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Abstract: This paper describes about BPSK demodulation using costas loop and implementing on a DSP kit. The demodulation process 

can be divided into three major subsections. First, since the incoming waveform is suppressed carrier in nature, coherent detection is 

required. The methods by which a phase-coherent carrier is derived from the incoming signal are termed carrier recovery. Next, the raw 

data are obtained by coherent multiplication, and used to derive clock-synchronization information. The raw data are then passed through 

the filter, which shapes the pulse train so as to minimize inter symbol-interference distortion effects. This shaped pulse train is then routed, 

along with the derived clock, to the data sampler which outputs the demodulated data. The codes for the PLL and the Costas loop are written 

in C language and implemented on the DSP kit ADSP 21060 [4,5]. The various input and output plots are observed on the SHARC (Super 

Harward Architecture) simulator and also on the Emulator. 
Keywords: BPSK demodulation, Phase locked loop, Costas loop.  

1. Introduction 

In the earlier days in satellite communication analog systems 

were used for the communication between the base station and 

the satellite, but there were many disadvantages of using the 

analog systems for satellite communication. The incorporation 

of the analog system for communication occupied large area 

on the satellite up to few square feet. This would in turn lead to 

more consumption of the fuel which was not preferred. This 

lead to the use of digital systems for communication [6]. 

 

The advantages of the digital systems are, they are less 

expensive, more compatible, easy to manipulate, flexible, 

compatible with other digital systems, transmission without 

degradation and integral network. These advantages lead to 

use of digital systems in satellite communication. 

  

There are different techniques of digital modulation namely 

ASK (Amplitude shift keying), FSK (frequency shift keying), 

PSK (phase shift keying), QPSK (quadrature phase shift 

keying), MSK (minimum shift keying), but for satellite 

communication the BPSK is employed the reason behind that 

is communication between the base station and the satellite is 

small commands in which the data rate is less of around 4Kbps 

, hence the BPSK type of modulation and demodulation is 

employed. BPSK is preferred over FSK because FSK causes 

Doppler shift, it uses high speed transmission and less efficient 

in both power and bandwidth.[7,8].  

2. PHASE – LOCKED LOOPS  

The Phase-locked Loop (PLL) is a feedback control system 

that automatically adjusts the phase of a locally generated 

signal to match the phase of an input signal. Many research 

efforts have been made on clock recovery circuits (CRC), and 

phase locked loops have been considered desirable for 

monolithic implementation of CRC [1]. 

A PLL is a circuit, which causes a particular system to track 

with another one. More precisely a PLL is a circuit 

synchronising an output signal(generated by an oscillator) with 

a reference or input signal in frequency as well as in phase. In 

the synchronized- often called locked –state the phase error 

between the oscillator’s output signal and the reference signal 

is zero, or remains constant.  A PLL is a feedback system 

containing three basic components: 

 Phase Detector 

 Loop Filter 

 Voltage Controlled Oscillator 

 

 
Figure 1: Phase Locked Loop Block Diagram 

3. OPERATION OF A BASIC PLL  

In order to understand the basic operation of a PLL, it is 

important to know the various signals associated with it, 
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 The reference (or input) signal U1(t) 

 The angular frequency  of the reference signal 

 The output signal U2(t) of the VCO 

 The angular frequency  of the output signal 

 The output signal Ud(t)  of the phase detector 

 The output signal Uf(t) of the loop filter 

 The phase error defined as the phase difference between 

the signals 

Let us now look at the operation of the three basic blocks in a 

PLL 

 

3.1 Voltage Controlled Oscillator (VCO)  

The VCO is an oscillator that produces a periodic waveform, 

the frequency of which depends on the applied input voltage. 

The free running frequency, is the frequency of the VCO 

output when the applied input is zero. 

 

The angular frequency is given by  

 

                         (1) 

Where,   is the center (angular) frequency of the VCO and 

k0 is the VCO gain in s-1V-1. 

 

3.2 Phase detector  

The phase detector (PD) compares the phase difference 

between the input data and recovered clock and creates an 

error signal to signal to drive the frequency and the phase of 

the VCO to lock. The PD produces an output signal that is a 

function of the phase difference between of the incoming 

signal and the oscillator signal. Many Parameters of the PLL, 

such as the phase output, loop gains and the jitter performance 

depend on the properties of the phase detector. So the choice 

of the phase detector is one of the key design issues.[2] 

 

The PD is also referred to as the phase comparator develops an 

output signal which is approximately proportional to the phase 

error , 

  Ud(t) =                                             (2) 

 

Here Kd represents gain of the PD. The output signal of the PD 

consists of a dc component and superimposed ac components. 

