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Chapter 2 

 

Unit Impulse Signal and Fourier Transform 

                                   

SINGULARITY FUNCTIONS 

 There are several singularity functions which play a vital role in the study of 

communication system . these singularity functions serve as basic building blocks for 

the construction of more complex signals .These singularity functions may be listed as 

ahead: 

1.Unit step function . 

2.Unit impulse function. 

3.Ramp function. 

1.Unit Step Function. 
The unit step function is that type of singularity function which exits only for 

positive side and is zero for negative side . the unit step function is denoted by u(t) 

and my expressed as 
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For example , the signal e
-at

 represents an exponential signal which starts at t=-∞. 

But if want this signal to start at t = 0 , it may be described as e 
–at

 . u(t).    



  

2 
 

DIGITAL COMMUNICATION 

 THIRD STAGE  
Dr. Yousif  H. SULAIMAN 

        

 
 

 

2.Unit Impulse Function 
The unit impulse function is the most widely elementary function used in the 

analysis of communication system . 

An unit – impulse function is denoted as ᵹ(t) and may be expressed as 

ᵹ(t) = 0      t≠0 

   

and ∫  ( )    
 

  
 

 

The unit –impulse function is also known Dirac-delta function. 

If unit –impulses function is assumed in the form of a pulse , then following points 

may be observed about an unit – impulse function ; 

a-The width of the pulse is zero . This means that the pulse exists only at t =0. 

b-The height of the pulse goes to infinity . 

c-The area under the pulse – curve is always unity.  
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3.Unit Ramp Function 
A continuous –time unit –ramp function is that type of function which starts at 

t=0 and increase linearly with time t. It denoted by r(t). 

Mathematically , 
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SYSTEM 
A system may be defined as a set of elements or functional blocks which are 

connected together and an output in response to an input signal .The response output 

of the system depends upon transfer function of the system. Mathematically , the 

functional relationship between input and output may be written as 

Y(t)= f[x(t)] 

Symbolically, we may write:  x(t)→ y(t) 

This means that an input or excitation x(t) is producing an output or response y(t). 

 

 

    

 

Delta-function-}(t)δ{- ( هً عبارة عنpulse ضٌق إلى ما لانهاٌة مع )

(Amplitude.قٌمتهُ أٌضاً ما لانهاٌة )  

         δ(t)=0, t≠0        ,        δ(t)=∞, t=0                    argument=0
 

تساوي واحد  pulse)) أما مساحة الـ (t=0قٌمة للدالة عندما ٌكون ) اعلئتكون 

(s(t)=1δ.) 

∫  ( )    

 

  

 

من الناحٌة  تحقٌقٌه إطلاقاٌمكن  إن هذا النوع من الإشارة لا تأخذ بالأعتبار 

( الرٌاضً للإشارات والمنظومات Analysisٌاوٌة ولكن لغرض التحلٌل )الفٌز

(systems.) 



  

5 
 

DIGITAL COMMUNICATION 

 THIRD STAGE  
Dr. Yousif  H. SULAIMAN 

 

تكون عكس وحدة  δ(t)كن وحدة قٌاس ٌؤدي إلى ناتج بدون وحدة قٌاس ل δ(t)تكامل الدالة 

 (. Hzأي ) (sec/1تمتلك قٌاس ) δ(t)على سبٌل المثال دالة الوقت  (argument)قٌاس 

( اذا كانت قٌمة 1وتساوي ) ,( سالبةargumentتساوي صفراً إذا كانت قٌمة ) δ(t)1الدالة 

(argument ).موجبة 

      

  ( )          

      

   

  

 

 (t)δ   الرٌاضً للإشارات ذاتتستخدم للتعبٌر (interval المحدود. أبسط مثال على ذلك هو )

 .(interval( )Tو ) (Amplitude( )Aالسعة)ذو  (pulseتكوٌن )

 ( )   ,  ( )-  ,  (   )-  

دوال الحقٌقٌه للوقت . لكن فً الأشارات التً تعكس تصرف القٌم او الكمٌات الفٌزٌاوٌه تسمى بال

( وابسط مثال على ذالك هً الاشارة complex-signals) عده حالات من الملائم ملاحظه

(Complex-Harmonical signal ) 

  ( )        , (    )    
    (   )  

        (  )                               
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Digital coding 

             Digital Coding yields a rugged signal highly immune to distortion and interference 

,permitting long-distance communication through regenerative repeaters . 

