used e.g in [5]) reconstructs a contin-
uous signal out of the nonuniform samples by low-pass
filtering a modulated delta comb. However, as can be
seen from equation 6, it does not remove the multiplica-
tive noise from the signal [4].

Another method frequently used is polynomial interpo-
lation [10]. It is computationally very simple, especially
for low polynomial orders. Yet, at low polynomial orders
the usable signal bandwidth and alias attenuation are both
very low [11]. At higher polynomial orders the compu-
tational complexity quickly increases [10]. Thus, poly-
nomial interpolation is restricted to be used with highly
oversampled narrow-band signals. The sample-and-hold
resampling that was examined in section IV.B can be re-
ferred to as polynomial resampling with a polynomial or-
der of zero. Higher polynomial orders would not have im-
proved performance in this case because the resolution of
the timestamps ∆t ≈ 61 µs was bigger than the sampling
period Tin = 50µs.

In [2] two methods for angular resampling are presented.
The first uses a FIR interpolation filter to upsample the in-
put signal by a constant integer factor. The upsampled sig-
nal is then resampled to the correct angular instants using
linear interpolation. Finally, the resampled signal is down-
sampled using an FIR decimator. The FIR interpolation
filter ensures that the signal is sufficiently band-limited to
be safely used with the linear interpolator. This method
is effective for angular resampling if the supported rpm
range is small. At higher rpm-ranges it requires increas-
ingly narrow-band and high order FIR filters leading to a
tremendous computational complexity.

The second method presented in [2] applies the hy-
brid model for resampling (compare Fig. 2) to a contin-
uous filter whose impulse response is a truncated sinc-
function. The values of this impulse response are stored
in a look-up table which can be of considerable size (≈
8192 Elements). Again this method is quite efficient for
low rpm-ranges. But at high rpm-ranges the required nar-
row filter bandwidth resulting in a wide impulse response
makes it computationally infeasible, as well.

VI CONCLUSIONS AND OUTLOOK
The designed resampling filter is with only little mod-

ifications capable of effectively resampling jittered input
samples as well as doing angular resampling. Its com-
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Fig. 8. Results of angular resampling experiment

putational requirements are sufficiently low to be imple-
mented on a commercial wireless sensor node. When the
rpm-range of a rotating machine is high, it surpasses other
methods in terms of output signal quality and computa-
tional efficiency.

Future research will include the implementation of the
filter on a wireless sensor node and its testing at a machine
test bench. The effects of round-off errors that occur in this
implementation will be investigated.
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