The latter is undesired hence it is cancelled by a loop filter. In 

most cases a first order filter is used. 

 

3.3 Low Pass Filter  

The Low Pass Filter blocks high frequencies out of the 

incoming signal from the phase detector. The filter is 

represented by its transfer function which is determined by the 

loop parameters, gain of the VCO and gain of the phase 

detector. The filtered signal is the control signal that is used to 

change the frequency of the VCO Output. 

 

Working: First we assume that the angular frequency of the 

input signal is equal to the center frequency. The VCO then 

operates at its center frequency, at this stage the phase error 

will be zero. If is zero, the output signal of the PD will also be 

zero consequently the output signal of the loop filter will be 

zero. This condition permits the VCO to operate at its center 

frequency. If the phase error were not zero initially, the PD 

would be develop a non-zero output. After some delay the loop 

filter will produce a finite signal.[3] This would cause the 

VCO to change its center frequency in such a way that the 

phase error finally vanishes.  

 

Assume that the frequency of the input signal is changed 

suddenly at time t0, by an amount. Then the phase of the input 

signal starts leading the phase of the output signal. A phase 

error is built up and increases with time. The PD develops a 

signal which also increases with time. With a delay given by 

the loop filter, will also rise. This causes the VCO to increase 

its frequency. This phase error  becomes smaller now, and 

after some settling time the VCO will oscillate at a frequency 

that is exactly the frequency of the input signal. Depending on 

the type of loop filter used, the final phase error will have 

reduced to zero or to a finite value.[11] .The VCO now 

operates at a frequency which is greater then its center 

frequency by an amount . This will force the signal to 

settle at a final value of Uf(t) = .   

 

If the center frequency of the input signal is frequency 

modulated by an arbitrary low frequency signal, then the 

output signal of the loop filter is the demodulated signal. The 

PLL can consequently be used as an FM detector. One of the 

most important capabilities of the PLL is its ability to suppress 

noise superimposed on its input signal. If in case the input 

signal of the PLL is buried in noise, the PD tries to measure 

the phase error between input and output signals. The noise at 

the causes zero crossings of the input signal to be advanced or 

delayed in a stochastic manner.  

 

This causes the PD output signal to jitter around an average 

value. If the corner frequency of the loop filter is low enough, 

almost no noise will be noticeable in the signal and the VCO 

will operate in such a way that the phase of the signal is equal 

to the average phase of the input signal that is buried in noise. 

These implications show that the PLL acts as a servo system 

which controls the phase of the output signal. 

 

4. Various States in a PLL 

If begins to increase, the phase comparator output will be 

positive which in turn increases the frequency of the VCO. A 

new equilibrium point will be reached when the frequency of 

the input signal and the frequency of the VCO output will be 

identical, thus PLL starts tracking the input signal and when it 

does so, it is said to be in “locked state”. If the applied signal 

has an initial frequency of, the PLL will acquire lock and the 

VCO will track the input signal frequency over some range, 

provided that the input frequency over some range, provided 

that the input frequently chances slowly. However the loop 

will remain locked over some finite range of the frequency 

shift. This range is called the Hold-in (or lock) range. The 

hold-in range depends on the overall dc gain of the loop, 

which includes the dc gain of the LPF. 

 

On the other hand, if the applied signal has an initial frequency 

not equal to, the loop may not acquire lock even though the 

input frequency is within the hold-in range. The frequency 

range over which the applied input will cause the loop to lock 

is called the pull-in (or capture) range. This range is primarily 

determined by the loop filter characteristics, and it is never 

greater than the hold-in range. Another important PLL 

specification is the maximum locked sweep rate. It is defined 
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as the maximum rate of change of the input frequency for 

which the loop will remain locked. If the input frequency 

changes faster than this rate, the loop will drop out of lock.[12] 

 

 
Figure 2 : Power spectral density estimate 

 

A typical lock-in characteristics is shown above. The solid 

curve shows the VCO control signal as the sinusoidal testing 

signal swept from a low frequency to a high frequency (with 

the free-running frequency of the VCO, being within the swept 

band). The dashed curve shows the result when sweeping from 

high to low. The hold-in range is related to the dc gain of the 

PLL by 

                                 fh =                     (3) 

5. Costas Phase Locked Loop 

The costas loop can be used as a demodulator circuit used to 

demodulate the binary data from its carrier sine wave. The 

costas PLL is analyzed by assuming that the VCO is locked to 

the input suppressed carrier frequency, fc with a constant phase 

error .  