Coding provides of signal conversion performed to improve the quality of 

communication. 

Coding was made possible through the use of large integrated circuits (LIC) and the 

applications of high –speed digital signal processing . This method allowed to 

increase productivity by more than 10 dB at much lower costs than other methods 

.For example ,methods of dragging the transmitter power or size of the antenna. 

For any communication system, it is true that the received signal is different from 

the transmitted signal. This effect is the result of distortion , noise , interference and 

fading. 

There are three most common tools for dealing with errors in the data transfer 

process. 

-error detection codes. 

-Error correcting codes (Forward Error Correction-FEC). 

Protocols with automatic retransmission requests ( Automatic Repeat  Request-

ARQ).   
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 ( نغشض جؼم خٕاص الإسعبل يضبنٛخ.codingرغزخذو )

(coding يشرجطخ يغ طشق رحغٍٛ يٕاصفبد الإشبساد انشقًٛخ, ٔانزٙ رؤد٘ ثبنُزٛجخ انٗ جؼم الإشبسح ) اقم

(, error( إضبفٛخ نغشض رحذٚذ )bit(, ٔرنك ثئعزخذاو )noiseاً ثبنؼٕايم انغهجٛخ انًؤصشح ػهٛٓب كبنضٕضبء )رأصش

 ( فٙ قُبح الإرصبل:noiseانُبجًخ ػٍ ٔجٕد )

, ثجغبطخ رقٕو ثبنزؼشف ػهٗ (error( ْٕ )automatic repeat request ( )ARQرحذٚذ ) ٔاحذح يٍ ركُٕنٕجٛب

 Forward( ٔٚطهت إػبدح إسعبل الإشبسح يشح أخشٖ )يجبشش, أيبيٙ( انزكُٕنٕجٛب الأخشٖ ْٙ )errorانخطأ )

error correction FEC  ً  .( ٚغًغ ثًؼبنجخ الأخطبء أرٕيبرٛكٛب

 

 

 

Fourier transform 

Trigonometric Fourier Series :- 

A periodic function x(t) may by expressed in the form of Trigonometric Fourier Series 

comprising the following sine and cosine terms .  

x(t)= a0 + a1cosω⸰t + a2 cos2ω⸰t+……+ an cos n ω⸰t +… 

               b1sin ω⸰t+b2 sin2 ω⸰t+…….+bn sin n  ω⸰t+… 

x(t)=a⸰ + ∑     (           ⸰             ⸰ ) ( ⸰        ⸰   )  
    

Here T=
  

 ⸰
                       

ω⸰ _ fundamental frequency  

2ω⸰ , 3 ω⸰ ,4ω⸰ ,……..harmonics at ω⸰ .  

a⸰ = 
 

 
∫  ( )      

 

 
∫  ( )        ⸰     
 

 

 

 
 

bn=
 

 
∫  ( )
 

 
         ⸰       
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X(ω)=F[x(t)]=∫  ( )      

  
   dt   

 x(ω) is the frequency domain representation of time domain function x(t).This means 

that we are converting a time domain signal into its frequency domain representation 

with help of Fourier Transform .  

Inverse Fourier Transform 

F
-1

 [x(ω)] = x(t) . 

x(t)= F
-1

[x(ω)]= 
 

      
 ∫  ( )         

  
dt 

(periodical signal ٗيًكٍ أٌ َجضئّ ان )(sin رٔ رشدداد يخزهفخ, ٔثبنؼكظ ًٚكٍ جًغ ) رهك الأجضاء نزكٍٕٚ إشبسح يؼُٛخ

 راد شكم ا ْٛئخ يخزهفخ رًبيبً.

 ( انذانخ انزبنٛخa.1َلاحظ ػهٗ انشعى )

 f(t)=2sint-sin2t  

 (.trigonometric series( ٔثزؼجٛش آخش )trigonometric functionsٔانزٙ رغًٗ يجًٕع )

 حذٔد. ٛف حذ آخش َٔكٌٕ يزٕانٛخ جذٚذح يزكَٕخ يٍ صلاسضيكٌٕ يٍ حذٍٚ. َ

   f(t)=2sint-sin2t+2\3sin3t 

 ٛف ػذح حذٔد َحصم ػهٗ يزٕانٛخ يزكَٕخ يٍ ػششح حذٔد ض(. يشح أخشٖ bَ.1ًٔٚكٍ يلاحظخ انشعى )

 f(t)=2sint-sin2t+2\3sin3t-1\2sin4t+2\5sin5t-1\3sin6t+2\7sin7t-1\4sin8t+2\9sin9t-1\5sin10t 

