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Digital Communication Digital signal Quantization, Quantization error, PCM, S/N Ratio, Companding, Data 

Rate, Baud Rate, Bit Rate, Multiplexed PCM signal, DPCM), DM, ADM). Digital modulations techniques, 

ASK, BPSK, DPSK, offset and non-offset QPSK, M-Ary PSK, BFSK, M-Ary FSK, QAM). 

 

The advantages of digital communication 

Although the principles of digital communication were developed in 1937 by Alex Reeves, it was not 

until the 1970s that the telecommunications industry began the move to digital. There were three 

reasons for this delay. 

 Digital circuitry was much more complex than analogue circuitry. 

 Early digital circuitry was expensive and unreliable (and difficult to synchronise). 

 Transmission of a signal in digital form consumes a greater bandwidth than would be required to 

transmit in the original analogue. 

The change was mainly initiated by the development of digital integrated circuits and, in particular, 

the microprocessor by Intel in 1971. When the electronics industry began to mass-produce low-

cost, but sophisticated, chips for use in digital signal transfer, the switch to digital became 

inevitable. 

The advantages of digital signal transfer are as follows. 

 In a similar way to FM the signal information is located in the cross over between logic 1 and logic 

0, and is not affected by amplitude changes. 

 Digital signals can be perfectly regenerated. 

 In long-distance transmission, noise does not accumulate on the signal with repeated 

amplifications. 

 Extra codes can be added to a digital signal to check for errors in transmission.  

Summary of implications of Attenuation, Noise and Distortion. 

 All signals in all transmission paths suffer from attenuation. 

 Attenuation causes the power in the signal to become less and less. 

 Noise is any unwanted energy in a signal and is present in all electronic systems. 

 The long-distance transmission of a signal involves repeated amplifications, to avoid losing the 

signal in the noise. 

 All transmission systems have a minimum signal-to-noise ratio. 

 Digital signal transfer is a superior process to analogue signal transfer. 

 Noise can be removed from digital signals. 

 Digital circuits are no longer expensive, lend thems elves to computer control and allow a very large 

number of different signals in a transmission channel.   

 

Pulse Code Modulation (PCM) is an extension of PAM wherein each analogue sample value is quantized 

into a discrete value for representation as a digital code word. 
Thus, as shown below, a PAM system can be converted into a PCM system by adding a suitable analogue-
to-digital (A/D) converter at the source and a digital-to-analogue (D/A) converter at the destination. 

PCM is a true digital process as 

compared to PAM. In PCM the 

speech signal is converted from 

analogue to digital form.  
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Pulse code modulation is a method that is used to convert an analog signal into a digital signal, so that 

modified analog signal can be transmitted through the digital communication network. PCM is in binary 

form, so there will be only two possible states high and low (0 and 1).  

We can also get back our analog signal by demodulation. The Pulse Code Modulation process is done in 

three steps Sampling, Quantization, and Coding. There are two specific types of pulse code modulations 

such as differential pulse code modulation (DPCM) and adaptive differential pulse code modulation 

(ADPCM). 

In sampling we are using PAM sampler that is Pulse Amplitude Modulation Sampler which converts 

continuous amplitude signal into Discrete-time- continuous signal (PAM pulses).Basic block diagram of 

PCM is given below for better understanding. 

To get a pulse code modulated waveform from an analog waveform at the transmitter end (source) of a 

communications circuit, the amplitude of the analog signal samples at regular time intervals. The sampling 

rate or number of samples per second is several times the maximum frequency. The message signal 

converted into binary form will be usually in the number of levels which is always to a power of 2. This 

process is called quantization. 

 

Figure 5.1 :Block diagram of PCM 

At the receiver end, a pulse code demodulator decodes the binary signal back into pulses with same 

quantum levels as those in the modulator. By further processes we can restore the original analog 

waveform.  