Then the voltages v(t) and Uf(t) are obtained at the output of 

the baseband low pass filter. Since is small, the amplitude of 

v(t) is relatively large compared to that of the Uf(t). Aso v1(t) is 

proportional to m(t), so it is demodulated output. 

 

                       (4) 

 

                                (5) 

 

The Product voltage v3(t) is  

             (6) 

 

The voltage v3(t) is filtered with a low pass filter that has a 

cutoff frequency near DC so that this filter acts as an integrator 

to produce the DC VCO control voltage. 

 

                       (7) 

 

Where,  K=  

 

The DC control voltage is sufficient to keep the VCO locked to 

fc  with a small phase error . 

6. The Linear PLL(LPLL)  

Analog PLL’s are generally known as the linear PLLs. A 

LPLL is a basic PLL from which the other PLLs are derived. 

By understanding the working of a LPLL, it is easy to design 

software PLLs based on LPLL design equations. 

 

If we assume that  LPLL has locked and stays locked for the 

next future, we can develop a linear mathematical model for 

the system. The mathematical model is used to calculate a 

phase-transfer function H(s) which relates the phase of the 

input signal to the phase of the output signal.  

 

7.                                      (8) 

8.  

Where, and  are the Laplace transforms of the 

phase signals  and   respectively.  H(s) is called 

the phase transfer function. To get an expression of H(s) we 

need to derive the transfer functions for the individual blocks. 

 

Since the input for the LPLL is a sine wave, we can write, 

                             (9) 

 

Assuming that the output of VCO is a square wave we have, 

 

                         (10) 

 

From the figure 4 we can observe that, the dashed curve in a 

sine wave having a phase =0 , the solid line has a non-zero 

phase . Let us assume that the phase is constant over time. 

The dashed curve in  fig b shows a symmetrical Walsh 

function W( t) having a phase = 0, the solid line has a 

non-zero phase. The output signal of the 4 quadrant multiplier 

is obtained by multiplying the signals u1 and u2. 

 

 
 

Figure 4: PLL output 
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The Walsh function is replaced by it’s Fourier series we get  

 

                         

                                                                                         (11) 

 

The first term in the flower brackets is the fundamental 

component, the remaining terms are odd harmonics. 

 

We  have,    

=         

                                                                                          (12) 

When the LPLL is locked, the frequency  and  are 

identical and  becomes,  

 

=                               (13) 

 

Where  is the phase error. 

 

The first term in this series is the wanted “DC term”, whereas 

the higher frequency terms will be eliminated by the loop 

filter.  

 

Taking Kd =2  and neglecting high frequency terms we 

get,  

 

                                                       (14) 

Where Kd is called detector gain 

 

When the phase error is small, the sine function can be 

replaced by its argument, and we have  

 

                                                       (15) 

 

This equation represents the linearized model of the phase 

detector. The dimension of Kd is rad/volt. Kd is proportional to 

both amplitudes. Normally U20 is a constant, so Kd becomes a 

linear function of the input signal level U10. Therefore it can be 

said that, in the locked state of the LPLL, the phase detector 

represents a zero order block having a gain of Kd. 

 

Let us now derive the transfer function of the VCO. The 

angular frequency of the VCO is given by  

 

                (16) 

 

Where K0 is called the VCO gain. 

 

The model of the VCO should yield the output phase . By 

definition, the phase is given by the integral over the 

frequency variation . 

 

 
                                       (17) 

 

In the Laplace transform, Integration over the time corresponds 

to division by s, so the Laplace transform of the output phase 

 is given by  

 

                                       (18) 

 

The transfer function of the VCO is given by, 

 

                                                   (19) 

 

If we consider a PI filter as the loop filter, then we have the 

phase transfer function as   

   

                     (20) 

 

If we substitute 

            

And                                           (21)    

 

Where  is the natural frequency and is the damping factor 

 

We have, 

                           (22)  

 

The term KdK0 is called the Loop gain.    

If  KdK0 = , then the LPLL system is said to be a high gain 

loop, otherwise it is called a low gain loop. Most practical 

LPLLs are high gain loops.   

