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Abstract: Software-Defined Radio (SDR) is an enabling technology which is useful in a wide range of areas within wireless 

systems. SDR offers a perfect solution to the problem of spectrum scarcity in wireless communication. With the significant 

increase in the demand for reliable, high data rate transmission these days, a different number of modulation techniques need to 

be adopted. The main objective of this paper is to design and analyze an SDR based M-Phase Shift Keying (PSK) transceiver 

using LabVIEW (Laboratory Virtual Instrumentation Engineering Workbench) and to measure the Bit Error Rate (BER) in the 

presence of Additive White Gaussian Noise (AWGN) introduced in the channel. Forward Error Correction (FEC) is used as a 

channel coding scheme in this paper. FEC codes are used where the re-transmission of the data is not feasible, thus redundant 

bits are added along with the message bits and transmitted through the channel. This paper describes the fundamental concept 

for the design & development of an SDR -based transceiver simulation model under PSK Scheme & analyses the performance 

of two Forward Error Correction channel coding algorithms namely the Convolution and the Turbo Codes. In this paper we 

have shown that how fast and effectively we can build a PSK transceiver for interactive Software Defined Radio. With the help 

of this design we are able to see and prove that data errors can be minimized using coding techniques, which in turn improves 

the Signal to noise ratio (SNR). 

Keywords: Software Defined Radio, Bit Error Rate, Additive White Gaussian Noise, Phase Shift Keying,  

Signal-To-Noise Ratio, Forward Error Correction 

 

1. Introduction 

The term Software Defined Radio refers to reconfigurable 

or reprogrammable radio that shows different functionality 

with the same hardware. The entire functionality of the SDR 

can be defined in software [1]. The aim of this paper is to 

simulate SDR for next generation wireless communication 

systems by using the M-PSK modulation technique in 

LabVIEW.  

SDR provides an alternative to systems such as the third 

generation (3G) and the fourth generation (4G) systems [2]. 

A Complete hardware based system has many limitations. 

SDR technology provides many benefits including increased 

interoperability, reduced cost, and improved life cycle for 

communication systems [1, 2]. SDR’s can be reconfigured 

and can talk and listen to multiple channels at the same time. 

The transmitter of an SDR system converts digital signals to 

analog waveforms. The analog waveforms generated are then 

transmitted to the receiver. The received analog waveforms 

are then down converted, sampled, and demodulated using 

software on a reconfigurable baseband processor [3]. SDR 

systems can be used in ubiquitous network environments 

because of its flexibility and programmability [4, 5]. The use 

of digital signals reduces hardware, noise and interference 

problems as compared to the analogue signal in transmission, 

which is one of the main advantages of digital transmission 

[6, 7]. 



Journal of Electrical and Electronic Engineering 2014; 2(4): 55-63 56 

 

 

In this paper, the software simulator of the PSK 

transceiver has been designed using LabVIEW. PSK is 

chosen to be the modulation scheme of the designed 

interactive Software Defined Radio system as this 

modulation scheme is widely used for transmission of data 

for various applications over band pass channels such as 

paging systems and Cordless, Telephone-line modems, 

Caller ID, Microcomputers, Radio control etc. A PSK, SDR 

which is fully implemented, will have the ability to navigate 

over a wide range of frequencies with programmable channel 

bandwidth and modulation characteristics [8, 9]. The role of 

modulation techniques in an SDR is very crucial since 

modulation techniques define the core part for any wireless 

technology [10, 11].  

The aim of this design is to implement interactive 

Software Defined Radio system in a shorter time and provide 

a cost effective solution compared to other text-based 

programming languages [12, 13]. With the help of this 

design we will be able to see and prove that data errors can 

be minimized using FEC coding techniques, which in turn 

improves the Signal to noise ratio (SNR). This interactive 

design of SDR will also help understand and analyze how the 

signal can be recovered with very less probability of error 

and which FEC codes are the best suited for transmission 

using M-PSK modulation scheme. The general Block 

Diagram of a generic Digital transceiver is shown in Figure 1. 

 

Figure 1. Block Diagram of a Generic SDR Transceiver. 

2. Phase Shift Keying Transceiver  

(M-PSK) 

In This paper, digital modulation scheme Phase shift 

Keying is used as a modulation scheme for the SDR 

transceiver. PSK has dynamic characteristics of the carrier 

signal with respect to time and this alteration results in a sine 

gesticulate in a divergent phase, amplitude or frequency. 

This results in, contrasting "states" of the sine curve are 

referred to as symbols which represent few digital bit 

ornamentation. The building blocks of the PSK transceiver 

system are stated in this section. This system has two parts: 

transmitter and receiver. The Front Panel for a PSK 

transceiver with multiple Encode and Decode techniques is 

shown in Figure: 2. 

