
1 GENERAL INSTRUCTIONS

 

The vibration signal of aero-engine rotor is one of 
the most important signals reflecting the working 
status. So monitoring and analyzing rotor vibration 
signals are important methods to monitor and predict 
engine failure. Time domain analysis and spectrum 
analysis of vibration signals are commonly used 
analysis methods. Time domain analysis can only 
roughly determine whether there is a fault. But 
spectrum analysis can analyze the dynamic 
characteristics and extract fault features of the 
object. Thus, spectrum analysis is commonly used in 
work condition monitoring and fault diagnosis. 

2 FULL-PERIOD SAMPLING 

2.1 Introduction of full-period sample method 

Full period sampling is a method he length of each 
intercepted sampling signal are equal to an integer 
multiple of the vibration signal period.  

Software-based sampling methods have been 
widely studied, V Staudt and his colleagues 
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estimated signal period by multiplying the signal and 
the window function, then transform them by fast 
Fourier[4], CI Byrnes and colleagues obtained signal 
period through filtering signals by the filter array[2]. 
WEN Hongju and his colleagues implemented full-
period re-sampling through using software to 
synchronously collect vibration signals and speed 
signals[5]. The first two methods cannot guarantee 
the accuracy of the period. WEN’s method can only 
capture full period signals which do not contain 
synchronic phase information of vibration signal. 

Currently more feasible method is Re-sampling 
Technique raised by ZHANG Ren. This method 
requires a key phase signal and vibration signals 
sampled simultaneously, and then use the software 
to analyze the collected data, according to the key 
phase frequency gained by calculation we can apply 
full period truncation and interpolation to obtain 
full-period sampled data. 

2.2 Re-sampling Technology 

To get synchronous full-period re-sampled vibration 
signal, we must first find the starting and ending 
point of each period. While the key phase signal 
contains a start and end point, we can find a phase 
marker to mark them, and then using cubic spline 
interpolation method to sample them. The main 
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process is calculating the period via the key phase 
signal. The algorithm is[7]: 

1) Calculate the peak-to-peak value (VPP) and 
average value (Vave) 

2) Search sequentially the data of key phase 
signal, if less than (VPP + 0.5 Vave) set it to 0, 
go on until find the first data greater than (VPP 
+ 0.5 Vave), set it 1. Then set the data behind 
to 0 until there is a data less than (VPP + 0.4 
Vave). 

3) Repeat step 2 to find the position of every key 
phase pulse. 

From the interval and number of sampling points 
between two adjacent keys phase signals, the 
sampling period and rotational speed can be 
calculated. 

Apply cubic spline interpolation method to 
vibration signals, and then re-sampling the signal. 

Theorem of cubic spline interpolation: in the 
interval [a, b], there are n + 1 points (xj , yj), j=0, 
1,Ln. Assuming that a= x0 < x1 < L < xn =b, if the 
function satisfies:  

 It is a cubic polynomial on each subinterval   
[xj-1 , yj],  j=1, 2, Ln.. 

 S(xj) = yj, j=1, 2, Ln., which means that the 
function’s curve pass by all the points. 

 In interval [a, b] it exists first and second 
order deviation, to ensure smoothness of the 
curve. 

It is called Cubic Spline Interpolation function. 
Applying this theorem to the original time sampling 
data, we can better approximate the original 
vibration signal, and then we can re-sample the 
signal. Steps are as follows: 

1) According to processed key phase signals, we 
can get the number of samples N between two 
adjacent peaks (one period). Since the speed of 
rotor is increasing, N will gradually reduce in 
the horizontal direction. 

2) As we set the sampling frequency 64 points 
per period, so n = N / 64 is the sampling 
interval of one period. 

3) Because key phase signal and timing sampling 
signal are collected simultaneously, their 
horizontal axils is one to one correspondence, 
so we can sample with the step of n from the 
vibration signals processed by cubic spline 
interpolation algorithm which begins from the 
initial position of coordinate. So that we can 
obtain the full-period sampled data. 