In quantization, an analog sample with an amplitude that converted into a digital sample with an 

amplitude that takes one of a specific defined set of quantization values. Quantization is done by dividing 

the range of possible values of the analog samples into some different levels, and assigning the center 

value of each level to any sample in quantization interval. Quantization approximates the analog sample 

values with the nearest quantization values. So almost all the quantized samples will differ from the 
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original samples by a small amount. That amount is called as quantization error. The result of this 

quantization error is we will hear hissing noise when play a random signal. Converting analog samples into 

binary numbers that is 0 and 1. 

 

This is the process of setting the sample amplitude, which can be continuously variable to a discrete value. 

Look at Uniform Quantization first, where the discrete values are evenly spaced. 

Uniform Quantization 

We assume that the amplitude of the signal m(t) is confined to the 

range (-mp, +mp ). This range (2mp) is divided into L levels, each of 

step size , given by 

  = 2 mp / L 

A sample amplitude value is approximated by the midpoint of the 

interval in which it lies. The input/output characteristics of a 

uniform quantizer is shown. 

Coding 

The encoder encodes the quantized samples. Each quantized sample is encoded into an 8-bit code word by 

using A-law in the encoding process. 

 Bit 1 is the most significant bit (MSB), it represents the pola it  of the sa ple.  ep ese ts positi e 
pola it  a d  ep ese ts egati e pola it . 

 Bit 2,3 and 4 will defines the location of sample value. These three bits together form linear curve for 

low level negative or positive samples. 

 Bit 5,6,7 and 8 are the least significant bits (LSB) it represents one of the segments quantized value. Each 

segment is divided into 16 quantum levels. 

PCM is two types Differential Pulse Code Modulation (DPCM) and Adaptive Differential Pulse Code 

Modulation (ADPCM). 

Pulse Code Modulation Advantages 

 Analog signal can be transmitted over a high- speed digital communication system. 

 Probability of occurring error will reduce by the use of appropriate coding methods. 

 PCM is used in Telkom system, digital audio recording, digitized video special effects, digital video, voice 

mail. 

 PCM is also used in Radio control units as transmitter and also receiver for remote controlled cars, 

boats, planes. 

 The PCM signal is more resistant to interference than normal signal. 

Companding 

In a uniform or linear PCM system the size of every quantization interval is determined by the SQR requirement of 

the lowest signal to be encoded. This interval is also for the largest signal - which therefore has a much better SQR. 

Example: A 26 dB SQR for small signals and a 30 dB dynamic range produces a 56 dB SQR for the maximum 

amplitude signal. 

In this way a uniform PCM system provides unneeded quality for large signals. In speech the max amplitude signals 

are the least likely to occur. The code space in a uniform PCM system is very inefficiently utilised. 
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A more efficient coding is achieved if the quantization intervals increase with the sample value. When the 

quantization interval is directly proportional to the sample value ( assign small quantization intervals to small signals 

and large intervals to large signals) the SQR is constant for all signal levels. With this technique fewer bits per sample 

are required to provide a specified SQR for small signals and an adequate dynamic range for large signals (but still 

with the SQR as for the small signals). The quantization intervals are not constant and there will be a non linear 

relationship between the code words and the values they represent. 

 

Originally to produce the non linear quantization the 

baseband signal was passed through a non-linear amplifier 

with input/output characteristics as shown before the 

samples were taken. Low level signals were amplified and 

high level signals were attenuated. The larger the sample 

value the more it is compressed before encoding. The PCM 

decoder expands the compressed value using an inverse 

compression characteristic to recover the original sample 

value. The two processes are called companding. 

There are 2 companding schemes to describe the curve above: 

1. - Law Companding (also called log-PCM)  

This is used in North America and Japan. It uses a logarithmic compression curve which is ideal in the sense that 

quantization intervals and hence quantization noise is directly proportional to signal level (and so a constant 

SQR).  

 

2. A- Law Companding 

This is the ITU-T standard. It is used in Europe and most of the rest of the world. It is very similar to the -Law 

coding. It is represented by straight line segments to facilitate digital companding.  

Originally the non linear function was obtained using non linear devices such as special diodes. These days in a 

PCM system the A to D and D to A converters (ADC and DAC) include a companding function. 