The organization of this paper is as follows: In Section I 

Introduction for SDR is explained, Section II gives the 

implementation of M–PSK transceiver in LabVIEW, in 

Section III the PSK transmitter parameters are described, 

Section IV gives the BER Vs SNR comparison, Section V 

describes the simulation results of a PSK transceiver using 

LabVIEW and finally in Section VI we draw the 

Conclusions. 

 

Figure 2. PSK Transceiver with multiple Encode and Decode. 
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2.1. Message Source 

In this design at the transmission end, pseudo noise (PN) 

sequences are generated which serve as our message signal. 

A PN Sequence Generator block generates a sequence of 

pseudorandom binary numbers using a linear-feedback shift 

register (LFSR). The LFSR is implemented using a simple 

shift register generator. Here, the PN sequence is generated 

with a five-stage LFSR structure, whose connection 

polynomial is given by 

h (D) = 1 + 2D  + 5D                 (1) 

where D denotes delay and the summations represent modulo 

2 additions. The sequence generated by the above equation 

has a period of 31(= 
52  – 1) as shown in Figure: 3. Two PN 

sequence generators are used in order to create the message 

sequences for both the in-phase and quadrature phase 

components. Note that frame marker bits are inserted in front 

of the generated PN sequences. 

 

Figure 3. Message Source VI. 

2.2. Source Encoder 

The source encoder is to improve efficiency by reducing 

redundant bits, compressing the digital sequence into a more 

competent symbol for transmission. 

2.3. Pulse Shaped Filter 

The purpose of pulse shaping is to make the transmitted 

signal better suited to the communication channel by limiting 

the effective bandwidth of the transmission. By doing this 

ISI caused by the channel can be controlled before 

modulation [16]. The raised cosine filter is one of the pulse 

shaping filter as shown in Figure: 4. It is used in digital 

modulation due to its ability to minimize Intersymbol 

interference. Its name stems from the fact that the non-zero 

portion of the frequency spectrum of its simplest form (β = 1) 

is a cosine function, ‘raised’ up to sit above the f (horizontal) 

axis. 

The raised-cosine filter is an implementation of a low-pass 

Nyquist filter, i.e., one that has the property of vestigial 

symmetry. This means that its spectrum exhibits odd 

symmetry about , where T is the symbol-period of the 

communications system. 

and characterized by two values; β, the roll-off factor, and T, 

the reciprocal of the symbol-rate. 

 

Figure 4. Pulse Shape Filter VI. 
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2.4. PSK Encoder 

 

Figure 5. Convolution Encoder VI. 

The channel encoder is to improve reliability by adding 

redundant bits to the compressed information in order to 

control the errors offered by channel impairments. 

Convolution Encoder is a Finite State Machine (FSM), 

processing information bits in a serial manner. In this case 

we have implemented ½ rate convolution Encoder. Shift 

Registers are used through which data shifts in and out 

linearly. They have rather good correcting capability and 

perform well even on very bad channels (with error 

probabilities of about (10
-3

). Convolution Encoder Performs 

Convolution of the input stream with encoders impulse 

responses. Mathematically, it is written as 

ki

k

j

k

j

i xhy −

∞

=
∑=

0

                            (2) 

where x is an input sequence, y
j
 is a sequence from output j 

and h
j
 is an impulse response for output j. Convolution 

Encoder VI is shown in Figure:5. 

In this design we have used the Turbo Encoder as shown 

in Figure: 6 which works by using two Convolutional 

Encoders. One encoder receives the data to be sent and the 

other receives an interleaved version of the data to be sent. 

The convolutional encoders are identical and are rate 1. Each 

has 3 linear shift registers with a feedback loop. The original 

data, the output from encoder 1, and the output from encoder 

2 are then interleaved together before being transmitted. 

 

Figure 6. Turbo Encoder VI. 
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2.5. PSK Modulator 

 
Figure 7. PSK Modulator Vi. 

The PSK modulator converts the input bit stream into an 

electrical waveform suitable for transmission over the 

communication channel. In this design we have used 

the Modulator to minimize the effects of channel noise, 

also to match the frequency spectrum of the transmitted 

signal with channel characteristics, and to provide the 

capability to multiplex many signals as shown in Figure: 7. 

The output of the raised cosine filter is then used to build a 

complex envelope. The data bits are transmitted by shifting the 

frequency of a continuous carrier in a binary manner to one 

or the other of two discrete frequencies. One frequency is 

designated as the “mark” (1) frequency and the other as the 

“space” (0) frequency. 

2.6. Time Varying Channel 

 

Figure 8. AWGN & IQ Impairments. 

 

Figure 9. Add AWGN VI. 
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To be able to observe the adaptability of the system, a 

time-varying channel is added. The noise source, which is 

the Additive White Gaussian Noise (AWGN), is passed 

through the channel before it is added to the input signal. 

