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Abstract: 
This thesis is part of the on going work at BTH (Blekinge Technical University) to 

develop a remote lab for Sound and Vibration Experiments. The aim of this undertaking is to 
develop a Spectrum Analyzer that can simultaneously take inputs from 10 sensors and be 
able to measure the Power Spectral Density, Cross correlation, Frequency Response 
Functions (FRF) and coherence. The Interface and analysis algorithms are developed in 
Labview programming language. 

The thesis starts by introducing the overall aim of the project and its scope, the place 
of this particular thesis in the whole picture and the algorithms used for analysis are 
introduced. In the second part of the thesis the development of the software is explained and 
the main aim is to thoroughly document the software. This part of the thesis explains 
Labview programming concepts in detail to make it easier for other students who want to 
undertake theses to continue this work and who may not have experience of Labview 
programming. 
  Two versions of the spectrum analyzer were developed. The third part explains the 
experimental set up and results obtained and compares measurements to those obtained using 
other spectrum analyzers. 

An accurate Spectrum Analyzer Virtual Instrument has been developed and tested 
during this thesis project and it can be used as a component of the proposed Sound and 
vibration analysis laboratory and also for general Spectral Analysis tasks. 
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Nomenclature List 
 
Accelerometer – A sensor whose electrical output is proportional to acceleration. 

Auto Spectrum (Power Spectrum)-A spectral Display of the power (voltage squared) at each 

frequency. Phase is ignored. 

Coherence- Ratio of the amount of response which is due to the input. The best case where all 

of the response is caused only by the input has a coherence value of 1 and a response due to 

noise is zero. 

Degree of Freedom-In a mechanical system equals the minimum number of independent 

coordinates required to completely define the position of all parts of the system at any time. 

DSA-Dynamic Signal Acquisition -Are devices from National Instruments that are specialized to 

measure time varying signals with high accuracy. 

Excitation-An external force applied to a system that causes the system to respond in some 

way. 

FFT-Fast Fourier Transform-Is a digital process which modern spectrum analyzers use to 

calculate discrete frequency components from sampled data. 

FRF-Frequency Response Function- Mathematical relation which using concept of Laplace 

Transform  presents ratio of output FFT over the Input FFT  specifying both its magnitude and 

Phase. 

Fourier Transform-Mathematical Representation of a time waveform by a summation of sine 

and cosine waveforms. 

ICP-Integrated Circuit Piezoelectric. 

LabView- A graphical Programming Language used for Virtual instrumentation. 

MDOF-Multiple Degree of Freedom.Like SDOF ,but has two or more masses,each connected 

by their own spring and damper which yields more than one distinct frequency response. 

Modal Analysis-The process of determining the mode shapes and associated parameters, 

natural frequency and damping. 

Mode Shape- The maximum three dimensional deflection of all points which a structure 

undergoes at a selected natural frequency. May be a rigid body or flexural responses. 

NI- National Instruments – This is the corporation that has developed LabView and related 

instruments. 

Natural Frequency- The frequency at which at which a structure will vibrate when excited 
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Phase- Angle of relation between the input transducer direction of motion and the response 

transducer direction of motion at the same instant of time . 

PS-Power Spectrum 

PSD-Power Spectral Density 

SDOF-Single Degree of Freedom 

SISO- Single Input Single Output system. 
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Chapter 1: Introduction 
 

“ Physical experiments are indispensable for developing skills to deal with physical 
processes and instrumentation.” [1], in the same paper I.Gustavsson et al have charted out a 
course for developing an open international standard for Distance Practical laboratories at 
BTH (Blekinge Institute of Technology). 

During recent decades, the amount of hands-on laboratory work has been reduced. A major 
cause is most likely the task of handling the dramatically increased number of students, 
whilst staff and funding resources have barely changed. To save time, resources, prevent 
damage to instruments or theft [1] it has become necessary to introduce unsupervised 
distance labs in to modern Technical Education. 

Furthermore it is important for companies to continually train their staff and develop their 
skills and such skills can be developed using distance education [3]. 

Research at BTH is focused on Distance Labs that provide the students with an insight in 
to actual physical systems instead of Simulations. Enabling the students to compare the 
numerical models of physical phenomena to reality. 

 

1.1  VISIR Project 
The VISIR (Virtual Instrument Systems in Reality) is an initiative of BTH (Blekinge 
Institute of Technology) started in late 2006, that is aimed at developing technologies that 
enable online distance Internet access to traditional laboratories used in teaching technical 
courses and to disseminate these concepts. The Project is a collaboration between several 
industrial partners and BTH. Partners include e.g. National Instruments and Axiom 
EduTech. The aim of VISIR is to develop a resource pool of open source software and 
hardware that can be used by any one for developing such online laboratories [2]. 

 Since 1999 has BTH been incubating a test bed for online electronics laboratories it 
can be accessed by students from remote locations using the internet and flash enabled web 
browsers. Students can access real equipment and test real circuits from remote locations by 
using this technology developed at BTH [1]. 

  VISIR Project aims at forming a group of cooperating universities that can 
contribute to the development of the open source software and develop distance on line 
laboratories of their own depending on their particular research interests and competencies. 
If this ambition is realized the students and instructors of the partner universities will have 
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access to an extended online instrumentation laboratory that will be superior in educational 
content than what the cooperating universities can offer individually, as it will be enriched 
by the specific competencies of the participating universities  [2]. 

Under the umbrella of VISIR project BTH has pursued four parallel tracks that are in line 
with its core competencies. One track involves developing online laboratories for 
Electronic experimentation and another track involves laboratories for online Signal 
Processing tasks related to Sound and Vibration Analysis. 

 

Figure 1  Scope of the work at  BTH done under the VISIR Project.  

 

1.2  Main Concept of the Desired Lab and its Educational Objectives 
 

Dynamic Analysis is an important Engineering tool in the modern age. Development of 
products from small drill bits to huge airplanes benefit from experimental vibration analysis, 
by taking in to consideration the different operating conditions to which a product may be 
subjected a design may be modified resulting in a product that may last longer than the 
unmodified product, using knowledge of its dynamic properties and operating conditions. 



3
 

S
a
p
t
w
h
s

T
l
m
s
s
T
a

F

 

A
p
A

 
i
c
I
a
n

3 

Skills require
acquired afte
practical foun
to the indust
well. The tas
how in a sho
semester cou

The lab to be
lab designed 
motivation a
shell it’s a dis
signal analyz
The lab has b
augmenting t

Figure 2.  An ill

As can be se
points along 
And the stru

In [3]
implement a 
change the m
Instrument P
acquired. It i
number of ch

ed to underta
er a lot of exp
ndation durin
try the studen
k of providin

ort course is a
urse can be so

e developed 
to teach exp

and objective
stance lab th
er  HP35670
been assessed
the student’s

lustration of th

en in Fig.2 th
the structure

ucture is a sta

] the authors
distance lab 

mass and stiff
PXI (PCI eX
is capable of 
hannels depe

ake reliable E
perience. The
ng their educ
nts have to b
ng a thoroug
a challenge. T
olved to som

will be the se
perimental vib
s behind the
at provides a

0A and perfo
d through or
s knowledge 

e Running Lab

he current lab
e as the num

atic unchange

s have expres
where a mo

fness of the s
Xtension for I

acquiring da
end upon how

Experimental 
e students ha
cation to be o

be given a bro
gh theoretical
The challeng

me extent by d

econd such l
bration analy
 lab are expla

an interface t
orms spectral 
ral surveys wi
of Experime

 at BTH taken 

b is limited t
mber of inputs
eable boring 

ssed a desire 
difiable struc
structure und
Instrumentat
ata from mor
w many PXI

Modal Analy
ave to be give
of use to the
oad overview
l background

ge of fitting in
distance labs

ab developed
ysis is up and
ained by H.Ǻ
to an HP (He
analysis at 3

ith students a
ental Modal A

from [3]  

o measuring 
s of the spec
bar. 

to undertake
cture may be 
der test in rea
tion) Data Ac
re than 10 sen
I Devices are

ysis of real st
en a sound th
 industry. Bu

w of the vario
d enforced wi
n practical wo
s. 

d at BTH. Cu
d running at B
Ǻkesson et al
ewlett Packar
3 positions alo
and has prov
Analysis [3]. 

dynamic pro
trum analyze

e further rese
used so the 

al time. To th
cquisition Sy
nsors simulta
e installed in 

tructures are 
heoretical an
ut to be relev
ous applicatio
ith practical 
ork in a one 

urrently a dis
BTH. The m
 in [3]. In a n
rd) brand of 
ong a boring
ven quite use

operties at 3 
er are limited

earch and 
student can 

his end a Nat
ystem has bee
aneously and
the system. T

nd 
vant 
ons as 
know 

stance 
main 
nut 

g bar. 
eful in 

 

d. 

tional 
en 
d the 
The 



4 
 

NI system at BTH has capacity for 14 slots and is explained in detail in section 1.5 of this 
chapter. 