Data Rate, Baud Rate and Bit Rate: 

Baud Rate : Baud refers to the rate of change of a signal on the transmission medium after encoding and modulation 

have occurred. Hence, baud is a unit of transmission rate, modulation rate, or symbol rate and, therefore, the terms 

symbols per second and baud are often used interchangeably.  

Mathematically, baud is the reciprocal of the time of one output signaling element, and a signaling element may 

represent several information bits. Baud is expressed as baud = 

st

1
  

where  baud = symbol rate (baud per second) 

                 ts = time of one signaling element (seconds) 

 

Bit rate: The relationship between bandwidth and bit rate also applies to the opposite situation. For a given 

bandwidth (B), the highest theoretical bit rate is 2B.  

For example, a standard telephone circuit has a bandwidth of approximately 2700 Hz, which has the capacity to 

propagate 5400 bps through it. However, if more than two levels are used for signaling (higher-than-binary 

encoding), more than one bit may be transmitted at a time, and it is possible to propagate a bit rate that exceeds 2B. 

 

Digital modulations techniques:  If the information signal is digital and the amplitude (l V of the carrier is 

varied proportional to the information signal, a digitally modulated signal called amplitude shift keying (ASK) 

is produced.   

If the frequency (f) is varied proportional to the information signal, frequency shift keying (FSK) is produced, 

and if the phase of the carrier (0) is varied proportional to the information signal, phase shift keying (PSK) is 

produced.  
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If both the amplitude and the phase are varied proportional to the information signal, quadrature 

amplitude modulation (QAM) results. ASK, FSK, PSK, and QAM are all forms of digital modulation: 

Digital Communication 

 Digital communication systems include systems where relatively high frequency analog carrier 

are modulated by relatively low frequency digital information signals and systems involving the 

transmission of digital pulses. 

Digital Communication techniques 

 

Amplitude modulation [Amplitude Shift Keying (ASK)] 

 The simplest digital modulation technique is amplitude-shift keying (ASK), where a binary 

information signal directly modulates the amplitude of an analog carrier.  

 ASK is similar to standard amplitude modulation except there are only two output amplitudes 

possible. 

 Amplitude-shift keying is sometimes called digital amplitude modulation (DAM).  

 Mathematically, amplitude-shift keying is  

Vam (t) = [1 + vm (t)] 



tCos

A
c

2
   --------------------- (5.1) 

Where, Vam (t) –Amplitude modulated wave, Vm (t) – Modulating binary signal (V) 

A/2      - Unmodulated carrier amplitude (V), c  - Carrier radian frequency (rad / sec) 

 In equation (5.1), the modulating signal Vm (t) is a normalized binary waveform, Where +1V is 

logic 1 and -1V is logic 0.  

 Therefore, for logic 1 input, put Vm (t) = +1 in eqn (5.1) 

Vam (t) = [1 + 1] 



tCos

A
c

2
  

Vam (t) = 2 x 



tCos

A
c

2
 

         Vam (t) = A Cosct For logic 0 input, put Vm (t) = -1 in eqn (5.1) 

Vam (t) = [1 - 1] 



tCos

A
c

2
  

Vam (t) = 0 x 



tCos

A
c

2
 

Vam (t) = 0  

 Thus, for 100% modulation Vam (t) is either A Cosct (or) 0. 

 He e, the a ie  is eithe  ON  o  OFF . Thus the digital a plitude odulatio  is also efe ed 
as ON-OFF Ke i g OOK  odulatio . 

 Digital Amplitude Modulation is also referred as continuous wave (CW) modulation.  
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Figure 5.2: Digital Amplitude Modulation (a) Input binary (b) Output DAM waveform 

 The above figure shows the input and output waveforms from an ASK modulator.  

 From the figure, it can be seen that for every change in the input binary data stream, there is  

one change in the ASK waveform, and the time of one bit (tb) equals the time of one analog 

signaling element (ts).  

 It is also important to note that for the entire time the binary input is high, the output is a  

constant-amplitude, constant-frequency signal, and for the entire time the binary input is low, 

the carrier is off.  

 The bit time is the reciprocal of the bit rate and the time of one signaling element is the  

reciprocal of the baud.  

