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Software defined radio (SDR) seems to be a solution for communications for rapid changes in the
communication standards. Detector is the most important component of radio receiver. This paper
describes the implementation of QAM-4 transceiver using very simple sampled matched filter
detection technique. The advantage of using sampled matched filter is maximizing the signal-to-noise
ratio (SNR) at the output of the matched filter. The Transceiver also uses Forward Error Correction
(FEC) in the form of Reed-Solomon (7, 3) coding and decoding. This design is tested using a model
based development platform for Software Defined Radio. The whole system consists of a Front-End
or DSP model and a Back-End or FPGA model. FPGAs are chosen due to their high re-
configurability and design flexibility when compared with Digital Signal Processors. Because of this
the complete base-band processing of the transceiver is performed at the FPGA model. The coding for
the front end is generated in C-language whereas the coding for the Back-End model is generated in
VHDL.

Copyright © 2018, Rehan Muzammil. This is an open access article distributed under the Creative Commons Attribution License, which permits unrestricted use,
distribution, and reproduction in any medium, provided the original work is properly cited.

Citation: Rehan Muzammil. 2018. “Design and implementation of a transceiveron a model based development platform using sampled match filter
detectionfor software defined radio”, International Journal of Current Research, 10, (12), 75944-75953.

INTRODUCTION

SDR has the ability of changing the characteristics of a
transmitting and receiving radio device without physically
modifying the hardware. Presently a number of communication
standards are commercially available which comes under 2G,
3G and now 4G technologies. The present technologies oblige
their users to buy a particular device for each type of
communication standard, and operators have to deploy base
stations for each system. The circumstances are such that users
are required to switch from one standard to another very
frequently. For this case, emerging multi-standards, multi-
bands, multi-modes and multi-protocol systems have been
developed. Thus, SDR can serve as the fundamental
technology where all these systems can be implemented in one
hardware platform. SDR allows system re-configuration and
reprogramming by using software commands. The work of the
SDR includes hardware adaptability by software means. Thus
SDR is one possible way to realize the structure of the device
with mobility, flexibility, and re-configurability (Zlydareva
2008). In response to a myriad of communication standards
currently available, radio designers are architecting SDR
systems that have the ability to support present and future
waveform specifications. Such system facilitate the integration
of new waveform components by offering standardized
interfaces to which waveform components connect
(Noseworthy, 2007).
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To avoid costly upgrades or total communications receiver /
processor device replacement due to sometimes rapidly
changing wireless communications protocols and standards, J.
Mitola proposed the concept of SDR in 1995. In SDR, most
radio receiver/processing functions would be defined by user
written software programs, to be run on general purpose (GP)
programmable processor rather than the functions being
implemented strictly in non-programmable hardware (Alluri,
2010).The traditional SDR platform for digital processing is
mainly based on General Purpose Processors (GPPs) and
Digital Signal Processors (DSPs) which are adequate for future
high data rate wireless communications in terms of processing
speed and energy efficiency (Qiwei Zhang, 2007). Therefore,
the software SDR concept is emerging as a potential pragmatic
solution. The solution is to enable the operators to reuse their
existing infrastructure and sites to support the various air
interface standards using single base station architecture to
make a very flexible use of multiple frequency bands and
multiple standards using common hardware (Mohamed, 2007).
SDR is one where the baseband processing is carried on
programmable and /or reconfigurable hardware to achieve
flexibility. SDR applications typically expose lots of data level
parallelism. This parallelism can be directly tracked by the
programmer through intrinsic functions (Schuster, 2006). SDR
operates under different standards (GSM, 1S-95, UMTS,....).
For this reason SDR uses a combination of techniques that
include multi-band antennas and RF conversion; wideband
ADC; DAC; and implementation of IF (Mohamed, 2007). In
wireless receivers, the complete implementation of the SDR
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concept is mainly limited by the analog front-end. In the task
of down-converting the bandpass signal to baseband, or at least
to low frequencies, front-ends are usually limited to certain
frequency band and power level. The increasing set of wireless
standards has encouraged researchers to look further into
digital techniques for down-conversion process (Rodriguez-
Pareram, 2017). RS codes have practical advantages over the
other codes in terms of memory size and decoder complexity.
An exact analytical form for the error probability is available
for RS codes. This is useful for obtaining the optimal code
rates and the optimal power allocation (Banani, 2011).