The proposed structure is chosen to be a Cantilever beam. The beam chosen is an adequate 
pedagogical tool for an introductory course in modal analysis as the theory that explains the 
physical structure is well developed and by knowing the dimensions of the beam, its density 
and Youngs modulus of elasticity for the beam material the Modes can be determined using 
Euler Bernoulli beam theory. The student can also make a finite element model of the 
cantilever beam under investigation. The analytical and finite element model can then be 
compared to the Experimental data obtained through the distance lab. 

Furthermore student will be able to modify the structure in real time and see the change in 
the modal characteristics of the structure in real time. This whole modification is going to 
be performed automatically via some robotic manipulators. 

A finite element model has been already simulated and is shown in the fig. 3 . 

 

Figure 3 .  The three dimensional Finite element model of the Cantilever beam .  

 

In Table 1 the first 5 eigen frequencies of the cantilever beam estimated with the aid of the 
FE models of the cantilever beam, with and without sensors and for different clamping re 
given. 
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Table 1 Eigenfrequencies of the cantilever beam, estimated with the aid of the FE models of the cantilever 
beam, with and without sensors and for different clamping. 

 

The NI PXI system and Labview software provides us with an integrated solution to 
control both the robotic manipulators [4] and do the acquired Modal Analysis. The virtual 
Instruments can be run on client computers that will need to just have Labview run time 
engines installed in their browsers which can be downloaded from the national instruments 
web site. 

The thesis concerns the development of a spectrum analyzer that can function like a 
conventional Spectrum Analyzer but with an easier interface and added flexibility. As it has 
been pointed out in [2] that there is at present no VI (virtual instrument) that can function 
as a spectrum analyzer.  

1.3  Introduction to Spectrum Estimation 
Spectrum Estimation Methods can be broadly classified in to the following categories [5] 

Non Parametric Classical Methods 
Parametric Methods 
Noise Subspace Methods 
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Figure 4.  Classification and examples of different Spectrum Estimation Techniques 

 

In modern Spectrum analyzers the Welch Spectrum Estimation Method is used. This 
section will give an overview and introduction to the Non Parametric Spectrum Estimation 
Techniques with special emphasis on the Welch Spectrum Estimators as it is the main 
algorithm used in the Spectrum Analyzer. 

Non Parametric Classical Spectrum Estimation 
Practical Considerations while performing spectral measurements are that the signals can 
only be measured for finite time durations, the signals are sampled by finite resolution 
Analog to Digital Converters (ADC) and we can generally not sample periodic signals 
exactly for an integer number of periods.  

Power Spectrum the Fourier coefficients ck of the periodic signal    given by: 

            =    ……………………………………………………(1) 

Where   is the time period of the periodic signal   . 

In reality a signal is generally measured and acquired during a finite time duration. If a signal 
is acquired during a shorter time period as compared to its actual time duration this is 
equivalent to multiplying the actual signal by a rectangular window: 

xm(n)=x(n).w(n) ………………………………………………………………………(2) 

Where x(n) is the sampled analogue signal and w(n) is the window. 

Spectrum Estimation

Non Parametric 
Methods

Parametric 
Methods

Periodogramethod Modified 
Periodogram method Bartlet Method

Autoregressive Moving Average 
ARMA Spectrum Estimation

Moving Average
Spectrum 

Estimation

Autoregressive Spectrum 
Estimation

Welch Method Blackman Tukey 
Method

Noise Subspace 
Methods
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The DFT(Discrete Fourier Transform) has to be divided by N where N is the number of 
points in the DFT and scaled in order to compensate for influence of the window to give  
approximately same result as the Fourier series coefficients of a periodic signal at the 
frequencies of the signals periodic components. 

To perform Power Spectrum Estimation the Welch Power Spectrum Estimator is used in 
spectrum analyzers.  

The Welch spectrum estimators are based on averaging a number of periodograms, each 
periodogram is the windowed FFT of a segment of the incoming signal x(n) [6].Each 
segment has N samples. 

=  where 0,1, … . . 1
1, … … … … ,  

Where   is the starting point for each periodogram and D is the overlapping increment. 

If  M are the number of FFT’s used in the averaging. N is the FFT length. Then the Welch 
Power Spectrum is given by [17]: 

=
. .

∑  ∑ …………………    (3) 

Where fk= Fs   where Fs is the sampling frequency and  0<k<= .  the frequencies in Hz 
at which the discrete frequencies are estimated. 

The symbol ^ (Hat)  is used to denote that we are dealing with estimated functions. 

Where   is the window dependent magnitude normalization factor that is given by [17]:  

= ∑ ……………………………………………………………… (4) 

The Single Sided Power Spectrum is given by [17]: 

=
. .

∑  | | ………………………….(5)   

 denotes the discrete Fourier transform of .  

For single sided Power Spectrum we consider only half of the discrete frequencies of the 
DFT. And it may also be noted that the power spectrum does not contain any phase 
information.    
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Linear Spectrum may also be produced by spectrum analyzers instead of the Auto power 
Spectrum or Power Spectrum. This spectrum is simply the square root of the Auto power 
spectrum .It directly gives the RMS value of each harmonic in the spectrum of the input 
signal [7].      

Let  denote the linear spectrum then it may be written by [7]:  

………………………………………………………………(6) 

Where  is the RMS scaled single sided power spectrum. 

The RMS scaled single sided Power Spectrum of a periodic signal sampled for an integer 
number of periods is related to the Fourier series coefficients  by [6]: 

=2*| |  

Power Spectral Density (PSD) Estimation is used to study the spectral properties of 
Random Signals. Power spectral density can be calculated by taking the Fourier transform 
of the autocorrelation function, but in practice it is difficult to calculate the power spectral 
density from the autocorrelation function.                                                                                      
In spectrum Analyzers the Welch PSD estimator is used given by [17] 

   =
. .

∑  ∑  ………………………………(7) 

 is the scaling factor given by 

∑ …………………………………………………................(8) 

Please note the difference between   in (4) and  in (8), in (4) the window is first 

summed then squared where as to scale the PSD we first square the window then sum it. Δf 
is the frequency increment given by 

Δf F
N

………………………………………………………………………………..(9) 

The single sided Power Spectrum can be obtained by: 

= , =0 

=2. ,   

 



9 
 

Cross Spectral Density  is a complex function having both magnitude and phase.                                       
Mathematically it is given by the Fourier Transform of the cross-correlation between two 
random signals.  

To calculate the Frequency Response Function a Cross Spectral Density between input and 
output is calculated according to the following expression [17]: 

. .
∑ ∑ ∑ ……….(10) 

Where   denotes complex conjugate.   

The single sided Cross Spectral Density   may be obtained by 

= , =0 

=2. ,   

                                   

Coherence and its Estimation 

It is estimated by the following equation [17]. 

= 
.

= 
.

……………………………(11) 

0 1 

In (11) the superscript PSD denotes that the power spectral density is calculated. The 
coherence function has values between 0 and 1. 

It is gives an indication of linear dependency between input and output as a 
function of frequency. A coherence close to one indicates that the system under 
measurement may be linear at that particular amplitude of Input.    

 It may be noted that a coherence of 1 is not a guarantee of linearity. It is an 
indicator of the quality of our measurements. A bad coherence may be due to noisy 
measurements. At the resonance frequencies the coherence is bad because of input noise.  

Frequency Response Function (FRF) 

A dynamic system may be described with the aid of a Transfer function which is the 
quotient between the Laplace transform of the output response of the system and Laplace 
transform of the input to the system [7]. 
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In reality Frequency Response Functions for dynamic systems are generally estimated based 
on measured data instead of Transfer Functions. A frequency response function for a 
single-input single-output system may be defined as the quotient between the Fourier 
transform of the systems output signal and its input signal according to [7]. 

H = ……………………………………………………...(12) 

Where   is the frequency. 

The frequency response function is used in modal analysis to identify the mechanical 
properties of the structure under test. 

Experimental Frequency Response Function (FRF) Measurement 

In spectrum analyzers the cross power spectral density and auto power spectrum is used to 
experimentally determine the FRF. 