The channel is Gaussian in nature because its probability 

density function can be accurately modeled to behave like a 

Gaussian distribution and it is called white as it has a 

constant power spectral density. The characteristic of the 

channel is varied with time by swinging the filter pass band 

from 100 to 900 Hz. Figure: 8 shows the time varying 

channel with the AWGN noise source. Additive White 

Gaussian Noise is used to generate zero mean with uniform 

spectral density and adds it to a complex baseband 

modulated waveform. The VI shown in Figure:9. computes, 

generates, and adds the appropriate amount of AWGN to a 

complex-valued input signal, given a desired output Eb/N0 

[10,11,12]. For true AWGN, the I and Q components of the 

additive noise must be uncorrelated. We accomplish this by 

using two separate Gaussian noise generators independently 

seeded. The user has the option of providing a seed in the 

event that they want to generate deterministic white Gaussian 

noise. 

 

2.7. PSK Demodulator 

PSK demodulation is the process of recovering the 

original message from the information bearing waveform 

produced by the modulation is accomplished by the 

demodulator. Demodulates the modulated complex baseband 

waveform & returns the time aligned oversampled complex 

waveform, demodulated bit stream. This step attempts to 

remove carrier & phase offset by locking to the carrier signal. 

Viterbi decoding is an optimal (in a maximum-likelihood 

sense) algorithm for decoding of a Convolution code as this 

simplifies the decoding operation [17]. The decoder is a 

Viterbi decoder which then solves for the global optimum bit 

sequence. The algorithm updates a path cost as it steps 

through each stage of the possible output sequences. At each 

state, it also calculates the likelihood of entering each 

possible new state based on the cost of the previous state. 

The algorithm then needs two additional zero bits after every 

sequence in order to force the encoder back into the zero 

state and to assume that the encoder ends at the all zero state. 

These two tail bits represent a fractional loss rate between 

the coded and that of uncoded bit sequence. The Viterbi 

Decoder VI is shown in Figure: 10. 

 

Figure 10. Viterbi Decoder VI. 

Turbo Decoding used in this system as shown in Figure. 

11. Works by using a set of maximum aposteriori probability 

(MAP) decoders. When the data is received, it is 

deinterleaved back into the three streams which were sent 

from the transmitter:  

1. Original Data  

2. Output from Convolutional encoder 1  

3. Output from Convolutional Encoder 2.  

The first MAP decoder takes as an input stream 1 and 

stream 2 and also the output from MAP decoder 2 (initialized 

to zeros for the first iteration) [16, 17]. The second MAP 

decoder takes in an interleaved version of stream 2 (the same 

interleaver used to interleave the original data before it was 

sent to the Convolutional Encoder), stream 3, and the output 

from the first MAP Decoder [18,19]. The two MAP 
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Decoders then work together to converge on a solution: the most likely original bit sequence.  

 

Figure 11. Turbo Decoder VI. 

2.8. Sync & Tracking VI – Frame Synchronization Mode  

Sync & Tracking VI is used for Frame synchronization 

and Phase/Frequency tracking. Synchronization is the act of 

synchronizing, i.e. concurrence of events with respect to time. 

In VI shown in Figure: 12 the input samples are passed 

through Complex Queue Pt By Pt VI, which creates a data 

queue of complex numbers to obtain beginning of frame. A 

case structure is not executed until the queue is completely 

filled. Extra 16 bits are added due to delays related to 

filtering operations in transmitter. A counter is used to count 

number of samples filling up the queue (as loop count VI). A 

Boolean (sync) is a primitive data type that can have one of 

two values: TRUE or FALSE. The initial value of the local 

variable, which is denoted by Sync, is set to true to execute 

the frame synchronization. Then, it is changed to false within 

the case structure so that it is not invoked again. The other 

two local variables, Initial Const and Delay Index, are used 

as the inputs of the phase and frequency tracking module. 

The queue length is chosen to be 51 in order to include the 

entire marker bits in the queue. This length is calculated as 

under: 31[(one period of MLS sequence) + 2×10 (frame 

marker bits)]. The sync and tracking VI for the frame 

synchronization mode is shown in Figure: 12. 

 
Figure 12. Sync & Tracking VI. 
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3. PSK Transceiver Parameters 

Transmitter filters: Transmitter filter defines the type of 

band-limiting filter employed at the transmitter for pulse 

shaping the symbols output by the modulator. In this design 

the user has the option to choose any of the varieties of the 

filters from the given filters Raised cosine (Nyquist), 

Square-root raised cosine, Gaussian filters as depicted 

through Table: 1. Thus, this design makes it a unique SDR 

where the user has the option to select the required filter and 

see that which filter gives the minimum BER.  

Table 1. Simulation Parameters. 