The ideal architecture for SDR involves placement of analog to
digital converter immediately after the antenna, resulting in
performing all the tasks ranging from RF processing to
Baseband processing in software. As the evolution of ADCs do
not pace up with Moore’s law and power dissipation of ADCs
at Radio Frequencies is very high, an ideal SDR becomes
unrealizable. Hence, a software Radio architecture comprising
of Radio Frequency (RF) stage, Intermediate Frequency (IF)
stage and Baseband processing stage is a near solution to ideal
SDR (Agarwal, 2014). An SDR is a communications platform

that uses software for fast prototyping of digital
communications  algorithms, while allowing analog
transmissions over a physical medium (Politis, 2018). The

greatest advantage of SDRs is the reduction in size, cost and
power consumption, since data processing can be usually
performed in a single device. Unfortunately, most of those
systems are limited to a specific frequency band, since the
specific requirements of each application are mainly related to
RF properties (down-/up conversion, RF bandwidth and signal
strength) and the analog-digital conversion (Budroweit, 2018).
In this paper RS (7, 3) coding and decoding has been used in
the design of the transceiver. No interleaving and de-
interleaving blocks are used because of the RS codes are used
for burst errors. In this paper sampled matched filter detection
at the receiver is used which maximizes the signal to noise
ratio at the front end of the receiver.

The QAM-4 modulation and demodulation scheme is used in
the design of the transceiver. The whole transceiver is
designed, implemented and tested on a model based
development platform for Software Defined Radio. This paper
is organized as follows. The first section is the introduction.
Section 2 describes model based development platform.
Section 3 describes the RS (7, 3) coding and decoding
technique used in this work. Section 4 gives an overview of the
Front-end model for this transceiver. Section 5 gives an
overview of the Back-end model for this transceiver. Section 6
describes the sampled matched filter detection technique.
Section 7 gives the Simulation results. Section 8 gives the real
time results. Section 9 gives the conclusion.

Model Based Development

In this work, the authors have used a Model Based
Development platform. This is a Small Form factor (SFF) SDR
low power tunable equipment manufactured by Lyrtech,
Canada. This SFF SDR platform is conceived and designed to
be used in the development of applications in the field of
Software Defined Radio and is composed of three boards: RF
module, Data Conversion Module, Data Processing Module.
The board is illustrated in the Fig. 1.

RF module

cenversion Digital
module processing
module

Figure 1. The SFF SDR platform

The SFF SDR platform comes with two board support
packages — Board Software Development Kit (BSDK) and
Model Based Development kit (MBDK). The BSDK allows
users to quickly become fully functional developing C, C++, or
assembly language codes for the DSP and GPP, or HDL code
for the FPGA by giving users an understanding of all the
platform’s major interfaces such as VPSS, audio codec, data
conversion module, or RF module. Similarly, the MBDK
allows users to develop applications for the platform with
Simulink within MATLAB. By targeting the DSP and FPGA
with MBDK tools, users can deploy and validate algorithms on
the hardware more rapidly. Unlike the SDR development
platforms on the market, the SFF SDR development platform is
a hybrid hardware-software system that supplies the necessary
full signal chain for multi-protocol software defined radios. By
separating the base-band, IF, and RF from one another as
distinct modules (rather than maintaining a single, fixed
architecture), developers can extend their radio development
capabilities and optimize costs and power consumption. The
SFF SDR development platforms can be used to perform four
types of development — FPGA, DSP, GPP, and Model based
(combination of the above three). This paper describes model
based development using this platform, though only FPGA and
DSP are exploited.