We can use either the H1 FRF estimator or the H2 FRF estimator. 

The H1 Estimator assumes there is no measurement noise at the input, noise may be 
present at the output [7]. 

 
 

…………………………………………………………………….(13) 

Where  is the single sided estimated Cross spectral Density (CSD) between the 
output and input of the system and  is the single sided estimated Power Spectral 
Density of the input to the system. 

The H1 estimator is used when noise at the input may be neglected. 

 

The H2 Estimator is used when noise at input cannot be neglected. In situations where the 
dominating measurement noise occurs at the input rather than at the output   estimator 
can be used. 

 
 

…………………………………………………………………….(14) 

Where  is the single sided Cross spectral Density (CSD) between the input to the 
system and output of the system and   is the single sided Power Spectral Density of 
the output response of the system. 
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1.4  Labview Programming Concepts 
Labview is a dataflow based Graphical Programming language. It has been developed by 
national instruments to do instrumentation .The programs that are developed in Labview 
are known as virtual instruments (VIs). 

 The virtual instruments are like the Functions of a traditional Programming 
Language i.e. they are code blocks that are written to perform a specific function. Labview 
supports a rich variety of Hardware Devices and is ideal for digital signal acquisition tasks 
and analysis tasks. 

The Labview base package comes with a large number of built in VI’s.   

1.4.1 Labview Programming Environment  

The programming environment consists of a front panel and a back panel .The graphical 
programming is written in the back plane. The front Plane is used to display results of the 
analysis and for control. The front plane has graphical VI’s that resemble traditional 
hardware control instruments like Knobs, switches, monitors etc. 

The Front Panel is the user interface for a VI. Indicators resemble traditional instrument 
output devices and can display output 

The Back panel contains the graphical source code which actually controls output of the 
Front Panel Indicators. Front panel indicators appear as terminals on the back panel. The 
programming relies on data flow. Wires connect all the sub VIs in the program.  

Like all programming languages Labview has built in VI Libraries that contain conditional 
structures e.g. Case structure, loops etc. 

To acquire data Labview comes with power full Vis that perform data acquisition e.g. 
DAQmx VIs which can be used with different hardware devices. 

  

1.5  PXI Systems 
PCI eXtensions for Instrumentation (PXI)  is an open standard for PC based high 
performance measurement and instrumentation systems.[9] 

PXI Systems have all the features of traditional PC based PCI busses e.g. peak data rates of 
132M bits/sec, but where personal computers can support three PCI slots the PXI systems 
have support for 7 to 14 PCI slots.[10] 

The PXI system used in this effort is an NI PXI-1044 chassis that supports up to 14, 3U 
sized , PXI slots[11].(3U is a card specification which defines a 10 by 16 cm card, these 
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specifications are the Euro card specifications ANSI 310-C, IEC-297, IEEE 1101.1, IEEE 
1101.10, and P1101.11).[10] 

Special Features of PXI Systems that set them apart from traditional compact PCI 
systems are that PXI systems have Timing and Synchronization Capabilities .These timing 
capabilities are implemented via 

1 Dedicated 10 MHz System Reference Clock 
2 PXI Trigger Bus 
3 Star Trigger Bus 
4 Local Bus 

To understand the description we would need to keep in mind the PXI chassis see fig.5 

 

Figure 5  Overview of a PXI chassis 

The slot marked by 1 is the system controller module slot, its position is defined in the 
standard to be at the left, the empty slots to the left of it are reserved for possible expansion 
of the system slots, to the right of the controller slot are slots 2 ,3,4 and so on. 

 Slot 2 can either be a common peripheral slot. But a special Timing and Triggering 
Module can be mounted at this position .In the system that used in this work the slot is 
used as a star controller by mounting an NI PXI-6653(Timing and Multichassis 
synchronization Module at this location ) which is a star trigger controller .   

Now we are ready to describe the special features of the PXI that implement timing and 
synchronization. 

1 Dedicated 10 MHz System Reference Clock 
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For data acquisition applications that demand synchronization the PXI standard 
requires a single 10MHz system reference clock. This clock is routed using the backplane to 
all the modules on the chassis. Its accuracy is less than 25ppm (parts per million). 

By using a Star Trigger Module like the NI PXI-6653 we improve the accuracy to 
50ppb.The PXI standard also specifies the routing paths to different modules on the same 
PXI must be of equal lengths limiting the skew between clock edges reaching the different 
modules to less than 1pS. 

The PXI-1044 supplies this clock independently to each module (or peripheral slot).The 
skew is less than 250 pS. This common clock can be used to synchronize different modules 
with in a PXI chassis [11]. 

2 PXI Trigger Bus 

Consists of 8 trigger bus lines via which synchronization, handshaking and trigger 
signals can be set. Sampling clocks having adjustable frequencies can be sent via this bus.                 

It is however not recommended to use this bus to transfer synchronization clocks 
higher than 20 MHz It would be better to utilize the on board Clock for such purposes. 

3 Star Trigger Bus 

Consists of matched delay paths which route triggering signals from slot 2 of PXI with a 
edge skew of less than 1 nanoseconds. This is ideal for applications requiring a 
simultaneous trigger having minimum inter channel delay. 

4 Local Bus 

To accommodate analogue or digital signals that need to be transmitted in between 
modules within a single chassis a local bus is provided. It is a daisy chained bus, capable of 
carrying analogue or digital signals up to 42 volts. Thus PCI bandwidth is not utilized for 
internal communication by providing this bus. 

1.6  Introduction to the Developed Interface (Spectrum Analyzer 
Version 1): 

The Spectrum analyzers available in the market have very complicated interfaces. The 
student who is new to Vibration Analysis spends most of his time figuring out the interface. 
To enable the student to focus more on the concepts of Spectrum Estimation techniques a 
much simpler Interface for the Spectrum Analyzer was designed at BTH. 

This interface style is maintained in this work and the back panel programming is 
built around this model. In Fig. 6 we can see what the students will see when they first open  
the spectrum analyzer VI.  
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Figure 6   Front Panel View of the Developed VI (version 1) in this particular picture the user has selected the    
Power  Spectrum Option. 

The VI has all the options that a student will need for this lab. 

The various options are explained below 

Input Data Options: 

The user before running the program has to input 3 main categories of inputs 

A: Source Settings 

B: Acquisition Settings 

C: Analysis Settings 
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A: Source Settings 

Fig.7 Shows the Source settings. The main options of the source settings are listed below 

1  Select Channel  :  

Here the user selects the channel through which the output signal is sent. The  

available hardware provides up to six output channels namely  

Dev5/ao0 , Dev5/ao1 , Dev6/ao0 , Dev6/ao1 , Dev7/ao0 , Dev8/ao1. 

2 Output Sampling Rate Option:        

This option allows the user to select the Sampling rate at which the data are sent to the 
output channel. This allows the user to control the Bandwidth of Random Digital Output  
sent to the selected output channel. 

For example : If a sampling rate of 8000Hz is input here the channel output will be a 
random noise having bandwidth up to 4000Hz. This follows from the nyquist theorem and 
was verified by using a spectrum analyzer. see fig. 6 . 

3 Source Type Option:   

Here the user selects a generator from a choice of random noise generators. See Fig. 6 

B: Acquisition Settings 

The acquisition setting options control the analogue input settings. See fig. 6 

Respectively from top to down the user has to enter the following Input Settings. 

1 Sampling Rate 
2 Select Input Channel 1 
3 Select Input Channel 2 
4 Channel 1 Scaling 
5 Channel 2 Scaling 

                                                                                                                                          

1 Sampling Rate Option: 

The sampling rate option is a very important user input. It sets the sampling rate of all the 
10 input channels. 

 The user has to decide this according to the Nyquist Theorem. The range of output 
frequencies to display in the graphs are also set according to this option.  
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2 Select Input Channel 2 : 

Channel 2 is a logical channel. 

Here the user has to enter the first input channel to use. Note that when calculating 
the FRF the spectrum analyzer estimates the FRF of Channel1/Channel 2 .So input to the 
system must be connected to channel 2. In the case of vibration analysis this quantity will 
be the Force. So the Force Transducer must be connected to channel 2.Channel 2 can be 
any of the available hardware channels.  

 

3 Select Input Channel 1 : 

Channel 1 is a logical channel. 

Here the user has to enter the first input channel to use. Note that when calculating 
the FRF the spectrum analyzer estimates the FRF of Channel1/Channel2 . So output to the 
system must be connected to channel 1. In the case of vibration analysis this quantity will 
be the Acceleration .So the Accelerometers must be connected to channel 1.Channel 1 can 
be any of the available hardware channels.  