 Therefore, the rate of change of the ASK waveform (baud) is the same as the rate of  change of  

the binary input (bps); thus, the bit rate equals the baud. 

 With ASK, the bit rate is also equal to the minimum Nyquist bandwidth. 

B = b
b f

f 
1

; Baud = b
b f

f 
1

 

Frequency Shift Keying (FSK) 

 Frequency Shift Keying is a simple, low performance type of digital modulation. 

 Binary FSK is similar to conventional frequency modulation (FM) except that the modulating 

signal is a binary signal (digital pulses) that varies between two discrete voltage levels.  

 The general expression for binary FSK is, 

VFSK (t) = Vc Cos [2 f  + V  t  ∆f  t]  ------------------------ (5.2) 

Where, VFSK (t) – Binary waveform 

 Vc – Carrier amplitude (V) 

 fc – carrier frequency (Hz) 

∆f – peak frequency deviation (Hertz) 

Vm (t) – binary input modulating signal ( 1 ) 

From Equation (5.2 , it a  e see  that the peak shift i  the a ie  f e ue  ∆f  is p opo tio al to 
the amplitude of the binary input signal (vm[t]), and the direction of the shift is determined by the 

polarity. The modulating signal is a normalized binary waveform where logic 1 is +1V and logic 0 is -1V.  

Thus,  

 For logic 1 Sub Vm (t) = +1V in eqn (5.2) 

VFSK (t) = Vc Cos [2 f  + ∆f  t] 
He e, f  + ∆f = f  

 For logic 0  Sub Vm (t) = -1V in eqn (5.2) 

VFSK (t) = Vc Cos [2 (fc - ∆f  t] 

Here, fc - ∆f = fs 

 With binary FSK, the carrier frequency is shifted by the binary input signal.  
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Figure 5.3: Binary FSK input & output waveforms 

 As the binary input signal changes from logic 0 to logic 1 and vice versa, the output frequency 

shifts between two frequencies, a mark (or) logic 1 frequency (fm) and a space (or) logic 0 

frequency (fs). 

 The mark and space frequencies are separated from the carrier frequency by the peak 

frequency deviation. i.e.  ffc   

 If the input changes from logic 0 to logic 1, the frequency shifts from fs to fm. 

 If the input changes from logic 1 to logic 0, the frequency shifts from fm to fs.  

 The a k f e ue  is the highe  f e ue  f  + ∆f . 

 The space frequency is the lower frequency (fc - ∆f . 

FSK Bit rate, Baud rate and Bandwidth 

Bit rate (fb): Bit rate (fb) is the rate of change at the input to the modulator. Its unit is bits per second.  

Baud rate: The rate of change at the output of the modulator is called Baud rate.  

Baud = b
b f

f 
1

  ------------------- (5.3)   

Bandwidth considerations of FSK:  

The output of a FSK modulator is, 

For logic 1 corresponds to fm 

                  Logic 0 corresponds to fs 

 

 Figure 5.3: FSK frequency deviation 
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Figure 5.4: FSK input 

The minimum bandwidth for FSK is given as, 

B =    bmbs ffff   

B = bms fff 2    

Since ms ff  e uals ∆f, the i i u  a d idth a  e app o i ated as,  

B =  ∆f + f     ------------------ (5.4) 

Where, B = minimum Nyquist bandwidth (hertz) 

 ∆f = f e ue  de iatio  ))(( hertzfsfm  

 fb = input bit rate (bps) 

FSK Transmitter (FSK Modulator) 

 A Voltage Controlled Oscillator (VCO) acts as a Binary FSK (BFSK) modulator.  

 It generates a signal whose frequency depends on the input voltage.  

 It generates a signal whose frequency depends on the input voltage.  

 A logic 1 (i.e. high voltage) input shifts the VCO output to the mark frequency (fm) and a logic 0 

(i.e. low voltage) input shifts the VCO output to the space frequency (fs).  

 Thus the VCO output shifts back and forth between fm and fs.  