Coefficients   َّشيض ن(bk( أيب ,)k .فٕٓ ػذد صحٛح )bk=(-1)
k+1

.2\k               

∑=f(t)        ثبنشكم انزبنٙ: f(t)ػُذْب ًٚكٍ كزبثخ انًزٕانٛخ            
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Sampling theorem:  

 

(analog signal( و )discrete( مرتبطان بعملٌة تسمى )sampling process هذه العملٌة ٌمكن ,)

 ,Transistor]( computerفً هذه الحالة آلة الخزن فً ) (sample-and-hold) تحقٌقها من خلال عملٌة

capacitor]تكو ,َّ( ن منAnalog signal( المرسلة )sample sequence.) 

(. pulse-amplitude modulation( )PAMن إشارة بشكل ٌسمى )َّ( ستكوsampling processنتٌجة عملٌة )

والتً تحدد ( pulsesالإشارة على المخرج ٌمكن وصفها بأنها مجموعة من )هذه التسمٌة جاءت من كون إن 

(samples( .)input analog signal( ممكن استنباطه من )PAM(للـ )modulated signal والذي ٌمر عبر )

(low-pass-filter( من الضروري جداً أن نعرف بان .)modulated signal كم من الدقة بحٌث ٌكون متطابق مع )

 (sampling theoremالإشارة الداخلة. الإجابة على هذا السؤال سٌكون من خلال نظرٌة )

      Ts ≤ 1\2fm  
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        Ts - time interval of sampling 

 fm – frequency of modulated signal 

 fs ≥ fm (Nyquist criterion) 

 fs = 2fm (Nyquist rate) 

EXAMPLE 1. An analog signal is expressed by the equation x(t)=3 cos (50πt) + 10 sin 

(300πt) – cos (100πt). Calculate the Nyquist rate for this signal. 

Solution:- the given signal is expressed as  

x(t)=3 cos 50πt + 10 sin 300πt – cos 100πt 

let three frequencies present be ω1, ω2 and ω3 

 so that the new equation for signal,  

x(t)= 3 cos ω1t + 10 sin ω2t – cos ω3t  

ω1t= 50πt ; ω1=50π      

or  2πf1=50π 

f1=25Hz 

similarly for second factor and third factor  

f2=150Hz , f3=50Hz  

fs=2fm 

where fm=maximum frequency present in the signal  

fs=2ft = 2.150=300Hz                                     ans. 

 

Example 2. Find the Nyquist rate and the Nyquist interval for the signal 

  x(t)=1 /2π cos(4000πt) cos(1000πt) 

Solution : Given signal is  

                  x(t)=1/2πcos (4000πt) cos(1000πt) 

Or             x(t)= 1/4π[2cos(4000πt) cos(1000πt)] 

Or              x(t)=1/4π[cos(4000πt + 1000πt)+cos(4000πt-1000πt) 

                       [
.
.
.
2cosA cos B= cos (A+B)+cos(A-B)] 

Or              x(t)=1/4π[cos5000πt+cos3000πt]                          …(1) 

Let the two frequencies present in the signal be ω1 and ω2 so that the new equation for the 

signal will be  

                 x(t)=1/4π [cosω1 t + cosω2 t ]                                    …(2) 
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Comparing equation (1) and (2) , we have  

                   ω 1t= 5000πt 

   or          2πf1t =5000πt 

   or             2f1=5000 

    .
.
.          f1=2500 Hz 

Similarly , for second factor  

                  ω 2t =3000πt 

   or           2 πf2 t=3000πt 

    or          2 πf2=3000 

    .
.
.              f2=1500 Hz 

Therefore, the maximum frequency present in x(t) is  

                  f1=2500 Hz 

Nyquist rate is given as  

                  fs=2 fm 

where fm = Maximum frequency present in the signal . 

     Here,      fm= f1 = 2500 Hz 

     Therefore Nyquist rate  

                    fs= 2 fm= 2 ₓ 2500= 5000 Hz = 5kHz    Ans.  

