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– Introduction to 

• Time Domain 

• Frequency Domain

• Fmax & Lines of Resolution

– Importance of selecting the correct Fmax & LOR

– Averaging & its types

– What does Averaging do?

– Importance of Averaging

Signal Processing



 Where Time is considered an independent variable in the

analysis or measurement of time-dependent phenomena

Introduction to Time Domain



 In the early days of 

vibration analysis time 

waveform data was viewed 

on oscilloscopes and 

frequency components 

calculated by hand. 

Introduction to Time Domain



 Any waveform in the time domain can be

represented by the weighted sum of sines and

cosines

Introduction to Time Domain

 For example, take two sine waves, where one is 

three times as fast as the other. When you add them, 

you can see you get a different signal



Introduction to Time Domain



 If that second wave 

was also 1/3 the 

amplitude. This time, 

just the peaks are 

affected. 

Introduction to Time Domain



 All signals in the 

time domain can be 

represented by a 

series of sines

Introduction to Time Domain



Vibration from Mechanical Components
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Vibration from Mechanical Components
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Vibration from Mechanical Components
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Vibration from Mechanical Components
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Vibration from Mechanical Components
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 Data from a pump inboard

Real-Life Example



 Most common form of further 

signal processing

Introduction to FFT (Fast Fourier 
Transform)

 It takes a real world, time-

varying signal and splits it 

into components, each with 

an amplitude, a phase and a 

frequency



 By associating the 

frequencies with machine 

characteristics, and 

looking at the amplitudes, 

it is possible to pinpoint 

troubles very accurately

Introduction to FFT (Fast Fourier 
Transform)



 Fourier transform deconstructs a time domain 

representation of a signal into the frequency domain 

representation

 The frequency domain shows the voltages present at 

varying frequencies

Introduction to FFT (Fast Fourier 
Transform)



 A digitizer samples a waveform and transforms it into

discrete values. Because of this transformation, the

discrete Fourier transform (DFT) is used.

 The fast Fourier (FFT) is an optimized implementation 

of a DFT that takes less computation to perform but 

essentially just deconstructs a signal.

Introduction to FFT (Fast Fourier 
Transform)



 FFT works best on waveforms that 

include only periodic signals

 Builds sine waves out of those 

signals

 Each peak in the spectrum 

represents a sine wave with an 

amplitude, frequency and phase

Introduction to FFT



Example

Introduction to FFT



Example

Introduction to FFT



Example

Introduction to FFT



Signal Processing involves the following four steps:

 Filtering

 Sampling

– Aliasing

– Fmax and LOR

 Windowing

 Averaging

Signal Processing



There are four types of filters:

 Low pass Filter

 Band Pass Filter

 Band Stop Filter

 High Pass Filter

Filtering

Figure : Ideal Filter design would block out all unwanted 

frequencies



 Low Pass Filters

Filtering

Figure: Spectral data from a compressor

Figure: Same data with Low Pass filter applied

 Most common filer type

 Pass band extends from 

DC to the frequency 

specified

 Stop band lies above the 

specified frequency



 Band Pass Filter

Filtering

Figure: Spectral data from a compressor

Figure: Same data with band Pass filter applied

 Transmits only the signal 

components within a band 

around a center frequency

 Applications include 

extraction of a specific tone 

from adjacent tones or 

broadband noise



 Band Stop Filter

 Transmits all signals 

except those between 

specified frequency 

ranges

 Applications include 

removal of a specific 

tone from other signals

Filtering

Figure: Spectral data from a compressor

Figure: Same data with Band Stop filter applied



 High Pass Filter

 Pass band lies above a 

specific frequency

 Stop band lies below that 

point

 Normally used in early 

bear wear detection

Filtering

Figure: Spectral data from a compressor

Figure: Same data with High Pass filter applied



 Example

Filtering



 Example

Filtering



 Output of an electrical transducer is a continuous analog 

signal

Sampling



 This signal represents vibration at that location in terms 

of velocity, displacement or acceleration

 The signal must be digitized to record and store the 

vibration information

Sampling



 For this purpose, it is converted into a series of discrete 

numbers which is made possible through intermittent 

sampling 

Sampling

Figure: Time waveform sampled at discrete intervals



 Rate at which the waveform is sampled is called the 

sampling rate (No. of samples made in a second)

 To represent the time waveform , data collector only 

has samples to work with

 When the data collector draws the time waveform it 

simply connects the dots. This is called Time Domain.