3 NON-FULL-PERIOD SAMPLING 

3.1 Introduction of non-full-period sampling 

In actual situation it’s impossible to achieve strict 
synchronization. It always exists synchronization 
error which can produce large errors in the 
calculation. For this reason, many scholars have 

proposed a variety of harmonic spectrum analysis 
method to inhibit or reduce the synchronization 
deviation. For example: windowing technique and 
windowing interpolation techniques[1], quasi-
synchronous sampling method[3]. These methods 
have more or less measurement errors in principle. 
The harmonic analysis algorithm, put forward by 
ZHANG Jianqiu in 1995, applies non-full-period 
sampling method in harmonic analysis of periodic 
signals, and deduced correct and clear conclusion. 
This algorithm eliminate the spectral leak errors 
regardless whether the actual sampling synchronous 
or not. It breaks the restriction of Shannon sampling 
theorem. 

3.2 Harmonic Analysis Algorithm of Non-Full-
Period Sampled signal 

Harmonic analysis algorithm[6]: assuming f(t) is a 
periodic signal on [ t0 , t0 + T – T0 ], we apply non-
full-period sampling on it with sample frequency TS 
= ( T - △ T) / N, where △  is the synchronization 
error, and -0.5 < △  < 0.5, T is signal period. We 
sample N + 2 points within the sampling period TS. 
Which are: 
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Where m = 1, 2,…M (M is the highest harmonics 
order),by this algorithm the harmonic’s amplitude 
and phase of each order can be obtained: 

 

2 2

arctan( / )

m m m

m m m

A a b

a b

  


                 (6) 

This algorithm has been demonstrated there is no 
measurement error in theory. 

4 VERIFICATION 

In this paper we use software simulation and 
experimental data to verify and compare the 
feasibility and the accuracy of the harmonic analysis 
and cubic spline interpolation re-sampling method. 

4.1  Simulation verification 

Software simulations will implemented by 
MATLAB. The simulation signal is superimposed 
sinusoidal signal: 
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The key phase signal can be simulated by pulse 
signal with to be determined and great enough 
amplitude. In this simulation we set N = 64, 
synchronization error △ change from 1% to 10%. 
We re-sample the signals in different 
synchronization error using respectively the full-
period sampling method and non-full-period 
sampling method. Table 1 and table 2 are results. 
Am and φm represent respectively measured 
amplitude and phase. Error represents the deviation 
of measured amplitude compares with the amplitude 
of input signal. 

Table 1. Simulation result of the 1st and 2nd order harmonic. 

Harmonic order 1st 2nd 

 △ Am error φm/(
o
) Am error φm/(

o
) 

F
u

ll
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er
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0.01 0.9949 0.0051 -90.2781 1.9822 0.0089 -90.4325 

0.02 0.9887 0.0113 -90.4993 1.9500 0.0250 -90.8429 

0.04 0.9542 0.0458 -91.3640 1.9250 0.0375 -91.5872 

0.06 0.9012 0.0988 -91.9824 1.7680 0.1160 -92.3640 

0.08 0.8794 0.1206 -89.4512 1.7536 0.1232 -88.7451 

0.10 0.7220 0.2780 -88.6938 1.3454 0.3273 -86.3896 

N
o

n
-f

u
ll

-p
er

io
d

 

0.01 0.9931 0.0069 -90.4762 1.979 0.0105 -90.531 

0.02 0.9946 0.0054 -90.4276 1.9776 0.0112 -90.8429 

0.04 0.9902 0.0098 -90.5382 1.9654 0.0173 -91.0154 

0.06 0.9723 0.0277 -90.9364 1.9316 0.0342 -91.6357 

0.08 0.9085 0.0915 -91.0437 1.7682 0.1159 -89.4185 

0.10 1.0089 1.0089 -89.7165 2.0266 1.0133 -88.8672 

Table 2. Simulation result of the 3rd and 4th order harmonic. 