 

4 Channel 1 Scaling: 

The channel Scaling option is different than other spectrum analyzers. The input to this 
channel depends on the transducer sensitivity. 

Here the user has to input the Units e.g. ( m/s2) .that 1Volt of electrical input to the channel 
represents.  

e.g. If the transducer has a sensitivity of  K ( mV/ m/s2) then to calculate the amount of 
acceleration represented by 1 Volt the user has to perform the following calculation and 
enter it . 

 

K mV=1  m/s2  

V= 1  m/s2  

1V     =  (1000/K ) m/s2 

Let’s suppose we use an accelerometer with a sensitivity of 104.826 mV/ m/s2 

According to the calculations above   
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104.826 mV= 1m/s2 

. V= 1m/s2 

1V         =  
.

 m/s2 

1V    = 9.539 m/s2 

The user has to input  9.539 here. 

 

5 Channel 2 Scaling: 

The channel Scaling option is different than other spectrum analyzers. The input to this 
channel depends on the transducer sensitivity. 

Here the user has to input the Units that 1Volt of electrical input to the channel represents.  

E.g. If the transducer has a sensitivity of  K ( mV/ N) then to calculate the amount of 
Force represented by 1 Volt the user has to perform the following calculation and enter it . 

 

K mV=1  N 

V= 1  N  

1V     =  (1000/K ) N 

Lets suppose we use a Force Transducer with a sensitivity of 226 mV/ N 

According to the calculations above   

226 mV= 1N 

V= 1N 

1V         =   N 

1V    = 4.424  N 

The user has to input 4.424 here. 
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C: Analysis Settings 

The user has to enter just three options to do the analysis. 

1 FFT Length 
2 Number of Averages 
3 Window Type 

1 FFT Length: 

Here the user inputs the FFT length to be used .This sets the number of points in the FFT 
to be determined. This also sets the number of data samples the Labview reads per 
acquisition (or in other words each time DAQmX read VI is called).  

This must be set to a reasonable value by the user as this also determines the frequency 
increment of the frequency analysis.  

For example: If user wants to estimate a FRF in a frequency range of 0Hz to 
6000Hz,selecting an FFT length of 6000 will set the data acquisition channels to acquire 

6000 data points of data and the frequency increment f=
     

 

will be 1 Hz. 

Selecting FFT length to be 1200 will give us a frequency increment of 0.5 Hz by using the 
above mentioned formula. 

2 Number of Averages: 

Here the user has to input the number of averages the user wants in the Welch Spectrum 
Analyzer. To get output this has to be greater than 1. 

3 Window Type: 

In this field the user selects the type of window to be used in the spectrum estimation. The 
user can select either a Hanning window , Hamming window, Flattop window or an 
exponential window.  

 

1.7  Introduction to Spectrum Analyzer (Version 2): 
The first version of the spectrum analyzer has very basic functionality and can be used to 
trouble shoot the hardware and software for connectivity or synchronization issues and is a 
good for understanding how the spectrum analysis of sound and vibration signals works. It 
requires no add on software kits from Labview and can work with any data acquisition 
hardware as long as it supports synchronized data acquisition.  
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An advanced version of the spectrum analyzer has been developed using add on software 
tool kit from Labview. It requires the Labview Sound and Vibration tool kit to run. 

This advanced spectrum analyzer is named Spectrum Analyzer Version 2.  

Additional Functionality that has been added includes: 

1) Ability to estimate Zoom FFT, Zoom PSD, Zoom CSD, Zoom FRF of a 
portion of the spectrum. 

2) Ability to generate a source signal having specified band width. 
3) Ability to perform overlapped averaging. 
4) Ability to Detect Over loaded signals (those input signals that clip the 

Analogue to Digital Converter). 
5) Ability to detect whether the input is Half Ranged (A half ranged input 

means that the input signal uses at least half the Dynamic Range of the 
ADC). 

6) In version 2 the user can select the gain settings of the data acquisition Front 
End. 

7) In addition the user has the ability to use burst noise signals and trigger the 
measurement when the source signal starts .Using burst source the need for 
windowing is eliminated and user can get better coherence. 

Adding these features complicates the interface but the advantages far outweigh the 
inconvenience. 

The interface for the Spectrum Analyzer Version 2 is described below 

 

Spectrum analyzer version 2 has an almost identical interface to the spectrum analyzer 
version 1 but the settings and choices the user has to make are different in version 2. The 
Spectrum analyzer Settings are divided in to three categories. 

A Source Settings 

B Acquisition Settings 

C Analysis Settings 
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Figure 7  Inter face of the Spectrum Analyzer Version 2  

 

A Source Settings 

In Spectrum Analyzer Version 2 the user has the ability to  specify the type of noise source 
he wants to use .Additionally burst source signals can be used.frequency range of the 
generated output noise signal, the user has to make the following settings refer to Figure 7. 

1) Select Channel 
2) Select Signal Type 
3) Start Frequency 
4) Cut off frequency 
5) Burst Options 
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1 Select Channel 

In this data field the user should select one of the six available output channels of the PXI -
1044 system. 

2 Select Signal Type 

The user can select the type of random noise he wants to generate . 

3 Start Frequency 

The user can generate a noise signal having desired bandwidth and frequency range.This 
field sets the starting frequency of the output noise. 

4 Cutoff frequency 

This field specifies the upper cut off frequency of the random noise the user wants to 
generate. 

5 Burst options 

The burst tab  allows the user to use burst noise as the source signal . Here four settings 
have to be configured. 

1) The Physical channel used to output the generated burst noise is selected. 
2) The duraton of the burst is selected as a percentage of the acquisition time duration. 
3) The burst type input is used to select the type of noise eg. Random or chirp . 
4) A high pass filter is used to filter the burst noise.The user has to select the lower 

cutoff. 

B Acquisition Settings 

The Acquisition Settings of the spectrum analyzer Version 2 are completely different from 
the first version. This version of the spectrum analyzer uses the zoom FFT which enables it 
to  estimate the PSD’s and FRF’s in the specified frequency range. 

Further more in this section the user has the ability to configure the Dynamic Range of the 
input channel’s Digital to Analogue Converters( DAC).And has the ability to set the 
minnimum and maximum allowable input voltage. And the interface includes four virtual 
LED indicators to indicate whether the input is overloaded or Half Ranged. 

The concepts of overload and Half Range are confusing so an explanation is warranted 
here.  

The input channels have adjustable gain settings  
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Figure 8  Shows how the Dynamic Range of the input DAC is set by the input Amplifier. Note that this circuit 
diagram is given to explain the concept of Dynamic Range and does not describe the actual input configuration 
of the instruments used. 

The quantization levels of the input Channels are fixed ,the PXI-4461 and PXI-4462 
modules have input Analogue to Digital Converters with 24 bit resolution giving 224 
quantization levels. The quantization levels are fixed but the Dynamic range of the 
acquisition system can be improved by preamplifying the input signal as shown in fig.8. 

The dynamic Range is the range of input signal levels that an acquisition system can 
measure simultaneously. The lower level is limited by the noise floor of the system. An 
input that is too small will not be detected by the ADC as it will be below its lowest 
quantization level. 

The upper limit is set by the maximum signal level the ADC can represent. 

 

Over Loaded:  If the input overranges the ADC it is said to be overloaded.The user has to 
increase the allowed input levels ie increase Maximum and Minnimum allowed input 
voltages.The red Virtual LED will flash if this happens. 

Half Ranging: This is an indicator that indicates that at least half the Dynamic Range of 
Acquisition System  is used by the input signal.It is a figure of merit and improves the 
quality of the measurement . .  

Quarter Ranging:The spectrum analyzer allows six different gain settings.It was practically 
observed during experiments that  half rangng is sometimes difficult to ensure.So this 
spectrum analyzer uses Quarter Ranging. 

The user has to make the following choices 

1) Channel 1 
2) Channel 2 
3) Peak Voltage Vpk Channel1 
4) Peak Voltage Vpk  Channel2 
5) Number of Samples 
6) Channel 1 Scaling 
7) Channel 2 Scaling 
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8) Trigger Setting 

1 Channel 1 

User can select the input channel 1 from a list of input channels available in the 
system.Refer to fig.9. This has to be the input measurement if the FRF(Frequency 
Response Function) is intended to be measured.As FRF is calculated as 
Channel2/Channel1. 

2 Channel 2 

User can select the input channel 2 from a list of input channels available in the 
system.Refer to fig.10.This has to be the input measurement if the FRF(Frequency 
Response Function) is intended to be measured.As FRF is calculated as 
Channel2/Channel1. 