Nyquist interval is given as  

                    Ts=1/2fm = 1/2ₓ 2500 =1/5000 

    Or             Ts = 0.2 ₓ 10
-3 

seconds = 0.2 m  sec.       Ans.  

 

                     

           

            Analog Pulse Modulation Method 

In analog modulation systems , some parameter of a sinusoidal  carrier is varied according to the instantaneous 

value  of the modulating signal . in pulse modulation methods , the carrier is no longer a continuous signal but 

consists of a pulse train . Some parameter of which is varied a cording to the instantaneous value of the 

modulating signal . 
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Pulse Amplitude Modulation (PAM) 

Pulse Amplitude Modulation may by defined as that type of modulation in which the Amplitudes of pulses 

vary according to  instantaneous  value of the modulating or message is signal . In fact , the pulses in a 

PAM signal may be of flat top type or natural type or ideal type . out of these three pulse amplitude 

modulation methods , the flat top PAM is most popular and is widely used , because noise can be easily 

removed if the PAM pulse has flat Top. 

A sample and hold circuit is used to produce Flat top sampled PAM.  
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The sampling switch is closed for a short  duration by a short pulse applied to the gate G1 of the 

transistor. During this period , the capacitor C is quickly charged up to voltage equal to the instaneous 

sample value of the incoming signal x(t) . Now the sampling switch is and the capacitor C holds the charge. 

The discharges switch in then closed be a pulse applied to gate G2 of the other transistor . Due to this , 

the capacitor is is discharged to zero .    

 

v(A) – PULSE Amplitude 

ti – interval (pulse width) 

T – period 

Carrier wave: 

si(t)=s0 ∑ *  ( )        + 
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si(t)-one pulse function 

s0 – pulse amplitude 

ti – pulse interval 

t0 – phase  

 

 .( رغٛشد قًٛزّ ثًُٛب ثقٛذ انجبسٔيزشاد الأخشٖ صبثزخpulse amplitudeٔاضح يٍ انشعى أػلاِ ثبٌ )

             Example: for a pulse –amplitude Modulation (PAM) transmission of voice signal                            

having maximum frequency equal to fm = 3KHz, calculate the transmission bandwidth. It is 

given that the sampling frequency fs=8KHz and the pulse duration Ꞇ=0.1 Ts. 

Solution : we know that the sampling Ts is expressed as : 
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Ts = 0.125 * 10
-3 

m seconds ; Ts =125 µ seconds 

     Ꞇ = 0.1 Ts 

     Ꞇ = 0.1 * 125 

        =12.5 µ seconds  

Now we know that the transmission bandwidth for PAM signal is expressed as 

   
 

 Ꞇ 
 

    
 

           
  

     

  
 

                

 

Time Division Multiplexing (TDM) 

In PAM, PPM and PDM, the pulse is present for a short duration and for must of the 

time between the two pulses, no signal is present. This free space between the pulses can be 

occupied by pulses from other channels. This is known as Time Division Multiplexing (TDM).  

Thus, time division multiplexing makes maximum utilization of the transmission channel.  

ٌٍ ٔاحذ ثذلاً يٍ الإشبسح انٕاحذح, ْزا انًفٕٓو ٚؼشف ثـ  نغشض صٚبدح كفبءح يُظٕيبد الارصبل, يٍ انًٓى جذاً إسعبل ػذح إشبساد فٙ آ

(multiplexing.) 

 

ْزِ الإشبساد ْٙ حبيهخ  mi(t), i=1,n(, حٛش انًطهٕة ْٕ رجًٛغ ػذح إشبساد multiplexingفٙ انشعى انزبنٙ يٕضح ػًهٛخ )

( رحفظ يؤقزبً فٙ source( انقبديخ يٍ كم يصذس )dataنهًؼهٕيبد انشقًٛخ, ٔفٙ أغهت الأحٛبٌ رغًٗ ثبلإشبساد انشقًٛخ. انجٛبَبد )

(buffer( قٛبط كم .)buffer أ حجًّ فٙ انغبنت ٚؼبدل )1 (bit)  ٔ1 أ(byte( ٔأ )symbol( انـ .)buffer( ٍٕٚٚقٕو ثزك )flow)  ٔأ

(stream( يٍ انجٛبَبد )data )mc(t).  ٔػهّٛ عشػخ إسعبل انجٛبَبدmc(t) ٌٕاقم يٍ يجًٕع عشع إسعبل انًصبدس  ٚجت اٌ لا رك

(digital signal .)Mc(t) ًَّٕٚكٍ اٌ ٚشعم ثحبنزّ انشقًٛخ أٔ ٚح( ٗل إنanalog( ػُذ يشٔسِ يٍ خلال )modem). 

