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Highlights Abstract: This research paper deals with the transformation of digital signals from
e Time Sampled Signals  time domain representation to the frequency domain representation. This
e Freq. Sampled Signals  transformation is completed in three phases, the first phase is transformation from
digitally time domain represented signal to sampled stripe set based signal through
time sampling procedure and the second phase is transformation from time sampled
stripe set based signal to frequency domain represented signal with certain angular
frequency and the third phase is from frequency domain represented signal to
sampled stripe set formed frequency domain based signal through frequency
sampling procedure. The necessity for signal transformation is the industry need for
Received date: 13-01-23  jlization of digital signal processing based devices in wireless communication
Accepted date: 03-02-23  systems. The models of transformation of digital signals from time domain
Published date: 08-03-23  representation to frequency domain in sampled form are proposed systematically
with using classical digital signal processing models. After using and evaluating the
mathematical models | got that for odd and fractional values of k, the Fourier
transforms of digital signals have real and imaginary part whereas for even values of

k, the Fourier transforms of digital signals have only real form.

e Transformation

Keywords: Time sampling; frequency sampling; digital transformation; Discrete
Fourier Transforms; Fourier Transforms; and Z- transforms.

1. Introduction

When we discuss wireless communication systems, it is indispensable for us to elaborate the mathematical
nature of signals processed through wireless communication systems. Generally a telecommunication system
consists of transmitter, receiver, line of sight and medium of transmission. When signals are transmitted from
transmitter side to the receiver side, the signals are passed through many phases of conversion from one form
to another form. On the front side the signals are transmitted, processed and received and on the back side the
signals are mathematically represented and processed and converted from one form to another form. The signals
are of different type and following different medium but signal representation in different medium is of utmost
importance. The medium of transmission of signals can be air, copper wire, coaxial cable and water. Depending
upon the medium of transmission, the channel capacity, signal transmission bandwidth and signal to noise ratio
varies. Although the medium of transmission of signals has effects on signals transmission, time domain
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representation and frequency domain representation is of significance from the signal sampling and
representation perspective as discussed in [1].

In time domain representation of signals the signals are represented in time domain and over a complete
time span the signals appearance, form and shape is expressed graphically as referred in [4]. Whereas in
frequency domain the signals are represented in frequency domain and over a complete frequency span the
signals appearance, form and shape is expressed graphically. |1 can elaborate the frequency domain
representation of signals in two signals form namely the discrete time signals and continuous time signals. The
discrete time signals are measured and represented in vertical stripe sets form and having either zero value or
one value as referred in [3]. Whereas the continuous time signals are measured in frequency domain and these
signals have angular frequency domain representation over a fixed span of angular frequencies. The time
domain representation of signals and frequency domain representation of signals both are used depending upon
the requirement of system through which the signals are processed. Depending upon the type of system in which
the signals are processed, the signals are processed and according to the necessary requirement of the system,
the signals are converted from time domain to the frequency domain as referred in [7].

Generally when we talk about signal processing or digital signal processing, the system which process the
signals is related with the type of signals and signals representation in either time domain or frequency domain.
Also there is always a need of conversion from time domain representation to frequency domain representation
or vice versa depending upon the need of system which can be either analog or digital. Also there exists such
devices used specifically for time domain representation of signals and frequency domain representation of
signals. The analysis of signals in time domain and frequency domain is dependent upon the need of the system
requirements as mentioned in [7].

The devices used for signal transformation from time domain to frequency domain representation are the
oscilloscopes or spectrum analyzers shown here in figure 1.

i1
!

-
-
)
"
s
s
-
»
)
.

(b)
(a)

Figure 1. Devices for signals analysis (a) Oscilloscope; (b) Spectrum Analyzer.

2. Research Methodology

The research methodology for the proposed work is quantitative. The mathematical equations for the signal
transformation from time domain to frequency domain representation are proposed in this research paper and
the transformation method is evaluated in the numeric form. The results derived from the proposed quantitative
method are discussed further in the research paper.

3. Background and Literature Review

In this research paper, | will discuss the signals representation in time domain as well as the signals
representation in frequency domain and will elaborate on the conversion of signals from time domain to
frequency domain for usability in digital signal processing systems.The conversion from time domain to
frequency domain or from frequency domain to time domain is of major significance. The scientific reason for
conversion of time domain signals to frequency domain signals or from frequency domain signals to time
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domain signals is that in some systems there is a need of time domain representation of signals and in some
systems there is a need of frequency domain representation of signals or when there is a transition of time
domain based systems to frequency domain based systems. Therefore different scientists worked on the
conversion techniques from time domain representation to frequency domain representation as discussed in [7].

In traditional communication systems, sampling of digital signals is discussed in more detail as referred
by Carlson in an authoritative text Communication Systems referred in [5]. When signals are represented in
time domain, there is a need of sampling of signals because the time sampled signals are processed in more
efficient manner in frequency domain representation. Sampling is defined as getting stripe set of the given time
domain signal so that the retrieved stripe set can be sampled and used in frequency domain representation.
Mathematically sampled signals are represented by 'Ts" and 'n' is the number of samples in time sampled signal
and 't' is the time during which the digital signal exists in time domain.

The journey of transformation from time domain signals to frequency domain signals start from the
sampling procedure of time domain based signals as referred in [2]. Since the characteristics of digital signals
are more understandable in time domain like periodicity as referred in classical text of digital signal processing
by Proakis as referred in [6]. The periodicity of digital signals is defined as the recurrence of digital signal after
a specific period of time. The transformation of digital signals from the time domain to the frequency domain
with reference to periodicity is of interest as future work.