 

 Figure 5.5: FSK Transmitter 

 I  a i a  F“K odulato , ∆f is the peak f e ue  de iatio  of the a ie  a d is e ual to the 
difference between the carrier rest frequency and either the mark or the space frequency (or 

half the difference between the carrier rest frequency) and either the mark or the space 

frequency (or half the difference between the mark and space frequencies).  

 A VCO FSK modulator can be operated in the sweep mode where the peak frequency deviation 

is simply the product of the binary input voltage and the deviation sensitivity of the VCO. 

∆f = 
2

sm ff 
 

Let K be the deviation sensitivity, then 

∆f = Vm (t) K 

FSK demodulation can be done in three ways, 
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 Non-coherent FSK demodulator 

 Coherent FSK demodulator 

 PLL – FSK demodulator 

Non-coherent FSK demodulator 

 

Figure 5.6: Non-coherent FSK demodulator 

 The FSK input signal is applied to the inputs of both band pass filters (BPF) through a power  

splitter. 

 The upper BPF passes only the space frequency (fs) and the lower BPF passes only the mark  

frequency (fm). 

 The envelope detector indicates the total power in each pass band. 

 It detects the envelope of the signal applied and produces a rectified dc output s ignal. 

 The comparator compares both the outputs of envelope detector and selects the largest of the  

two powers. 

 Suppose if the FSK input is fs, the power of envelope detector (1) is large.  

 Therefore, the output of comparator is negative voltage (i.e. logic 0). 

 Suppose if the FSK input is fm, the power of envelope detector (2) is large.  

 Therefore, the output of comparator is positive voltage (i.e. logic 1).  

 Thus, the binary data is recovered (demodulated) from the FSK signal.  

 

Coherent FSK demodulator 

 The FSK input signal is applied to the inputs of both multipliers through a power splitter.  

 When the FSK input is fs, the input to the multiplier (1) is sin 2fst. 

 

Figure 5.7: Coherent FSK Demodulator 

The output of multiplier (1) Sin (2fst). Sin (2fst) 

    = Sin2 (2fst)  

    = 
 

2

221 tfCos s
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    = 
2

41 tfCos s
 

Output of LPF (1)  V
2

1
{The high frequency component 

2

4 tfCos s
is eliminated by LPF} 

Output of comparator is V
2

1 (i.e. Logic 0) 

Thus, he  the i put is fs, logi   is e o e ed. 

Similarly, when FSK input is mark frequency (fm), the input to the multiplier (2) is sin 2fmt. 

The output of multiplier (2)  Sin (2fmt). Sin (2fmt) 

= Sin2 (2fmt)  

= 2

tf4Cos1 m
 

Output of LPF (2)  V
2

1
 

Output of comparator is V
2

1 (i.e. Logic 1) 

Thus, he  the i put is f , logi   is e e sed. 

Disadvantages of BFSK 

 Performance of BFSK is very poor than the BPSK and QAM. 

 BFSK is restricted to low performance, low cost, asynchronous data transmissions.  

FSK waveform 

 

Figure 5.8: FSK waveform 

Phase Shift Keying (PSK) 

 The process of varying the phase of the analog carrier proportional to the digital information 

signal. Its output has many phases.  

 Let M – number of output phases.       

Binary Phase Shift Keying (BFSK) 

 The simplest form of PSK is binary phase-shift keying (BPSK), where N = 1 and M = 2. 

 Therefore, with BPSK, two phases (21 = 2) are possible for the carrier.  

 One phase represents logic 1, and the other phase represents logic 0.  

 As the input digital signal changes state (i.e. from 1 to 0 or from 0 to 1), the  phase of the output 

carrier shifts between two angles that are separated by 1800.  

 Hence, other names for BPSK are phase reversal keying (PRK) and biphase modulation.  

 BPSK is a form of square-wave modulation of a continuous wave (CW) signal.  

 In BPSK, for i a  i put   Carrier is in phase (00). 

                                  Bi a  i put  Carrier is out of phase (1800).  
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   BPSK Transmitter 

 

Figure 5.9: BPSK Transmitter 

 Whe  the i a  i put is logi   the a ie  is t a s itted i  phase (i.e. in 00 phase shift). 

 Whe  the i put is logi  , the a ie  is t a s itted out of phase 8  phase shift .  