 ((source( )ٔٚكٌٕ ٔاحذ نكم يصذس )frame( ْٕ )cycle of time intervalانكبدس )
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PULSE TIME MODULATION  

          In pulse time modulation , the signal to be transmitted is sampled as in pulse 

amplitude modulation (PAM). In pulse time modulation, amplitude.  

Of pulse is held constant, whereas position of pulse or width of pulse is made 

proportional to the amplitude of signal at the sampling instant. There are two types of 

pulse time modulation, viz. Pulse width modulation (PWM) and Pulse Position 

Modulation (PPM). Because in both PWM and PPM, amplitude is held constant and 

does not carry any information, therefore amplitude limiters can be used. The 

amplitude limiters, similar to those used in FM, will clip off the portion of the signal 

corrupted by noise and hence provide a good degree of noise immunity.    
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Pulse Width Modulation  

 This is also known as pulse Duration Modulation (PDM). Three variations of 

pulse width modulation are possible. In one variation, the leading edge of the pulse is 

held constant and change in pulse width signal is measured width respect to the 

leading edge. In other variation, the tail edge is held constant and width respect to it, 

pulse width is measured. In the third variation, centre of the pulse is held constant and 

pulse width changes on either side of the centre of the pulse. 

 

 

 

Advantages Of PWM 

1. Unlike, PAM, noise is less, since in PWM, amplitude is held constant. 

2. Signal and noise separation is very easy. 

3. PWM communication does not require synchronization between transmitter and 

receiver. 
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Pulse Position Modulation 
 In this system, the amplitude and width of the pulses are kept constant, while 

the position of each pulse, with reference to the position of a reference pulse, is 

changed according to the instantaneous sampled value of the modulation signal . Thus 

, the transmitter has to send synchronizing pulses to keep the transmitter and receiver 

in synchronism  As the amplitude and width of the pulses are constant . the transmitter 

handles constant power output , a definite advantage over the PWM . But the 

disadvantage of the PPM system is the need for transmitter –receiver synchronization 

. Pulse position modulation is obtained from pulse width modulation . Each trailing 

edge of the PWM pulse is a starting point in PWM and hence it is proportional to the 

instantaneous amplitude of the sampled modulating signal .   

Advantages of PPM 

 1.Like PWM , in PPM , amplitude is held constant thus less noise interference .  

2. Like PPM , signal and noise separation is very easy .              

3. Because of the constant pulse widths and amplitudes , transmission power for each 

pulse is same. 

 Disadvantages of PPM 

1.Synchronizaition between transmitter and receiver is required .    

2. Large bandwidth is required as compared to PAM. 
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  S/N in analog pulse modulation   

        The higher the data rate , the greater the damage may be cause unwanted noise 

(Claude Shannon ).  The task of the detector is to recognize the received signal as 

accurately as possible with a given signal quality degradation during transmission 

.There are two reasons for the increase in the probability of error. The first is the 

effect of filtering in the transmitter , channel and receiver . The second reason for the 

increase in the probability of error is electrical noise generated by various sources, 

such as the galaxy and the atmosphere, impulse noise combinational noise, and also 

interference with signals from other sources. Whit proper precaution , most of the 

noise can be removed and reduce the effects of interference .At the time there is noise 
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, which cannot be eliminated ;it is noise caused by the thermal movement of electrons 

in any conductive medium .This movement generates thermal noise in amplifiers and 

communication channels ,which is superimposed on signal .These characteristics 

(Additive ,White ,Gaussian) have defined the accepted name for noise AWGN 

(additive ,white ,Gaussian noise) . 

 

 

    SNR db =10 lg(  signal power / noise power) 

C= B log2 (1+ SNR ) 

Where  C- channel capacity (bit/sec) 

              B- channel band width (Hz) 

Example: Assume that the channel extends range from 3 to 4 MHz, a (SNR) is 24 db 

B= 4-3= 1MHz 

SNR db= 24 db = 10 lg (SNR) 

SNR= 13.8 

C=10
6
 . ln (1+13.8)= 10

6
. 4= 4 Mbit/sec  