 

3  Peak Voltage Vpk. Channel 1: 

The PXI-446x Channels can have six different peak Voltage settings.In this field the user 
can select the peak value of the allowable input voltage of channel 1. 

The user can select between 0.3162  , 1  , 3.162 , 10 , 31.62 , 42.40  . 

4  Peak Voltage Vpk. Channel 2: 

The PXI-446x Channels can have six different peak Voltage settings.In this field the user 
can select the peak value of the allowable input voltage of channel 2. 

The user can select between 0.3162  , 1  , 3.162 , 10 , 31.62 , 42.40  . 

 

5 Number of Samples:  

This field specifies the number of samples that are stored in the DMA(Direct Memory 
Access ) buffers. Having large data blocks can speed the analysis up. This must be set to a 
reasonable value always greater than 1. 

6 Channel 1 Scaling or Channel 2 Scaling: 

 Channel 1 Scaling is a cluster of different channel settings [13]. The input data fields of this 
cluster are 

Sensor Sensitivity[mV/EU]: 

Here the user inputs the sensitivity of the transducers in mV/EU. 
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Engineering Units: 

In this field the user inputs the units in which he wants to measure. This option provides 
you with the option of scaling the output to engineering units.for an accelerometer you can 
select g  , m/s^2 or in/s^2.It also offers a choice called custom Label described below. 

 dB Reference EU: 

This input by default is set to 1. Use dB reference of 0.7746 when the engineering units is 
set to m and use dB reference of 20e-6 when measuring sound pressure in Pascals [13]. 

 Custom Label: 

“Specifies the string used for units when engineering units is set to custom.”[13] 

 Weighting Filter: 

Here the user specifies if the acquired data has been pre weighed by any filter. The default is 
linear. If you specify any other weighing then the acquired signal cannot be weighed during 
analysis by any VI in the Labview program [13]. 

 Pre gain dB: 

If there is an amplifier in between the DAQ device and sensor with a gain G in dB then you 
have to specify its gain value here in dB. 0dB means there is no amplifier. 

 Trigger Setting 

There are two possible trigger settings Source trigger and Free Run . 

If the user wants to use Burst Source then the Trigger has to be selected as source Trigger. 
For normal noise signal the settings should be free run. It is important to set this properly 
when using burst source. 

C Analysis Settings: 

In the analysis settings category  two main types of analysis can be made first is the Zoom 
Analysis and the second main option available to the user is the Base band FFT Analysis. 

In the Zoom Analysis Option the user has to input two main clusters of data 

1) Zoom Settings 
2) Averaging Parameters 
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1  Zoom Settings: 

Here the user specifies the Start Frequency of the Analysis. The stop frequency. The 
analysis can be done over the specified frequency interval. And the Zoom FFT, Zoom PSD 
and Zoom FRF can be calculated in that interval. 

The Overlapping is also specified here by the user. 

2 Averaging Parameters: 

Here the user should specify the number of averages needed. The other fields can be left at 
their default state. Here the user can set the averaging type and weighing if needed. 

In the Baseband FFT Analysis the user has to set  

1) Frequency Range 
2) Window 
3) FFT Length 

Note that the base band Spectral analysis will always start from 0 Hz and the user can 
specify the stop frequency. User also has to specify the zoom settings. Note that the FFT 
Length specify the size of the FFT used and the acquisition system takes the input block 
length equal to the FFT length. So specifying this sets the Acquired input block length.   

Note that it is better to use baseband Spectral analysis when using burst source. 

1.8  Introduction to the Data Acquisition Modules (PXI4461 & PXI
4462). 
The PXI-4462 and PXI-4461 are Dynamic signal Acquisition devices manufactured by 
NI(National Instruments).These devices have 24 bit resolution and support sampling rates 
of up to 204.8KSamples/sec   [14]. 

Their Dynamic Range, simultaneous sampling and synchronization capabilities make them 
suitable for Audio Testing , Vibration analysis, Rotating Machinery analysis etc[14] 

To fully understand the architecture of the DSA devices first the working of 
ADC(Analogue to Digital Convertor) is explained .These devices use the Delta Sigma ADC 
technology. 

Analogue Anti Alias Filters for the input channels:  

The ADCs on the DSA devices have built in Low Pass Digital filters with cutoff 
frequencies that follow the sampling frequency [14]. 
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In addition to Digital Filtering the input signal before it reaches the ADC has to pass 
through an analogue 2 pole low pass butterworth filter which eliminates any high frequency 
components from the signal that te digital filter can not remove. 

Each channel has an analogue 2 pole butterworth filter [14]. 

Delta Sigma Converter:  

∆-∑ converters are different from conventional ADC converters. They provide a high 
accuracy measurement along with high resolution by employing High Oversampling and 
Noise Shaping Techniques [14]. 

The ∆-∑ ADC used in PXI-4461 and PXI-4461 devices oversample the input at 128, 64 
and 32 times the sampling rate depending on the sampling rate.  

The ∆-∑ ADC samples one bit samples at K.fs rate. The oversampled bit stream is sampled 
using a comparator this is then passed through an integrator circuit the output of the 
integrator is proportional to the slope of the signal waveform. The output is fed to an 
oversampled 1 bit analogue to digital converter. This portion of the circuit can be 
implemented as a comparator that converts the input in to a voltage level compatible with a 
D flip flop which can be the one bit ADC driven at K times the sampling rate [14]. 

The objective of the feedback is to drive the output of the integrator toward zero. If there is 
no input to the first comparator then this circuit outputs an alternating stream of zeroes and 
ones at the oversampling rate [14]. 

If the input is high amplitude positive then there are more ones at the output. If the input is 
low in amplitude then the number of ones decrease. 

By averaging this high data rate bit stream a high resolution 24 bit digital signal can be 
produced.                                                 

The high sampling rate serves to spread the noise and decrease the input noise. This does 
not change the SNR but spreads the noise over a large frequency range thus decreasing the 
noise floor. Most of the noise is removed by filtering. 

The quantization noise has high frequency characteristics and is filtered out by a digital 
filter. This is called noise shaping. 
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Fig. 9 Schematic of the Delta Sigma Converter used in the DSA This schematic has been reproduced from  NI’s 
DSA tutorials. 

Specifications of the devices:[15] 

The mentioned DSA devices have variable oversample rate. 

From 1KS/s to 51.2KS/s the oversampling rate is 128.fs . 

From 52.2KS/s to 104.2KS/s  the oversampling rate is 64.fs 

From 104.2KS/s to 52.2KS/s  the oversampling rate is 32.fs 

Both the Devices support six software selectable signal Ranges: 

 Gain   dB  Input Range Vpk 

 30  0.316 
 20  1 
 10  3.16 
 0  10 
 -10  31.6 
 -20  42.4 
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Chapter 2 

Development of Back Panel 
Programming and Its Documentation 
 

The proposed laboratory consists of many tasks and will continue after this thesis is 
finished. Realizing the fact that in the course of this research the proposed spectrum 
analyzer will be modified to add additional capabilities there for the developed code is 
documented in this chapter so it can be modified easily and the future developers do not 
have to reinvent the wheel.  

Two different versions of the spectrum analyzer were developed the programming 
approach is different. The first version is a basic spectrum analyzer that was useful in 
understanding how to integrate Labview software and hardware and is useful for trouble 
shooting and understanding the overall concept of the spectrum analyzer. 

Many insights about how Labview programming works to perform the desired functions 
were gained from the first version and most of the time was spent on it so it is described in 
detail first. 

The second version of the Spectrum analyzer refines the features of the first version and 
uses functions from the sound and vibration add on tool kit. It has zoom FFT, zoom PSD, 
zoom CSD, zoom FRF functionality. 

The approach used for data acquisition is described first. 

  

2.1   Data Acquisition: 
The data acquisition scheme chosen for the task is purposely designed to require minimum 
amount of memory over head and avoid buffer overflows. The averaging of the FFT’s(Fast 
Fourier Transforms) that are required for Spectrum Estimation are done as the data is 
acquired. So the need to store lengthy time domain signals is eliminated. 

First an introduction to the Devices Installed on the PXI-1044 chassis is in order. 

The PXI used to make the spectrum analyzer has 7 peripheral devices mounted from slot 2 
to 9 on its chassis. Additionally there is a NI PXI-6653 Timing and multichassis 
synchronization module installed in slot 2. 
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The logical organization of the Modules installed on the PXI-1044 chassis is described by 
the flow chart shown in fig. 10. 