Referring [7] the time sampled signal is not directly transformed from time domain to frequency domain
, but there exist an intermediate transitionary phase of transformation in which 'n’ stripe sets of sampled signals
are developed and processed after sampling procedure and then these 'n' stripe sets of sampled signals are
converted into frequency domain representation through three transformation methods.

Generally speaking the transformation of time domain represented signal to frequency domain represented
signal involves three phases. The first phase incorporates transformation from digital signal in time domain
representation to time sampled digital signal through sampling method. The second phase incorporates
transformation from time sampled digital signal to frequency domain represented digital signal. The third phase
incorporates transformation from frequency domain represented digital signal to frequency sampled signal
through frequency sampling method.

4. Proposed Models for Signal Transformation

Suppose that x(t) represents the digital signal in time domain representation, Ts represents the sampling
time of digital signal, t represents the total time period of digital signal in time domain, n represents the number
of stripe sets, x(n) represents the time sampled signal with n stripe sets x(z) represents the digital signal in Z
domain, X(jw) represents the digital signal in frequency domain, X(k) represents the digital signal sampled in
frequency domain with k frequency samples.

The total time period for existence of digital signal in time domain is given as

t=n Ts
@
The angular frequency of the given digital signal is represented with the following equation
_ 2mk
Y= N
)
The digital signal time sampled with n stripe sets is assumed here by equation 3.
x(n) = (0.4)"a(n)
@)

The general formula for transformation to Z transform is given by equation 4.

a*a(n) -
(n) P

(4)
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The above mentioned equations 1 and 2 are the fundamental equations for time sampling and the angular
frequency. Using equation 4 we get the Z transformed function of the given digitally time stamped signal as

given below:

-1

XD = "0a 71
()
Now simplifying the given function in 5 we get
X@) = —
2T 170421
(6)

Transforming Z transform to the frequency domain representation of the digitally time stamped signal, we get

z=rev

O

Assume that the constant has 1 value:

r=1
(8)
Substituting equation 7 and equation 8 in equation 6 we get the Fourier Transform of the given digital signal in
time domain:

. 1
XUwW) = 1" 0.aem
9)
Assume that the sampling frequency for transformation is 4 as given by equation 10:
N=4
(10)

The angular frequency for 4 stripe sets of the given digital signal will be given by equation 11:

_ 2mk
e
1)
Using equation 4 as
n
aa(n) - P

The Euler’s Identity will be given by equation 12:
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e/® = cos 0+ jsing

The Euler’s Identity will be given by equation 13:
e 1% = cos 6 —jsin@

Let

T T
0 = —_ e d eilf
2

Then

By substitution in Euler’s identity

_m T
e’z =cos 5 ) sin

Since
T 0
cos > =
And
- n — 1
sin 7=
Then
I
e_lf = —]

T

2

(16)

17

(18)

(19)

(12)

(13)

(14)

(15)

50f 10

The frequency domain representation of the given digital signal in time domain is represented by equation 20:

1

X(k) =

Assume 4 values of sampling frequency

k=0,1,23

We get

1—0.4eJmk/2

(21)

(20)
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Taking

Then

Solving

Taking

Then

Simplifying

1
X0 = 1=0.2emon
k=0

B 1
XO) = 1-0acToR
X(0) = 1020
1
X(O) = n
k=1
B 1
XV = 1-0.aem0n
. 1 1-04
W= 1704 %1=0.3
1-0.4j
XV= o

(24)

(25)

(26)

(27)

(28)

(29)

(30)

(22)

(23)
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Taking

We get

X1y 1704
= 1+0.16
(31)
1
(32)
k=2
(33)
X(2) = 2
1-0.4e7™2
(34)
X = 1 0er
(39)
e =cos m—jsin ©
(36)
em= -1-j(0)
(37)
elm= 1
(38)
) 1
X(2) = 1-0.4(-1)
(39)
1
XD = 1702
(40)
1
X2)= —

-
»
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Taking
k—3—1 5
=5=1
We get
X@3/2) = —3
1-0.4e7™
el 3
e —COS4 Y3 ]sm4 Y3
_jn3 V2 V2
et = ———j—
2 2
X(3 _ 1
2 V2 N2

1-0.4(-%—j

1

2
)

()= oo
2/ 1+40.2jV2

1-0.2jvV2

(3)-
2 1+j0.2V2+0.2v2

3 1
) roma
2 1+0.2jv2 1-0.2jv2

(;) __1-02j\2

12+ (0.2v2)2

(41)

(42)

(43)

(44)

(45)

(46)

(47)

(48)

(49)

(50)
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X(3>= 1-0.2jV2

2 1+ (0.04x2)
(51)
3y  1-0.2jV2
X (E) a 1.08
(52)
3, 1 0.2V2
<E) ~ 1.08 1.08
(53)

Here we took sampling frequency of 4 and transformed the time sampled digital signal from time domain to

Discrete Fourier Transformed form of the signal in frequency domain.

3. Results

After evaluating the mathematical transformation from time domain to frequency domain representation of
digital signals, we got the following results:

Table 1. The table consists of the values of index k and sampled values X (k)

Number k X(K)
1 0 1/0.6
2 1 1/1.16(1-0.4j)
3 15 1/1.08(1-.2828))
4 2 1/1.4

4. Discussion

In this research paper, the proposed method for the transformation of signals from time domain to frequency
domain can be implemented through MATLAB software using the relevant transformation commands. The
results show that the frequency sampled form of signals may contain real values as well as complex values.

5. Conclusions

As far as our quantitative research is concerned, we derived that for odd and fractional values of k, the
Fourier transforms of digital signals have real and imaginary part whereas for even values of k, the Fourier
transforms of digital signals have only real form.
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