Sampling



 Fast Fourier Transform then takes this waveform in 

time domain and creates a spectrum referred to as the 

Frequency Domain

 For the FFT to work correctly, the following problems 

have to be dealt with; Aliasing, Leakage and 

Resolution

Sampling
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 Anytime an FFT is to be taken, it is necessary to define 

or specify the FFT spectral parameters. These 

parameters include:

 Amplitude Units

 Displacement

 Velocity

 Acceleration

 Frequency Units: CPM or Hz

Defining FFT Spectral Parameters



 Fmax: the range of vibration frequencies to be analyzed

 No. of Lines of Resolution: the accuracy of displayed 

vibration frequencies

 No. of Spectral Averages: how many FFT’s are taken and 

amplitude averaged to minimize random and transient 

events

Defining FFT Spectral Parameters



 Most important decision made in obtaining an FFT is 

the selection of Fmax

Selecting Fmax

V
ib

ra
ti
o

n
 A

m
p

lit
u

d
e

 ?

Freq. / Orders?

Lower 

Freq.

limit?

Upper

Freq.

limit?

No. of lines? Avgs?



 The selected Fmax must be high enough to include all 

significant, problem-related frequencies

Selecting Fmax

However!

 The higher the Fmax, the lower the accuracy of measured 

frequencies

 Therefore, the Fmax selected should be no higher than 

needed to detect problem related vibration frequencies



 Aliasing

 Loss of information because of inadequate sampling 

rate

 Sampling rate affects the range of waveform that can 

be reconstructed

 An effect that causes different signals to become 

indistinguishable when sampled

Sampling



 Aliasing

 Nyquist Criterion states that the waveform must be 

sampled at a rate greater than twice the input signal

 This frequency is often referred to as Nyquist 

Frequency

Sampling time = ts

Sampling Frequency = fs

Nyquist Theorem: fs > 2 X Fmax

Sampling



 Examples:

Sampling

Figure : A 50Hz signal sampled at a rate of 50Hz

Figure : A 50Hz signal sampled at a rate of 100Hz



 To eliminate the effect of aliasing, all signals too high for 

the sampling rate must be filtered out

 A low pass filter is put in place that filters out any signal 

above the sampling rate

 The low pass filter is set at Fmax to correct this 

phenomenon

 This filtering is called an Anti-Aliasing Filter

Aliasing



 Aliasing…..Summarized

 The Cause of Aliasing—a frequency is present in the 

signal that is not being sampled fast enough

 The Effect of Aliasing—If the difference frequency falls 

below the Fmax, it will show up in the spectrum

 Correcting Aliasing—Filter out all the frequencies 

above Fmax

Aliasing



 An analog signal is composed of the following components

 A signal of 48Hz

 Another signal of 288Hz

 What should be the minimum sampling rate so that both 
components get sampled accurately? 

Exercise



Exercise



 Another property that is affected by the sampling rate is 

Resolution

 Measured vibration is shown as evenly spaced lines, the 

distance between these lines, in Hz, is the resolution of 

the spectrum

Resolution



 No. of samples in the time waveform determines the 

bandwidth or resolution of the spectrum

Resolution= 
𝑭𝒎𝒂𝒙

𝑳𝒊𝒏𝒆𝒔 𝒐𝒇 𝑹𝒆𝒔𝒐𝒍𝒖𝒕𝒊𝒐𝒏

Where LOR= 
𝑁𝑜. 𝑜𝑓 𝑆𝑎𝑚𝑝𝑙𝑒𝑠

2.56

Resolution



So, if we collect a spectrum with 

 Fmax =1,600 Hz 

 LOR= 800 

 Resolution=  
𝟏𝟔𝟎𝟎

𝟖𝟎𝟎
= 2Hz

This means that if we have a vibration signal at 100 Hz and

another at 101 Hz, we will not be able to see both of them

because our maximum resolution is not small enough to

resolve them. The two will appear as one peak.