Note that the according to device naming convention ao0 stands for analogue output 
channel 0 and ai0 stands for analogue input channel 0. 

There are at present 22 input channels available in the device and also 6 output channels. 
All the input channels have ICP current source excitation available so they can be 
connected via ordinary means to the transducers.  

There are 4 all input PXI-4462 devices available to us at the moment and further more 3 
dual purposePXI-4461 devices each having two input channels and two output channels are 
available  at the moment.  

 

 

Fig. 10  Logical Channel and Device organization on the PXI chassis used in the experiments.  

 

For the lab the intent is to measure the FRF(frequency Response Function) at 10 points 
along the beam so we use the first 10 input channels. 
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                 Dev1/ai1 

                 Dev1/ai2 

                 Dev1/ai3 

                 Dev2/ai0 

                ………….. 

                ………….. 

                 Dev3/ai1 

 

Now the Programming and VI’s used to perform synchronous Data Acquisition from 10 
channels is described in fig. 11. 

 

Figure 11  Data acquisition in Labview as done in the spectrum analyzer VI Version 1. 

 

In the figure11 the VI’s numbered 3 is the most important VI to set. The device is 
configured to acquire data from accelerometers but this will also acquire data from force 
transducers. It is important to choose this VI as otherwise it will not be possible to provide 
the required 5mA current to the ICP transducers that are used in the sound and  vibration 
lab. 
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Caution: Using any other VI in place of this VI will not turn the ICP source on       
and lead to misleading results. It is interesting to note that the sensors worked even 
without the ICP on but gave readings that had misleading scaling. This error was 
extremely difficult to track. And after a few weeks it was realized what was wrong. 

This lets us set the following important parameters 

1) Maximum and Minimum voltage range of the input channels. ( this has been set to 
5 V). The PXI-4462 and PXI-4461 can vary the quantization levels of the Analogue 
to Digital Converters between six predefined voltage ranges. 

2) The excitation current is set to 0.005A. 
3) The excitation source is set to be internal. 

The VI numbered 4 is the sampling and Trigger control VI. It sets the following 
configuration parameters of the acquisition. 

1) It sets the sampling type to continuous acquisition  , during continuous acquisition 
mode .In the continuous acquisition mode the data from the channels is copied 
directly using DMA(Direct memory Access) in a circular buffer. As the buffer is 
filled the start of the buffer is over written [8] .The DMA ensures minimum 
overhead and is fast. 

2) The sampling rate is set to the required value. 
3) The buffer length is also set for all the 10 channels. 
4) All the ten channels are synchronously sampled by the PXI using the Onboard 

clock as a reference .Hence synchronization is assured. 
5) The start trigger has to be set in order to assure all the ADCs start sampling at the 

same time. This is done by sending the start trigger of one of the channels on to any 
one line of the trigger bus. 

 

In Fig.11 the block numbered 6, is the DAQmx VI used to read data of all the ten channels 
from the buffers for block by block spectrum Estimation. 

2.2  Synchronization and its Necessity: 
One of the earlier mistakes when building the Spectrum Analyzer was to ignore 
synchronizing the input channels. In recognition of the headache this caused it was decided 
to devote a section to the importance of synchronization. 

It is necessary that the input channel that measures the Force of the Shaker input be 
synchronized with the input channel that measures the output Acceleration of the structure 
under test. 
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In the absence of synchronized inputs the Frequency Response Function will not be 
obtained. The Frequency Response Function is a complex function that conveys both 
magnitude and phase information. If the channel that measures input is not synchronized 
with the channel that measures output the Phase information is lost. So the need for Phase 
Coherent Analysis is clear. 

So all the channels have to be synchronized. 

Synchronization has to be at two levels 

1) The sampling rate and sampling instances must be the same. 
 
This condition is assured by using the Onboard Clock as the reference for all the 
input channels [11]. And by sending the start trigger of any one channel ADC on to 
the trigger bus. 

2) When the data read VI is executed by Labview all the channels must be read at 
once. 
This condition of synchronization is fulfilled by using the DAQ mX read Multiple 
channels, Multiple samples version of the VI. Each time the VI is executed by the 
Labview while loop data from all the 10 data buffers is acquired at once. 
 

2.3  Generating the Source Signal: 
In order to excite the structure under test it has to be excited using a random vibration 
source. In order to produce the random Force Excitation a shaker is used. The shaker is 
excited using a random electrical signal. See Fig.12. 
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Figure 12   A diagrammatic view of the Experimental Setup. Shows the role of source signal.  

Labview Base Package comes with a large array of Random Signal Generators that 
are suitable for our purpose. Fig. 13 shows the Labview program segment that generates an 
analogue random electrical signal that is fed to an amplifier which amplifies the signal 
before feeding it to the shaker. The shaker produces the required excitation force needed to 
excite all the modes of the structure. 
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Figure 13  Labview code to Generate Source Signal in Spectrum Analyzer Version 1. 

 

Fig. 14 Shows the settings of the output DAQ in order to get output noise having Noise 
from 0 up to 4KHz bandwidth. 

The User can select any of the 6 output channels in the program the case structure is used 
for this purpose. 

Similarly different noise types can be selected using case structure and different versions of 
the simulate signal VI.  
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Figure 14 Output DAQ Settings to generate random noise having up to 4Khz bandwidth 
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2.4  Programming to Get the Power Spectrum and Power Spectral    
Density: 

The Power spectrum has to be calculated according to equation (8) given in chapter 1. 

As it is difficult to describe the complete Programming logic of how the PSD function is 
implemented just by looking at screen shots of the Labview program first a flow chart 
describing the overall logic used is given in Fig.15. 

 

Figure 15  Flow chart describing the programming logic used to implement the PSD function. 
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The VI’s used for this task are numbered from 6 through 11 in fig. 16. The labels used for 
numbering are colored yellow. And the data flow path is continued from fig. 12 in section 
2.1 of this chapter. 

Fig. 15 shows code helps us in calculating an averaged unscaled PSD. The VI’s shown are 
enclosed in a while loop that will iterate as long as the required number of averages are not 
calculated. 

VI numbered 6: It acquires a block equal to FFT length specified by user simultaneously 
from all the 10 channels. 

VI numbered 7: Extracts the data of the required channels from the 10 channels.  

VI numbered 8 & 9: Scales the data according to the transducer sensitivity as explained in 
chapter 1 section 1.6. 

 

Figure 16   Labview code to obtain the Power Spectral Density 

VI numbered 10:  This sub VI calculates the square of the single sided FFT.  

VI numbered 11:  This is a multiplier that scales the single sided PSD by 2. In accordance 
with  equation(8). 

As the PSD of each acquires data set is calculated it is stored by the shift register and the 
latest PSD is added to the previous PSD and stored again. If the while loop executes N 
times N PSD’s are added. To calculate the average later they are divided by the number of 
averages not shown in this figure. 

PSD Sub VI:  The Labview code of the PSD Sub Vi is shown in the figure 16 and its 
description is also given in the fig.16. 
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Figure 17. Explains the programming of the PSD Sub VI. 

 

The PSD Sub VI requires 2 data inputs, one input should be the block of time domain data 
and the second input should be the window we want to use. 

Obtaining the time domain Window: 

To reduce spectral leakage windows are used. Labview base package comes with the most 
common windows used in signal processing. These windows are accessed by going to the 
Functions Palette >>Signal Processing>>windows 

By using these windows an option for the user to select any one of them has been created 
in the spectrum analyzer. 

The code to implement this option in the spectrum analyzer is used often and is explained 
in Fig.18. 
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Figure 18  Code that allows the user to select from a collection of several time domain windows. 

 

Scaling to get correct Estimators:  

The scaling factors have been included in the programming to get correct estimates. 

The averaged squared FFT’s have to be scaled for the effect of window and have to be 
scaled so that the DFT produces results equivalent to the Fourier series coefficients 
furthermore it also has to be divided over the sampling frequency in case of PSD. 

See equation (8) in chapter 1 for reference. 

The Labview Program segment that implements the scaling is shown in Fig.19. 
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Figure 19  Program segment that scales the PSD estimator. 

In the programming segment shown in fig.19 the data that flows out of the shift register is 
divided by the window normalization factor, number of averages and Sampling rate. 

The Power Spectrum is calculated using the exact same code but with different scaling 
factors. 
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2.5  Programming to get the Cross Spectral Density: 
 

 

Figure 20  Code segment that shows how the scaled Cross Spectral Density is computed.  