 The le el o e te  o e ts i a  i put  as positi e oltage a d  as egati e oltage.  

BPSK waveform 

 

Figure 5.10: Output phase versus time relationship for a BPSK modulator 

Bandwidth considerations of BPSK: [To prove: Bandwidth = Baud Rate] 

 

 Let fa – fundamental frequency of the binary sequence 

 Then, fa = 2

f b

 

 The output of BPSK modulator = Sin (2fct). Sin (2fat) 
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         = 
      tff2costff2cos

2

1
acac 

 

                 LSF                      USF 

                         Minimum bandwidth = USF – LSF 

                                                            B = fc + fa – fc + fa 

                                                            B = 2fa = 2. 2

f b

 

                                                            B = fb        ------------------ (1) {Bit rate = fb} 

                           From the figure, Bit rate = Baud rate 

                                                         Baud rate = fb  ------------------ (2) 

                          From (1) & (2)  Bandwidth = Baud Rate 

BPSK receiver 

 

Figure 5.11: Block diagram of a BPSK receiver 

 The BPSK input may be tcsin .  

 The coherent carrier recovery recovers the carrier that is coherent in both frequency and phase 

of the original transmitted carrier.  

 The balanced modulator is a product modulator that multiplies BPSK signal and recovered 

carrier. 

 The LPF separates the binary data from the complex demodulated signal.  

 When the input is +sinct: 

 Output of balanced modulator = Sin (ct). Sin (ct) 

       = Sin2 (ct)  

       = 
2

2cos1 tc
 

 LPF eliminates the high frequency components 
2

2cos tc
 

 Therefore, the output of LPF = 
2

1 (i.e. logic 1) 

When the input is -sinct:  Output of balanced modulator = -Sin (ct). Sin (ct) 

         = -Sin2 (ct) 
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       = -
2

2cos1 tc
 

 Therefore, the output of LPF = - 2

1

(i.e. logic 0) 

 Thus, the binary data is recovered from BPSK signal.  

 The level converter converts positive 
2

1
voltage into logic 1 and negative 

2

1
voltage into logic 0. 

Quaternary Phase-Shift Keying (QPSK) 

 Quaternary phase shift keying (QPSK), or quadrature PSK is another form of angle -modulated,  

constant-amplitude digital modulation.  

 QPSK is an M-ary encoding scheme where N=2 a d M = 4 he e, the a e uate a   
ea i g 4 .  

 With QPSK, four output phases are possible for a single carrier frequency.  

 Because there are four output phases, there must be four different input conditions.  

 Because the digital input to a QPSK modulator is a binary (base 2) signal, to produce four  

different input combinations, the modulator requires more than a single input bit to determine 

the output condition.  

 With two bits, there are four possible conditions: 00, 01, 10, and 11.  

 Therefore, with QPSK, the binary input data are combined into groups of two bits, called dibits.  

 In the modulator, each dibit code generates one of the four possible output phases (+45°, 

+135°, -45°, and -135°).  

 Therefore, for each two-bit dibit clocked into the modulator, a single output change occurs, and 

the rate of change at the output (baud) is equal to one-half the input bit rate (i.e., two input 

bits produce one output phase change). 

 

QPSK Transmitter 

 

Figure 5.12: QPSK modulator 
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 Binary inputs in the form of dibits are applied to the bit splitter.  

 Serial dibits are splitted into parallel and simultaneously applied to the I and Q channels by the  

 bit splitter.  

 The I it odulates the a ie  “i  ω t  that is i  phase ith the efe e e a ie  a d Q it  

 modulates the carrier that is 90o out of phase with the reference carrier.  

 The balanced modulator transmits the carriers in phase, if logic 1 is applied and out of phase  

 (180o) if logic 0 is applied. 

 Then the outputs of balanced modulators are passed through the BPFs and then summed up to  

 produce QPSK signal. 