Resolution



Resolution



 Example

Lines of Resolution
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The spectrum shown displays data at 800 L.O.R with an Fmax of 1600 Hz



 Example

Lines of Resolution

L2   - TA 16

TA16      -M1H   Motor Outboard Horizontal

Analyze Spectrum      
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The same data but with 3200 L.O.R over the same Fmax



 When collecting vibration data it is important to first 

consider the frequencies one wants to measure and then 

select the appropriate combination of Fmax and 

resolution to capture and resolve the frequencies of 

interest.

 Why not just take as much resolution as possible? 

Resolution



 Because, it takes more time to collect the data and it 

takes up more space in the data collector.

 Typical vibration measurements are taken with 800, 

1,600 and occasionally 3200 lines of resolution 

depending on the Fmax.

Resolution



 Example

 The following waveform contains 3 signals, a 6 Hz, an 8 Hz, 
and 380 Hz signal

Resolution



 Fmax = 400 Hz

 Sampling Rate = ?

 1024 Hz

 LOR = 200

 No. of samples =?

 512

 Resolution = 400/200 = 2 Hz

 Which leads to the separation of signals greater than 2 Hz 
apart 

Resolution



Resolution



 Resolution vs. Time

Resolution

𝑻𝒊𝒎𝒆 =
𝑵𝒐. 𝒐𝒇 𝑺𝒂𝒎𝒑𝒍𝒆𝒔

𝑺𝒂𝒎𝒑𝒍𝒊𝒏𝒈 𝑹𝒂𝒕𝒆

𝑻𝒊𝒎𝒆 =
𝟐. 𝟓𝟔 ∗ 𝑳𝑶𝑹

𝟐. 𝟓𝟔 ∗ 𝑭𝒎𝒂𝒙

𝑻𝒊𝒎𝒆 =
𝑳𝑶𝑹

𝑭𝒎𝒂𝒙



 Variables:

 Fmax

 LOR

 Example:

 For  X-line FFT, the following steps need to be followed 

to calculate the data capture time

𝑁 = 2.56 𝑋 𝐿𝑂𝑅

Data Capture Time



 With the help of No. of samples, we can calculate the 
sample period

𝑇𝑠𝑎𝑚𝑝𝑙𝑒 =
1

𝐹𝑠

Data Capture Time



 Where

𝐹𝑠 = 2.56 𝑋 𝐹𝑚𝑎𝑥

 Therefore

𝑇𝑠𝑎𝑚𝑝𝑙𝑒 =
1

2.56 𝑋 𝐹𝑚𝑎𝑥

 And finally!

𝑻𝒐𝒃𝒔 = 𝑵 𝑿 𝑻𝒔𝒂𝒎𝒑𝒍𝒆

Data Capture Time



 Example

 Fmax = 2000Hz

 LOR = 400

 R = ?

 N = ?

 Tsample = ?

 Tobs = ?

Data Capture Time

R = Fmax/LOR

R= 5Hz

N = 2.56 *400

N = 1024

Tsample = 1/ 2.56* Fmax

Tsample = 2msec

Tobs = N*Tsample

Tobs = 0.2sec



 Example

 Fmax = 100Hz

 LOR = 400

 R = ?

 N = ?

 Tsample = ?

 Tobs = ?

Data Capture Time

R = Fmax/LOR

R = 0.25Hz 

N = 2.56 * 400

N = 1024

Tsample = 1/2.56*Fmax

Tsample = 4msec

Tobs = N*Tsample

Tobs = 4sec



Exercise



 In conclusion:

– Sample rate is proportional to Frequency Range

– No. of samples is proportional to Resolution

– Sample Time is proportional to the desired Resolution 

Summary



 Observing only one section of time waveform may exclude 

some peak caused by a random vibration influence. 