Fig 20 shows how the crosss spectral density Pxy is calculated where x=data of channel 2 

y=data of channel 1. The VI’s are reference numbered in the figure from 10 through 23. 

 VI numbered 11 is a multiplier that windows the data segment y i.e. the output 
signal VI numbered 10 multiplies a block the input signal x with the window. Note that the 
length of a block is equal to length of FFT specified by user. 

Equation ( 10) in chapter 1 is repeated here for reference 

1
. .

 

Where fk= Fs   where Fs is the sampling frequency and 0<k<=  

 M denotes the number of FFTs that are averaged. N is the FFT length. 

Where   denotes complex conjugate. 

Multiplier VI’s 12 and 13 take the discrete Fourier transforms of the windowed signals. The 
VI numbered 14 takes the complex conjugate of the input signal FFT X(f)*.  
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VI numbered 14 multiplies both the FFT’s from here on the code works in the same way as 
the code for PSD estimation. Even the scaling is implemented in a similar way as was done 
for the PSD. 

2.6  Programming to get the Frequency Response Function and 
Coherence: 

To calculate the frequency response function the H1 estimator given by equation (13) is 
used the equation is repeated here for reference 

  

 

 

Figure 21  Code segment that calculates the Frequency Response Function (FRF) 

 

Coherence: 

The coherence is estimated from the Welch Estimation of the cross spectral Density and 
Power Spectral Densities of the input and output. It is calculated according to equation (11) 
.The equation is repeated here for reference 

= 
.

= 
.
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Fig.22 Describes the Labview code that is used to calculate the coherence 

 

Figure 22 Labview code that describes calculation of coherence and its display. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



44 
 

Chapter 3 

Programming and Documentation of 
Spectrum Analyzer Version 2 
 

3.1  What Has Changed in Version 2 
 

In version 2 of the spectrum analyzer Labview Sound and Vibration Add on tool Kit is 
used and the zoom FFT ,Zoom PSD and Zoom CSD ,Zoom FRF and Coherence Vis are 
used to implement the system. 

The user can select the frequency range in which he wants to do the analysis. Additional 
Quarter Ranging Indicators have been added. And the user has the capability to select the 
input range of voltage input to the channels. 

The user can select between six input channel Gain settings that determine the input range 
and resolution of the ADC. 

The user can select the output signal frequency bandwidth too. 

3.2  Programming the Spectrum Analyzer Version 2: 
. 

 An overview of the programming logic used is given in the flow chart given in 
figure 23.  
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Figure 23  Flow Chart Describing the Programming Flow of Spectrum analyzer Version 2 
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3.3  Generating the Source Signal in Spectrum Analyzer Version 2: 
  

 

Figure 24  Code that generates the band limited source signal. 

Fig.24 shows the Labview code used to generate the source signal that is used to output the 
electrical noise signal that can be fed to the shaker via an amplifier. 

The DAQ assistant has been used to configure all the six output channels. These DAQ 
assistant VI’s have been placed in a case structure. The user can select which channel to use. 

The Random noise signal is generated using Simulate Signal VI which generates a pseudo 
random signal having desired characteristics. It is important to point out that the Sampling 
Frequency of Simulated Signal must be equal to the Sampling frequency of the Physical 
Output Channel which is set to 50 KHz in the code given above. 

If there is mismatch between the sampling frequencies of simulated signal and the physical 
device The frequency content generated by the physical device will not match the frequency 
content of the simulated signal .  
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To ensure that the band limited signal excites the system in the intended frequency  
bandwidth, the simulated signal should have the same sampling frequency as the output 
channel sampling rate. 

3.4  Data Acquisition in Spectrum Analyzer Version 2   
The Data acquisition Configuration Setup for Spectrum Analyzer Version 2 is very different 
from the first version. 

The Physical system used is the same so it is useful to go through the data acquisition 
introduction in chapter 2. 

I n version 2 two types of data acquisition settings can be used  

1) Free Run data acquisition 
2) Source Triggered data Acquisition 

The main differences are that only two channels are sampled simultaneously in the second 
version and the voltage range settings of the selected channels can be adjusted 
independently.  

 

Figure 25   Data Acquisition In Spectrum Analyzer Version 2 when trigger is set to Free Run. 
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The Labview code that uses DAQ mX VI’s to configure the input channels is shown in 
fig.25. This configuration is done by Labview code before Analysis while loop starts. 

The VI’s used are numbered from 1 to 11 and the numbering can be seen in figure in 
yellow highlighting. These reference numbers will be used here for explaining the code. 

Vi numbered 2 helps the user select the Physical channels. 

Vi numbered 3 and 4 is used to configure input channels 1 and 2 to measure using ICP 
transducers. Notice that the DAQ mX Analogue Input VI is used instead of the 
Accelerometer Input .This was used because if the accelerometer VI is used then the scaling 
VIs of the Sound and Vibration Tool Kit produce an error and will not scale the input . 

Note that VI labeled 4 is a DAQ mX channel property VI it sets the input excitation 
current to 4mA for the ICP devices. 

VI numbered 1 is a case structure that is used to enable the user to select the minimum and 
maximum voltage settings of the Device. 

Vis labeled A and B use the upper frequency specified by user in the zoom settings to fix 
the sampling rate of the devices at twice the upper frequency limit. 

The data samples are acquired whenever the read VI is called and when enough samples are 
accumulated the analysis is done. 

When the Trigger setting is set to Source Trigger the data is generated and acquired at the 
same instant. The coding for such a scheme is given in fig.26 

 

Figure 26   Data Acquisition and Generation Scheme for source Triggered Data Acquisition used for Burst 
analysis. 
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The code shown in  fig.26 is executed when the source Trigger option along with burst 
Source options are selected from the Acquisition and Source settings respectively. So the 
code of fig.26 is enclosed with in a case structure. 

This code synchronizes the input channels with the output channels. The data acquisition 
takes place at the same time as the burst output. Using Vis numbered from 1 to 5 the 
acquisition channels are configured. Vi’s numbered from 6 to 9 configure the output 
channel for burst output. The data acquisition and generation is configured to be finite 
sample mode. The code shown above is run each time the main programming loop is 
executed. 

3.5 Main Coding of Spectrum Analyzer Version2 
The main analysis VI’s used to implement the spectrum analyzer are placed in the main 
while loop. The coding is shown in figure 27 

 

Figure 27   Main coding of spectrum analyzer Version 2. 

According to NI Sound and Vibration Tool Kit user Manual the Zoom FFT VI function as 
follows, 

“ 

The Zoom FFT VIs complete the following steps to process the sampled data: 

1. Modulate the acquired data to center the analysis band at 0 frequency. 

2. Filter the modulated data in the time domain to isolate the analysis band and prevent aliasing 
when the data is resampled at a lower sampling frequency. 

3. Decimate the filtered data to reduce the effective sampling frequency. 

4. Accumulate the decimated data until sufficient samples are available to compute the 
spectrum. 

5. Use the Discrete Zak Transform to efficiently compute the desired spectral lines. 
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6. Demodulate, or shift, the computed spectrum. 

 

“, Quoted from  [16] ,Page 11-9 . 

 

 

Note that when computing FRF, Channel 2 is considered as the output response of 
the system and Channel 1 is considered as the input to the system. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



51 
 

Chapter 4 

Testing and Practical Setup 
4.1  Experimental Setup 
 

The experimental setup consists of the cantilever beam as shown in the figure28. It may be 
informative to compare this with fig. 13 given in chapter 2. An impedance head has been 
mounted using mounting stud glued at the end of the beam. The shaker is suspended using 
flexible chords. 

                         

Figure 28 View of the Experimental Setup, the cantilever beam ,Sensor and Shaker. 

   
The equipment used to carry out the measurements consists of an impedance head this is 
an ICP type sensor (see appendix A), shaker as shown in fig.29, the sensor is glued to the 
free end of the beam and force of the shaker is transmitted via an inflexible stinger Rod to 
the structure. 
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Figure 29 Shaker Gearing and Watson Co Ltd. 

The sensor used in the experiments was made by kistler (see appendix A). According to 
Kistler impedance head calibration certificate the sensor had the following calibrated 
specifications 

Transducer Type S/N Frequency 
Response 

Sensitivity  
mV/EU 

Force 8770A5 C191115 1-4000Hz 226.618 
mV/N 

Acceleration 8770A5 C191115 10-7000Hz 1028 mV/g 
 

The quality of the setup was ensured by looking at the coherence observed on the spectrum 
analyzers. 