(7, 3) Reed-Solomon Coding and Decoding (Sklar 2013):
The Reed-Solomon coding and decoding is realized with the
help of VHDL codes. Both the RS coder and decoder are
designed and implemented using VHDL. Reed-Solomon codes
are non-binary cyclic codes with symbols made up of m-bit
sequences, where m is positive integer having a value greater
than 2. R-S (n,k) codes on m-bit symbols exist for all n and k
for which,

O<k<n<2Mm+42

Where k is the number of data symbols being encoded, and n is
the total number of code symbols in the encoded block. For the
most conventional R-S (n, k) code [10],

(k) =M —=1,2™ =1 = 28) oo, ©)

Where t is the symbol-error correcting capability of the code,
and n-k = 2t is the number of parity symbols (Sklar, 2013).
Here in this work n = 7, k = 3, and t = 2. Hence, we can say
that this R-S code can correct 2 symbols of errors. Each symbol
is 3-bits in length. If the data is in chunks of 8-bits we can say
that each byte or 8-bits fed to the R-S coder are 3 symbols wide
(with one padding bit added which is removed at the receiver).
This forms the message. To these additional 4-symbols are
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added to make it 7 symbols code-word. Hence, R-S (7, 3)
coding is realized. The algorithm for generating the additional
4-symbols of parity is described in the following paragraphs. In
order to understand the encoding and decoding of the R-S
codes, it is necessary to venture into the area of finite fields
known as Galois Fields (GF). For any prime number, p, there
exists a finite field denoted GF (p) that contains p elements.
Here p = 2™ which can be represented by a power of a. An
infinite set of elements, F, is formed by starting with elements
{0, 1, o}, and generating the additional elements by
progressively multiplying the last entry by a, which yields the
following [10, Bernard-Sklar book]:

b e, 3)

Here a finite set of elements of GF (2™) is formed from F. In
this application m=3 hence there should be 8 elements in F. A
class of polynomials called primitive polynomials is of interest
because such functions define the finite fields GF (2™) that is
needed to define RS codes. Here in this case the bits per
symbol are 3 hence the primitive polynomial is:

F={01aa?..a ...

1+x+x3=0 4)
Putting x = a and rearranging we get,

—1l—a=a® (35
Since in binary filed -1 =+1 we can write,

1+a=a®> 6)

From Equation 6 we can derive all the elements of GF (2™)
which are:

{0,a°% at,a?, ad, a*, a, a’}
Reed-Solomon Coding
The symbols are depicted in the Table 1.

The multiplication table is given in Table 2for m=3 and
primitive polynomial 1+x+x’ (all values are powers of o). The
addition table is given in Table 3:

Table 1. Symbols Table

Field Elements Basic elements

Powers of a x? X! xX°

0 0 0 0
a® 0 0 1
al 0 1 0
a? 1 0 0
a® 0 1 1
a* 1 1 0
a’ 1 1 1
a® 1 0 1
a’ 0 0 1

Table 2. Multiplication Table (Numbers signify powers of o)

AN AW = O

AW WD —=ofo
SN W —f—
— O N WU AW
N —= OO kW
W= O W AES
LW~ OO LWL
N h WD —Oafn

Table 3. Addition Table (Numbers signify powers of o)

€10

oA v — o wNle
[¢]
=
5
S W= uN o
Q
5]

6
2
5
0
4
3
1
7

AU AW~ O
NN O BN WL~
ERNOONWO—~fw
Q
3
WONO — N UlA
—Nonwaa afu

€10

It may be emphasized here that all the values in the above
tables depict powers of a except for “Zero” which means zero.

Next step is to find the generator polynomial which is given as:
9X) = go+ G1X + g2X7 + g3 X% + -+ gpe X+ X
The degree of generator polynomial is equal to the number of
parity symbols. We describe the generator polynomial in terms
of its 2t = n-k = 4 roots, as follows:

gX) =X -a)X—-a®)u..X—ab) .o (8)
Equation (8) can be simplified using Table 3& 4 and using

modulo 2 additions. All the negative signs are converted into
positive signs. We get,

gX) =X*+a3X3 +a’X2 +a'X +ad 9)
Next we find out the parity polynomial which is given as,
p(X) = X" *m(X)modulog(X) .ol (10)

Where m(X) is the message polynomial and (n-k) = 4. Hence,
the code-word becomes:

U) =pX) + X" *m(x)
Reed-Solomon Decoding

Error is introduced into the code-word after the code-word is
transmitted over a channel, e(X). Hence, the received code
polynomial is,

r(X) =UX) +e(X)