Harmonic order 3rd 4th 

 △ Am error φm/(
o
) Am error φm/(

o
) 

 
F

u
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-p
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0.01 2.9589 0.0137 -91.2746 3.9212 0.0197 -91.679 

0.02 2.8848 0.0384 -92.8345 3.7952 0.0512 -93.3977 

0.04 2.7162 0.0946 -94.7421 -0.1676 1.0419 -88.4538 

0.06 2.5785 0.1405 -89.3698 -0.2776 1.0694 -85.5512 

0.08 2.3805 0.2065 -86.4859 -1.1528 1.2882 -86.2467 

0.10 -0.7323 1.2441 -82.3674 -1.4368 1.3592 -80.1596 

N
o

n
-f

u
ll

-p
er

io
d

 

0.01 2.9544 0.0152 -91.3355 3.9196 0.0201 -91.7579 

0.02 2.9472 0.0176 -92.2813 3.9208 0.0198 -92.9852 

0.04 2.9514 0.0162 -93.6575 3.9048 0.0238 -94.6551 

0.06 2.8452 0.0516 -94.2568 3.7036 0.0741 -88.7963 

0.08 3.0951 1.0317 -88.7466 4.0896 1.0224 -87.5887 

0.10 3.0807 1.0269 -87.6539 4.2756 1.0689 -85.6122 
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4.2 Experiment verification 

The experiment verification is based on the data 
acquired from the own-build rotor experiment 
platform in laboratory. The data is sampled by a high 
performance data acquisition card in which vibration 
signal and key phase signal are acquired in different 
channels. A continuous acquired stable signal for a 

period of time t is set as a reference. This signal 
mainly concentrated on base frequency and double 
frequency parts. The experimental data is a section 
of this signal. By calculation on MATLAB we can 
obtain respectively the errors calculated by different 
method in different synchronization error.

Table 3. Errors of different sampling method. 

Harmonic order △  1st 2nd 3rd 4th 

Full-period 

0.01 0.0094 0.0071 0.0827 0.1432 

0.02 0.0263 0.0269 0.1755 0.3754 

0.04 0.0951 0.0193 0.1476 0.1120 

0.06 0.2420 0.2638 0.3845 0.3421 

Non-full-period 

0.01 0.0133 0.0103 0.0351 0.1075 

0.02 0.0215 0.0483 0.0874 0.1429 

0.04 0.0659 0.0989 0.0796 0.2385 

0.06 0.1827 0.2134 0.2533 0.2472 

4.3 Results analysis 

From the result shown on the tables, we can easily 
conclude that: 
 Both of these two methods can restore the signal 

when the synchronization error△ is small.  
 They have very high accuracy when △ < 2%, 

and the full-period sampling is a little superior to 
harmonic analysis algorithm of non-full-period.  

 The errors increase as the synchronization error 
becomes lager. The re-sampling results are in high 
accuracy when △ < 4% for full-period but for 
non-full-period re-sampling the tolerance is △ < 
8% (6% in experimental verification). 

 According to the experiment result, the harmonic 
analysis algorithm of non-full-period can only 
acquire the integer multiple frequency signals 
while filtering the non-integer frequency. 

5 CONCLUSIONS 

Analysis of the results finds that both of the re-
sampling technique and harmonic analysis algorithm 
can completely restore the periodical signals and the 
accuracy is high when the synchronization error is 
small. The re-sampling technique can effectively 
avoid spectral leakage and fence effect, but the 
interpolation and re-sampling processes need a large 
amount of operations. When variation of rotating 
speed is considerable the compute of period can be 
inaccurate. Harmonic analysis algorithm can avoid 
spectral leakage error caused by synchronization 
error and has a relatively great tolerance for 
deviation. Moreover, it can make the harmonic 
analysis surpass Shannon theorem. However, it can 
only analyze integer multiple frequency signal. Some 
improvement methods, proposed  by same scholars,  

endow this method with the ability to analyze 
arbitrary harmonics but the filter will cause loss of 
data. 

Since the synchronous error of aero-engine rotor 
is not great, and the signal has often integer multiple 
frequency, these two methods can restore the signal 
in high accuracy. But considering the amount of 
computation, hardware devices performance, 
tolerance for synchronization deviation, non-full-
period sampling algorithm has obvious advantages. 
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