The output of the Labview based spectrum analyzer was compared to a spectrum analyzer 
made by Hewlett Packard HP 35670A, note that this is the same spectrum analyzer that is 
being used in the currently operating distance lab at BTH. 

 

4.2  Introduction to HP 35670A Spectrum Analyzer 
 

At this point it is necessary to introduce the spectrum analyzer. The spectrum analyzer VI  
follows the functionality of this commercially available product .The HP 35670A is capable 
of undertaking frequency analysis and can be used to measure Power Spectrum, linear 
spectrum  and Frequency Response Function etc. 

It has the capability of generating source signals for the shaker input, and it is a reliable 
device capable of self calibration. The FRF estimates of spectrum analyzer VIs version 1 
and version 2 were both compared with this spectrum analyzer [17]. Further details on how 
to use the Spectrum analyzer can be found in reference 17. 
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Note that the HP 35670A spectrum Analyzer is 16 bit resolution device with a lower 
dynamic range (90dB) than the NI PXI-4461 and PXI-4462 devices which have a dynamic 
range of 118dB.  

4.3  Measuring FRF and Coherence with Spectrum Analyzer Version 1 
and its comparison with the results of HP 35670A Spectrum Analyzer: 
 

Measurement Using Labview Spectrum Analyzer VI version 1: 

An example of a measurement taken with Labview based Spectrum Analyzer VI version1 is 
shown in fig.30 and the corresponding coherence is shown in fig. 31.  

 

Figure 30   Frequency Response Function for the driving point of the cantilever beam at the free end in the 
vertical direction, measured using Spectrum Analyzer VI version 1. 
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Figure 31 Coherence for the driving point of the cantilever beam at the free end in the vertical direction, 
measured using Spectrum Analyzer VI version 1. 

The procedure for taking this measurement is as follows. 

First the apparatus was setup as shown in fig.28. The Impedance Head used is described 
in section 4.2. Then the settings of the Spectrum analyzer VI were set as shown in fig.7. 

The FRF and Coherence Tab was selected and the measurement was obtained. 

 

We can compare the resonance frequencies obtained experimentally to the measured 
Resonance frequencies in the table given below. 

Natural frequencies from Finite Element 
Model see Table1 page 10 

Natural Frequencies obtained from 
Experimental measurements 

65.435Hz 65.62Hz 
410.68Hz 403.12Hz 
1148.25Hz 1115.62Hz 
2250.22Hz 2139.37Hz 
 2334.37Hz 
3720.18Hz 3564.38Hz 
 

Measurement Using HP 35670A Spectrum Analyzer: 

Figures 32 and 33 show plot of the measurements done using the HP Spectrum Analyzers. 

By comparing Plots given in Fig.31 and Fig.32 it can be seen that the the vibration levels at 
different frequencies measured by both the spectrum analyzers are almost similar. 
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Note that while taking measurements the same frequency resolution was adjusted. And the 
source signal was generated in both cases by Labview and given to the amplifier using the 
NI PXI-4462 output channels. 

Hence it can be concluded that the measurements of the developed Spectrum analyzer VI 
can be trusted. 

       
 

Figure 32   Frequency Response Function for the driving point of the cantilever beam at the free end in the 
vertical direction, measured  using HP 35670A spectrum Analyzer. 
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Figure 33  Coherence for the driving point of the cantilever beam at the free end in the vertical direction, 
measured  using HP 35670A spectrum Analyzer. 

 

4.4   Measurement Using Spectrum Analyzer Version 2 
The  FRF and coherence are also estimated using Spectrum Analyzer Version 2 see fig.34 
and fig.35.  

 

Figure 34 Frequency Response Function for the driving point of the cantilever beam at the free end in the 
vertical direction, measured using Spectrum Analyzer VI version 2. 



57 
 

 

Figure 35 Coherence for the driving point of the cantilever beam at the free end in the vertical direction, 
measured using Spectrum Analyzer VI version 2. 

The procedure used to take the measurements is as follows 

First the Apparatus was set up. And the Spectrum Analyzer settings were set as shown in 
fig. 7 of section 1.7. 

In the source settings the tab named noise is selected. As the amplifier is connected to 
device 7 output channel 0 in the select channel field Dev7/ao0 is selected, start frequency 
of 0 Hz and stop frequency of 5000Hz is specified.  

The  Acquisition Settings were done as follows  channel 1 is Dev1/ao0 the force transducer 
was connected to this channel, channel 2 was Dev3/ao0 the accelerometer was connected 
here.  

Note that channel 1 must always be the force transducer and channel 2 must always be the 
accelerometer if an Accelerance FRF is to be measured. 

The gain settings of the input channels were selected from the menus to be 31.62 Volts 
Peak . 

The trigger was set to be free Run. 

Channel 1 and Channel 2 Scaling settings were left unchanged except for the Sensitivity 
Setting which was selected according to the impedance head used 

Channel 1 sensitivity was set to  226.62mV/EU and channel 2 sensitivity was set to 104.83 
mV/EU. The impedance head used is the same one mentioned in section 4.2 of this 
chapter. 
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Now the Analysis settings were done.100 averages with linear scaling were selected, a 
Hanning window was selected and the start and stop frequencies were selected to measure 
from 0 Hz to 6.4 KHz. 

After the settings the FRF and Coherence were estimated. Comparing with the output of 
HP 35670A spectrum analyzer shows a slight difference which is due to different frequency 
resolution used. It may also be noted that the coherence degrades after 4000Hz as the 
sensor used has a measurement frequency range of 4000Hz. 

4.5   Using the Burst Source and Source Triggering options to perform 
FRF analysis using Burst Signals: 
 

To get a measurement with better coherence we can use burst analysis in which a source 
signal is generated and the data acquisition starts at the same moment the structure is 
excited .A source signal of short time duration excites the structure under test .The data 
acquisition continues even after the excitation is stopped. 

The gradually dampened vibrations of the structure are thus recorded. This method 
eliminates the need for using a window and hence no compensation factors for the 
windowed signals need to be used. And by using burst signals we can get better coherence. 

In the spectrum analyzer VI with burst analysis. The baseband FFT function should be 
used. Then user chooses in the analysis settings not to use a window and performs the 
analysis. 
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Chapter 5 

Summary, Conclusions and Future Work 
 

5.1  Summary and Conclusions 
The main goal is to build upon the research carried out at BTH in developing distance 
sound and vibration labs for distance sound and vibration experiments. A Remote lab for 
sound and vibration experiments has been developed and is part of the sound and vibration 
courses at BTH [3].  

The next step for the developed laboratory is the implementation of a more flexible system 
in which it is possible to change the physical properties of the mechanical structure and 
which utilizes a more flexible measurement system based on National Instrument (NI) data 
acquisition and measurement equipment. 

The result of this thesis project is an accurate spectrum analyzer that can be used for the 
desired distance lab. The virtual instrument can be modified easily and further functionality 
can be added. The Graphical User Interface (GUI) is simpler than other spectrum 
analyzers.  

The number of channels can easily be extended without any software changes required to 
the Virtual Instrument program.   

The spectrum analyzer virtual instruments develop in this thesis project are capable of  
measuring Frequency Response Function(FRF), Power Spectral Density(PSD), Cross 
Spectral Density(CSD)  and can generate source signal .Spectrum Analyzer VI Version 2 is 
capable of undertaking Burst Spectrum Analysis. 

The work done in this thesis project will be useful in understanding the working of the PXI 
system and can be used as a reference for future work. 

 

5.2  Future Work 
To develop a working lab in future a robotic Manipulator to attach loads and 

springs to the structure under test needs to be developed. For this purpose the same Data 
Acquisition device can be used to control the Robotic Arm. Labview programming for such 
a system is possible. 

For a modifiable structure to be realized proper attachment mechanisms need to be 
designed. The mass has to be rigidly fastened to the beam but should be attached and 
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detached in a limited time by the robotic manipulator. The design of easy to use attachment 
devices is a significant challenge. 

It is proposed that the robotic manipulator should be developed in stages starting as 
a 2 degree of freedom manipulator that may be extendible to a 3 degree of freedom 
manipulator. For this purpose linear actuators having voltage controlled servo motors can 
be used. 

Labview has built in internet connectivity capabilities that can be used to control the 
Spectrum analyzer and proposed laboratory. 

Fig.35 shows a conceptual picture of the laboratory. 

 

Figure 36   Conceptual view of the Proposed Lab, Vibration Analysis of a modifiable cantilever beam, where 
the beam is modified using movable mass and springs. 
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Appendix  A  
Data Sheets of the Sensor used in the experiments 
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Specification of the Shaker: 
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