 To minimize this, it is common to look at several sections 

of the time waveform, calculate several FFTs, and display 

an average result. 

 Four averages are commonly taken.

Averaging



 Averaging is available in most FFT analyzers to assist in 

interpreting data.

 Averaging also provides more repeatable results in data 

collection for early warnings of machine deterioration.

 Averaging also helps in the interpretation of complex, 

noisy signals.

Averaging



 Types of averaging include: linear, exponential, peak 

hold, and synchronous time averaging. Each type has 

certain qualities that allow it to better suited for a given 

application, and a brief description follows. 

Averaging



 Linear Averaging

 Works by collecting a time record, windowing the data,

converting it to an FFT and storing it in temporary

memory

 Then collecting another time record, producing the FFT

and adding it to the average

Averaging



 Linear Averaging

 This is repeated for each

average. The average

spectrum is then displayed

 Useful for averaging out 

random background 

vibrations

Averaging

Figure: Linear Averaging with four samples



 Peak-Hold Averaging

 Holds the highest peak for 

each line of the spectrum

 Not used in routine data 

collection

Averaging

Figure: Peak-Hold Averaging



 Peak-Hold Averaging

 Instead it is used for special 

tests such as Run-up, Coast 

down, and bump tests

 This method is very useful in 

viewing transients or for 

stress analysis calculations

Averaging

Figure: Peak-Hold Averaging



 Exponential Averaging

 Whereas linear averaging 

uses all of the history of data 

equally, exponential weights 

recent data more heavily than 

older data. 

Averaging



 Time Synchronous Averaging

 Averages in the time domain

 Linear averaging does not actually remove noise , it just

reduces noise.

 Averaging the time data can actually reduce the level of

noise by removing noise from the data

Averaging



 Time Synchronous Averaging

 It can therefore be used to uncover low level signals

that may have been obscured by noise

 Uses a trigger to synchronize the beginning of a record,

trigger must be synchronous with the signal of interest

 Uses typically 100 averages or more to remove noise

and yield a useful spectrum

Averaging



 Time Synchronous Averaging

 Useful in determining if a signal is coming from the 

machine being measured or a nearby machine

 If the vibration from the nearby machine is not exactly the 

same frequency, or if it is out of phase with the triggered 

signal, it will be averaged out

Averaging



 Overlap Averaging

 In case of overlap averaging, instead of using an

entirely new time record for each average, part of the

previous record is used.

 The figure shown here uses a 50% overlap. That is,

50% of the previous time record is used for each

average.

Averaging



 Overlap Averaging

– The data collector collects 1024 samples, windows them, 

creates the FFT and starts the average, then it collects just 

512 samples, appends them to the last 512 samples of the 

previous time record, performs the window, produces the 

FFT and adds it to the averages 

Averaging



 Overlap Averaging

Averaging



 Overlap Averaging

 The net effect of this overlap is twofold:

 It requires less time at each measurement point to collect 

the data

 The data that was “wasted” at the beginning and end of 

each time record is now fully represented in the spectrum

Averaging



 Frequency Range = 10kHz

Averaging- Exercise

 No. of Samples = 1024

 Data Collection Time = ?

 40msec

Total Data Collection Time = ?

 Averages = 4

 160msec

LOR= No. of samples/2.56

Time= LOR/Fmax



Averaging- Exercise

• Data collection time after the first block = ?

 10msec per block

• Time saved (in case of 4 averages) = ?

 90msec

• Overlap = 75%

• Total Data Collection Time = ?

 70msec

Data Collection Time= 40+3*10

= 70msec



Averaging- Exercise

 Frequency Range = 100Hz

 No. of Samples = 1024

 Data Collection Time = ?  4sec

• Overlap = 75%

• Data collection time after the first block = ?

 1sec per block

• Time saved (in case of 16 averages) = ?

 45sec
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Thank You!