To remove the errors, maximum 2 symbols or 6 bits in 7
symbols or 21 bits of code-word, syndrome is calculated which
is given as,

S =1(X)|yoqi =1(ah)

Where i = 1, ..., (n-k). Hence, there are 4 syndrome values
calculated using the Equation (13) and Table 3& 4. If all the
syndrome values are zero it signifies that there is no error. If
some of the values of syndrome is non zero signifies there is
error.Next step is to find the error location. The error locator
polynomial 6(X) can be described as follows:

cX)=A+XA+5,X)...(1+B,X)
oX)=1+0 X+ 0,X?> + - +0,X"

We form the matrix from the syndromes as,
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S1 82][91] _ [Ss

[52 53] 02] a [54]
Next we find the inverse of the matrix on the left hand side. If
the determinant is zero it signifies 1 symbol error. Then we are
left with S;. If S; is zero signifies that there is more than 2
symbol errors. Hence, if there are more than 2 symbol errors it
cannot be corrected as there is no way of finding and correcting
more than 2 symbol errors in RS (7, 3) codes.Once we find out
the value of 6, 0,, from Equation (16), we can write,

cX)=1+0X+0,X> (17)
From Equation (17) we can find out the error locations as,
@) =1+a@) +0,(a)?> (18)

Where,1=0, 1,2, ...,6.

From the values obtained in Equation (18) we can say that
wherever the value of o(a') is zero, there is an error. Now at
this stage we have found out the error locations. Next step is to
find out the error values which is calculated as,

éX) = e Xt +e, X2 (22)
Where ji, j, are the error locations.
UX)=r(X)+éeX)=UX)+e(X)+eéX) ..c......... (23)

The whole process is performed for 2-symbol or 1-symbol
errors in the same fashion. Thus if the error and estimate of
error are the same, they cancel out and we get the original
transmitted code-word.

Front-End Model of the Transceiver

The front-end model of the transceiver is the one where the
controls of DAC, ADC, and RF resides. There is line-in jack on
the data processing module of the platform where the mp3
player is plugged in. The received audio is digitized and
transmitted in chunks of 16-bit words. This is pushed to the
back end model through a suitable interface. The back-end
model is the one where all the baseband processing of the data
is performed. The overall Methodology of the Model Based
Development Platform is given in Figure 3 below. The whole
system works under Matlab Simulink environment. MBDK is
the top layer in the design methodology. When the Real Time

Si=r(a)=ef1+eB, 19 L
! (@) 1P+ ef (19) Workshop is invoked through the front end model, MBDK
_ o~ ) ) invokes BSDK to write the C codes for the front end model.
S=r@)=efitef;y (20) Similarly when the System Generator is invoked through the
back end model, MBDK invokes BSDK to write down the
It can be written in matrix form as, VHDL codes for the back end model. After this step the
o MBDK invokes Code Composer Studio to compile the C codes
By ﬁz] [el] = [ 1] __________________ (21)  into DSP executable file “.out”.
pt piltexl 1S,
File Edit Wew Simulation Format Took  Help
O@3ME| & B8 p F i (Bera || EEBEC REBEE
Awdio
> . Set bitstream i
e Priority Manager \stggcér
DSP Options Audio Godes Configuration e Set bitstream
FOATool ] .FFT
ADACMaster I RFFE \ Digital spectum
e Filter Dgsign1 Scope
ADC & DAC Ricd T
ADACMaster Il contral RF Module Contral T
4"’3 Out
Audio VPSS 1 Audio Codec 1HO1

>

int1g
R -
Gain Gonversion

n

_ Digital
s 7 e Filter Design

)

single

Conwersion

Terminator

Ready

[t r“EE\j\t\:w‘.‘ rﬁihga,u. [l oga....

¥4 start

[Tttpaa...

-
Manual Switch

Wector
Scope

]

FFT

Spectum
Scope]

112%

c€ ) B

[ foa .. i dspne

Figure 2. The Front-End Model or the DSP Model

For finding the value of e, e, we first find the inverse of the
matrix on the left hand side. Once we get these values we next
go in for the symbol error correction. It may be emphasized
here that R-S codes does whole symbol correction whether
there is single bit error in the symbol or multiple bit errors. The
values of these error codes are modulo 2 added with the
symbols at the corresponding locations which remove the
errors.