 

7.  Implementation of Phase Locked Loop 

 
The PLL makes use of a Multiplier as a phase detector, an IIR 

Low Pass Elliptical Filter, a PI loop filter and an integrator as a 

VCO. For a periodic signal, its frequency in Hz is equal to the 

rate of change of phase in 2Π segments, or conversely, phase 

is the integral of the frequency over a certain period of time. 

Thus a VCO can be replaced an integrator. For the purpose of 

easy simulation, a low frequency waveform such as 3Hz is 

given as the input. Therefore the integrator is initially given a 

value of 3Hz which is its central frequency. The cosine of the 

integrator output is given as a feedback and the sine of the 

integrator output is taken as the output.[10] 

 

Algorithm 

  

  Get sampled input  

  Multiply input   with the feedback y  

  Pass y  through a low pass filter, given by the 

equation, 

 

 
   

Where n-1 refers to the past value and n-2 to the one before 

that. 
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  c1-c5 are co-efficient that determine the cut off frequency of 

the filter. 

 

   Pass through a PI filter given by the equation  

  a1(n)=a1(n-1)+Kp -

Kp  

              

where Kp and K1 refer to the product and integrator constants 

respectively. 

 

    a1(n) is then passed through an integrator given by the 

equation 

     

 

   where Ts is the time period of the signal. 

 

    The cosine of the integrator output y0 is given as the 

feedback and the sine output y1  given to the output. 

 

 

Figure 5: PLL input waveform,3Hz 

 

Figure 6: PLL output waveform 

8.  Implementation of Costas Loop 

A costas loop can be created by making use of 2 PLLs wherein 

1 PLL is 900 phase shifted from the other. Some small 

modifications have been made to the PLL block mentioned 

before to achieve better performance for the costas 

demodulation section. 

 

Algorithm 

 

 Attain s(n), the input sample multiply it with SI2 to form s1  

and multiply s(n) with CI2  to form s2. 

 

 Output of the low pass filter f1(n) is given by 

 

 f1(n)= f1(n-1)c1 - f1(n-2) c2 +s1(n)c3 - s1(n-1)c4+ s1(n-2)c5 .  

 

Output of the low pass filter  

 

f2(n)= f2(n-1) c1 – f2(n-2) c2 +s2(n)c3 – s2(n-1)c4+ s2(n-2)c5  

 

where n-1 refers to the past value and n-2 refers to the one 

before that . (c1 to c5) are the coefficients that are determine the 

cutoff frequency of the filter. 

 

 Output of the low pass filter  f1(n) is taken as the output and 

simultaneously multiplied with the  f2(n) to form M1(n). 

 

 M1(n) is passed through an integrator having an equation 

 
 

 Ad is then multiplied with a gain of 2 to form and then 

passed on to an integrator, given by the equation.  

 

   

 

 The sine of I2(n) is given by the multiplier 1 and cosine of 

I2(n) is given to multiplier 2. 

 

 The past and present values are updated, i.e n is given to n-1 

and n-1 is given to n-2. 

 

 The whole process is repeated until the last sample is 

received.  

 

Figure 7: Input Modulated waveform(frequency 3Hz) 
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Figure 8: Output Demodulated waveform 

9. Conclusion    

A lot of thought, research and experimentation has gone into 

this project. There is no such thing as an ideal design, further 

modifications can be done to this project to improve its 

performance. For any assignment a basic foundation is 

necessary and this is what we have tried to achieve in this 

venture. Costas demodulation loop has been successfully 

implemented using ADSP 21062 processor. By making slight 

modifications of the design equations it is possible to use the 

same program for real time high quality demodulation purpose. 

The focus of this project does not lie in merely implementing 

some concept, but rather in studying the various ways in which 

it can be implemented. 

10. Future Scope of the Project 

BPSK modulation and demodulation is used for a low data 

transmission of commands from the base station to the 

satellite system. Also there is sometimes phase ambiguity at 

the receiver. So for transmitting any information at a higher 

data rate and in order to improve the overall efficiency, it can 

be extended to Quadrature Phase Shift Keying (QPSK) in 

which two bits can be represented using a single phase of the 

carrier. The error rates of both BPSK and QPSK are same. In 

QPSK the bandwidth requirement is half as that of BPSK 

and data rate is twice. Also this can be extended to M-array 

modulation in which M bits are represented using one phase 

of the carrier thus reducing the bandwidth requirement. 
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