Truth table 

BINARY INPUT 
QPSK OUTPUT QPSK OUTPUT PHASE 

Q I 

0 0 -Cos ω t – “i  ω t -1350 

0 1 -Cos ω t + “i  ω t -450 

1 0 +Cos ω t – “i  ω t +1350 

1 1 +Cos ω t + “i  ω t +450 

 

QPSK WAVEFORM 

 

 

Bandwidth considerations of QPSK 

To prove: Bandwidth = Baud rate 

 Consider I channel, 

   Bit rate = Baud rate = 
2

bf
  ------------------ (1) 

   In I channel; fa = 
2

bf
= 

2
2

bf

= 
4

bf
 

The output of I balanced modulator = Sin (2fct). Sin (2fat) 

              = Sin (2fct). Sin (2
4

bf
t) 

              = 



 


 


 


 


  t

f
ft

f
f b

c
b

c 4
2cos

4
2cos

2

1 
 

                LSF                          USF 

                                 Bandwidth (B) = USF - LSF 
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          Bandwidth (B) = fc + 
4

bf
- fc + 

4
bf

= 
4

2 bf
 

          Bandwidth (B) = 
2

bf
   ----------------------- (2) 

          From (1) & (2) Bandwidth = Baud Rate 

          

 

Figure 5.13: Bandwidth considerations of QPSK modulator 

QPSK Receiver 

 

Figure 5.14: QPSK receiver 

 The power splitter applies the QPSK input signal to  I, Q product detectors and to the carrier  

recovery circuit.  
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 The carrier recovery circuit recovers the original transmitted carrier.  

 I phase a ie  “i  ω t  is applied to I p odu t dete to  [i.e. Product detector (1)] and 900 out  

of phase a ie  Cos ω t  is applied to Q p odu t dete to  [i.e. p odu t dete to  ].  

               Output of p odu t dete to   = [+ Cosω t - “i ω t] * “i ω t 

         = Cosω t. “i ω t – “i ω t 

         = 
      ttSintSin ccccc  2cos1

2

1

2

1 
 

         = 
ttSintSin cc  2cos

2

1

2

1
0

2

1
2

2

1 
 

When passed through LPF (1): 

The high frequency components tSin c2
2

1
and tc2cos

2

1
are eliminated. 

Output of LPF (1) = V
2

1 (i.e. Logic 0) 

Output of p odu t dete to   = [+ Cosω t - “i ω t] * Cosω t 

         = Cos ω t - “i ω t .Cosω t 

         = 
2

21 tCos c     tSintSin cccc  
2

1
 

         = tSintSintCos cc 0
2

1
2

2

1
2

2

1

2

1    

Output of LPF (2) = V
2

1
 (i.e. Logic 1) 

The output of Q channel is 1 and I channel is 0.  

10 is recovered. 

Advantages of QPSK 

 Bandwidth required by QPSK is reduced to half as compared to BPSK. 

 Because of reduced bandwidth, the information transmission rate is higher. 

Disadvantages 

 The change in the input dibit from 00 to 11 (or) 01 to 10 causes 1800 shift in the output phase.  

 Low performance due to error. 

 

 Offset QPSK 

 The limitation of QPSK is overcome by OQPSK.   

 OQPSK is a modified form of QPSK. 

 Input data on the I and Q channels are offset (shifted in phase) from each other by one half of a 

bit time. 
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Figure 5.15: Bit alignment 

 Any one data is shifted (delayed) by half the bit time. 

OQPSK transmitter 

It has the same block diagram of QPSK, but one half bit delay is introduced either in the I 

channel (or) Q channel, before balanced modulator. 

 

Figure 5.16: OQPSK transmitter 

Explanation: Refer QPSK 

Constellation diagram 

 

 

 

 

 

 

Advantages 

 In QPSK, the change in the input debit from 00 to 11 (or) 01 to 10 causes 1800 phase shift in the 

output phase. But in OQPSK phase shift is limited. 

 Carrier power almost remains constant. 

Disadvantages 

 Bandwidth and baud rate are twice that of the ordinary QPSK.   
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We hope you find these notes useful. 

You can get previous year question papers at  

https://qp.rgpvnotes.in . 

 

If you have any queries or you want to submit your 

study notes please write us at 

rgpvnotes.in@gmail.com 
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