Similarly, MBDK invokes Xilinx ISE foundation to compile
the VHDL codes into FPGA configuration file “.bit”. These
files are then burnt onto the DSP and FPGA respectively and
the system becomes operational in real time. All the designs
described in this paper are composed of two parts, a front-end
model which is also called DSP model, and a back-end model
also called FPGA model.
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MBDK

Matlab / Simulink

A 4

Real Time Workshop
(DSP Model)

System Generator
(FPGA Model)

v

C Codes

BSDK

v

VHDL Codes

'

Code Composer Studio

A

DSP executable file (.out)

'

Xilinx ISE Foundation

A

FPGA Configuration file (.bit)

Figure 3. The Model Based Design Methodology
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Figure 4. The Transceiver Architecture

The Transceiver architecture is illustrated in Figure 4 below.

The Back-End Model of the Transceiver

The back-end model

is the one where all the baseband

processing is performed. This model is illustrated in Figure 5

below.

From the Figure 5 above it is clear that the data is received at
the VPSS (VPBE-RX) from the front-end. After the chunks of
16-bit words are received they are fed to the RS (7, 3) coder
sub-system which is illustrated in Figure 6 below. From the
Figure 6 we observe that there are two R-S (7, 3) coders
working in parallel for the 16-bit word which is fed to this sub-
system. This 16-bit word is broken up into two 8-bit words
which are fed to each coder. Here to the 8 bit word a dummy
bit is added to make it 9-bit word.
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This constitute the three 3-bit symbols for the R-S (7, 3) coder.
The additional four symbols are calculated as described in
section III above. To each of the seven symbols thus generated
of three bits each, a dummy bit is added to make them 4-bit
symbols. Hence, in all there are 7 dummy bits added and this
comes out to be a code-word of 28-bits.

To this another four dummy bits are added to make it a 32-bit
word. This is performed for the two RS coders and adding
together we get a 64-bit word. This is then passed through a
parallel to serial converter which gives out chunks of 2-bit
words. This is then fed to the Modulator sub-system. The
Modulator sub-system is depicted in Figure 7 below.
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In1 Outt
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Figure 5. The Back-End Model or the FPGA Model of the transceiver
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Here the bit input is fed to the MUX block which outputs either
+1 or -1 for the 0° or180° phase shifts. This is then multiplied
with the cosine or sine wave generated by the direct digital
synthesizer, sample by sample, to give the effect of modulation.
If the multiplication is with +1 then there is no change in phase
of the sine (cosine) wave. If the multiplication is with -1 then
there is the phase shift of 180° for that bit duration. The output
from the sine (cosine) modulator is fed to two DACs
respectively. After the DAC the output is fed to the IF section
for frequency up-conversion and finally fed to the RF section
for transmission.

The signal transmitted is RF loop backed to the receiver
antenna on the same platform where it is passed through the RF
and IF blocks for frequency down-conversion. Then it is fed to
the ADC for demodulation. The demodulator block is
illustrated in Figure 8 above.The signal input to the ADC is fed
to the sine (cosine) de-modulator after which it is fed to the
sampled matched filter for sine (cosine) waves. The
demodulator consists of the direct digital synthesized sine
(cosine) signals of the same frequency as that generated in the
modulators and a multiplier where the signal is multiplied with
the direct digital synthesized sine (cosine) signals.
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This is then fed to the sampled matched filter which is matched
to the sine (cosine) signals. The algorithm for the sampled
matched filter is descried below in Section VI. The R-S
decoders is illustrated in Figure 9 below. From the Figure 9 we
observe that the 64-bit word input to this sub-system is broken
up into two 32-bit word and given to the two R-S (7, 3)
decoders. From this the most significant four dummy bits are
stripped off. Again from each of the seven 4-bit words, the
most significant bit is stripped off which forms 7-symbols of
the R-S (7, 3) codes. The process of decoding is applied to this
word and we get the 8-bit word at the output of each decoder.
These two 8-bit words are concatenated into a single 16-bit
word which is passed onto the VPSS (VPBE-TX) block. This is
the interface between the FPGA and DSP models. The 16-bit
word is received at the front-end where it is passed onto the
CODEC for Digital to Analog conversion which is passed onto
the speakers, which are connected to line-out jack of the data
processing module of the model based development platform,
for listening.