Sl. No. Parameters That can be Decided by the User  Values Taken by the user  

1 PN sequence order  15 or any Value 

2 Eb/No  80 dB or any Value 

3 Message symbol  1000 or any Value 

4 Transmission B.W (BT)  0.5 or any Value 

5 Symbol Phase Continuity  Continuous 

6 PSK frequency deviation (Hz)  25KHz or any Value 

7 Filter used Gaussian, Root Raised Cosine Filter, Root Raised Cosine Filter 

8 Symbol Rate 100.00 KHz or any Value 

9 Eb/No Sample  5 or any Value 

10 Sample per symbol  16 or any Value 

11 Modulation Index  0.5 or any Value 

12 BER vs Eb / No (without filter)  None 

 

Raised cosine Filter: The raised cosine filter is one of the 

most common pulse-shaping filters in communications 

systems. In addition, it is used to minimize inter symbol 

interference (ISI). 

Root Raised Cosine Filter: The root raised cosine filter at 

low frequency produces a frequency response with unity gain 

and complete at higher frequencies. 

Gaussian filter: The Gaussian pulse-shaping filter reduces 

the levels of side-lobes of the PSK & GMSK spectrum. 

4. Bit Error Rate (BER) &  

Signal-to-Noise Ratio (SNR) 

 

Figure 13. BER Vs Eb/N0(db) (4,8,16,32,64,128,256 bit FSK) Output Results 

for Convolution coding. 

Bit Error Rate (BER): In this section we discuss the BER 

Vs the SNR achieved for different M-PSK in a noisy 

channel for both the Convolution and Turbo coding. The 

bit error rate (BER) is the number of bit errors divided by the 

total number of transferred bits during a considered time 

interval. BER is a unit less performance measure which is 

often expressed as a percentage (%). A pseudorandom data 

sequence (15) is used for the analysis in this design. The 

BER parameter represents the current operating BER of a 

specific modulation type and in this design the modulation 

scheme selected is M-PSK. This value depends on various 

channel characteristics, including the transmit power and 

noise level. 

 

Figure 14. BER Vs Eb/N0(db) (4,8,16,32,64,128,256 bit FSK) Output Results 

for Turbo coding . 

5. Simulation Results & of PSK 

Transceiver Using Labview 

In this section we describe the simulation results of M- 

PSK transceiver system for a noisy channel. BER Vs 

Eb/N0(db) for (4,8,16,32,64,128,256 bit PSK) has been given 

in Figure 13 & Figure 14. Output Results for Convolution 

coding and Turbo coding has been been illustrated with the 

PSK parameters for Simulation being described in Table: 1. 

By taking a look at the output results we can very clearly say 

that Turbo coding gives a much improved and better 

minimization of the data errors than the Convolution coding. 

The simulation results conclude that minimum BER 

achieved using Turbo coding is in the range of 10
-8 

as 

compared to that of Convolution which is in the range (10
-7

) 

at a particular value of SNR. Hence, even at larger values of 
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SNR, the BER achieved is extremely small. With the help of 

this design we can also show that how fast and effectively we 

can build a PSK transceiver for Software Defined Radio. 

6. Conclusion 

In this section we discuss the simulation results of the M-

PSK transceiver VI for noisy channel. From the results it 

becomes clear that the wireless system designed based on 

PSK technique provide high data rate and SNR. This can be 

very clearly seen in terms of the BER Vs Eb/No output graph. 

We can also see very clearly with these results that data 

errors can be minimized using coding techniques, which in 

turn improves the Signal to noise ratio (SNR) further, we can 

also say looking at the results that Turbo coding gives a 

much improved and better minimization of the data errors 

that the Convolution & Viterbi coding. The performance of 

M-level PSK systems ( 4,8,16,32,64,128,256) for additive 

white Gaussian noise channel has been evaluated and 

compared on the basis of the simulations in LabVIEW as 

shown in Figure 13 & Figure 14. In this paper we have 

shown that how fast and effectively we can build a PSK 

transceiver for Software Defined Radio. We have used the 

Graphical programming language LabVIEW for building a 

PSK transceiver system which consists of a message source, 

a pulse shape filter, a modulator on the Transmitter section 

and demodulator, a frame synchronizer, a phase continuity 

and frequency deviation on the Receiver section. With the 

help of LabVIEW an interactive Software Defined Radio 

system has been built in a shorter time as compared to other 

text-based programming languages. With the help of this 

design we are able to see and prove that data errors can be 

minimized using coding techniques, which in turn improves 

the Signal to noise ratio (SNR). Also we can say by looking 

at the results that Turbo coding gives a much improved and 

better minimization of the data errors than the Convolution 

coding. In the end, we can say that the signal can be 

recovered with very less probability of error in Turbo coding 

than in Convolution coding with the increase in the M 

(number of levels) at the destination. 
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