Sampled Matched Filter Detector

Since each of the basis functions ¢, (t)ande,(t)(sine &
cosine respectively) is assumed to be zero outside the interval
0 <t <T.Here T is the bit duration. Consider, for example, a
linear filter with the impulse responseh;(t). With the received
signal x(t) used as the filter input, the resulting filter output
y;j(t) is defined by the convolution integral [11]:

yi®) =[_ x@ht-vdr (24)
Suppose, we now set the impulse response
h](t) = (p] (T - t) .............. (25)

That is the matched filter impulse response is a time reversed
and delayed version of the basis function (sine or cosine). Then
the resulting filter output is

yi©) = [ x@e@;(T — t +1)dt

Sampling this output at time t = T, we get

0

yi(M) = [ x(De;(0)dr......co
Since @;(t) is zero outside the interval 0 < ¢t < T, we finally
get

(1) = [ x(1)g;(1)de

Now this is the solution for the analog matched filter. Coming
to the sampled matched filter, the basis functions can be written
as @,(n)andg,(n) respectively for sine and cosine signals
generated by the direct digital synthesizers in the SDR
baseband section. The optimal matched filter has the impulse
response given as h;(n). The resulting output, y;(n) is defined
by the convolution summation given as:

yi(n) = X x(m)hj(n —m)

For the matched filter matched to the basis functions, the
impulse response of the matched filter is time reversed and
delayed version of the input signal and assuming that the basis
functions are zero outside the interval 1 < n < N, where N is
the number of samples in one bit duration. Hence,

hi(n) =@;(N—-n) L (30)
Hence, the Equation 29 can be re-written as

yi(n) = Yh—ix(m)e;(N —n+m) ... (31)
Sampling the filter output at n = N we get,

yi(N) =Xh - x(m)e;(m) e (32)

Hence, the filter gives maximum output when sampled at n =
N. Thus, the output SNR is greatly enhanced by the use of
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matched filter. This operation is performed for both the In-
phase and Quadrature components of the input signal taking the
basis functions, cosine and sine, respectively.

SIMULATION RESULTS

The simulation results of the transceiver taken at the back end
model is illustrated in the Figures below.
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Figure 10. In-phase TX Bits
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Figure 11. In-phase RX Bits

<) Ipga_qpskiSine_TX/Veclor Scope5 g@l@l
u

File  Axes Channels ‘Window Help

2

0.5

Amnplituce

.56

5
0 100 200 300 400 500 0 700

i e haln
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Figure 13. Quadrature-phase RX Bits

From Figures 10 and 11 we observe that the transmitted and
received bit stream perfectly match except for a small latency
in the received bit stream. Similarly from Figures 12 and 13 we
observe that the transmitted and received bit stream perfectly
match except for a small latency in the received bit stream.

Real Time Results
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Figure 14. Real Time RX waveform
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Figure 15. Real Time TX waveform
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Figures 14 and 15 illustrates the real time received and
transmitted waveform respectively. The transmitted and
received waveform match except for some amplitude changes
and certain latency. The frequency domain results is illustrated
in the Figures 16 and 17 below.
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Figure 16. Frequency Domain RX waveform
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Figure 17. Frequency Domain TX waveform

From the Figures 16 and 17 it is clear that the frequency
domain real time results for the TX and RX waveforms match
each other.

Conclusion

The system described in this paper is realized successfully by
using the channel coding in the form of R-S (7, 3) coding and
decoding. The detection is performed by using sampled
matched filter which greatly enhances the SNR at the output of
the sampled matched filter. The results are taken for the
simulation as well as the real time. The simulation result taken
at the back-end of the transceiver perfectly match the
transmitted bit stream as compared to the received bit stream.
The real time result are taken both for time and frequency
domain. The time domain results match except for some
amplitude changes and some small latency. The frequency
domain results match each other.

The advantage of the sampled matched filter is to enhance
considerably the SNR at the output of the filter just before the
threshold detector.
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