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Abstract

Nowadays information is transmitted over the air in a multitude of standards
(different modulation formats and various protocols). Each of these standards
requires a different hardware and software setup. Software Defined Radio (SDR)
brings together standardized hardware with the possibility to define its behaviour
with software. Therefore, SDR greatly reduces the effort needed to apply a new
standard.

The objective of this diploma thesis was to set up and implement a SDR which
allows each telecommunication student of the Technical University of Vienna to
experiment on actual radio transmission in the laboratory course Labor Mobilfunk.
Students can easily alter the parameters of the radio link. By means of the results
obtained, students can further their skills and knowledge in the area of mobile
communications.

In this thesis a complete radio link was set up using dedicated SDR hardware
and ordinary personal computers with audio soundcards. A transmitter and a
receiver were developed in MATLAB with special focus on the user interface. The
software operates in real-time using block processing. Furthermore, data packet
detection and synchronization at the receiver side were implemented for pulse
amplitude modulation.
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Chapter 1

Introduction
z(t) s(t) 5(1) z(t)
— | Transmitter ——»{ Channel ———®] Receiver }——p
b; Bz

Figure 1.1: Components of a communication system.

Any communication system consists of the three basic components [1] (see
Figure 1.1):

e The Transmitter transforms the analog information signal z(t) or the digital
data sequence b; into an analog signal waveform s(t), that is suited for
transmission over the channel.

e The Channel is the physical medium that carries the transmit signal s(t)
from the transmitter to the receiver. The channel i.e. distorts the transmit
signal in various ways.

e The Receiver processes the corrupted signal waveform §(t~) and transforms
it into an analog signal Z(t) or a digital data sequence b;, which will be
hopefully not too different from the transmitted one.

In a digital communication system, parts of the transmitter (like source cod-
ing, channel coding, ...) and of the receiver (like detection, decoding, ...) have
to be implemented in software. The realization of the whole transmitter and re-
ceiver in software is called Software Radio (SR). Figure|1.2 shows a block diagram
of a communication system implemented as a [SR.

The [SR-transmitter processes the digital information stream b; to the digital
representation s[n] of the desired analog signal s(¢) via a Digital Signal Processor

(DSP). The final conversion to the analog domain will be done by the Digital to
Analog Converter (DAC).
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Figure 1.2: Concept of a Software Radio.

The SR-receiver converts the received analog signal §(¢) by an Analog to
Digital Converter (ADC) to the digital representation §[n]. This signal will then
be processed by an other DSP to a received digital information stream b.

The advantages [2] of the SR concept are

e any modification of the implementation can be very easily done (except
hardware modifications).

e a software update can be done over the internet (or other networks). This
will be cheaper than an update by a professional who has to come on-site.

e the introduction of standardized hardware platforms. This will increase the
exchangeability between different manufacturers.

The main disadvantage [2] of this concept will be an extremely high power con-
sumption compared to a conventional approach for a high frequency signal s(t),
as used in mobile communication systems (like in Universal Mobile Telecommu-
nication System (UMTS) or Global System for Mobile Communications (GSM)).
Processing of such a signal requires fast ADCs, DACs and DSPs. This yields to
very high power consumption, which will be

1. unpractical for battery powered equipment, like a mobile phone, because of
the shorter operation time, and

2. expensive, because of the increasing energy price

To take advantage of the SR-concept and to minimize the disadvantages, the
Band Pass (BP))-signal of high frequency s(¢) will be downconverted by hardware
to a much lower Intermediate Frequency (IF) fir and the software processing will
be done on this signal. This is called Software Defined Radio (SDR). A SDR|
reduces the requirements on the DACs, [ADCk and [DSPs and yields to a lower
power consumption [3].

BB—BP transformation Many practical channels do not support transmis-
sion of a Base Band (BB)-signal. Therefore a BB-signal has to be transformed
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(a) BB—BP (b) BP—BB

Figure 1.3: BB—BP and BP—BB transformations.

into a suitable BPlsignal. This is shown in Figure 1.3a2. spp(t) will be a com-
ple BB-signal
spp(t) = s1(t) + Jsq(t) (1.1)

where si(t) is called the Inphase (I) component and sq(t) the Quadrature (Q)
component of the BPtsignal spp(t) [1].

WBp = 27TfBP

will be the center frequency of the BPLsignal.

BP— BB transformation The transformation from the BP-signal $gp(t) to
the BB-signal Sgg(t) is shown in Figure [1.3b. The Low Pass Filter (LPF) sup-
presses the undesired frequency band [1].

1.1 Communication System Overview

Figure [1.4 depicts the SDR communication system which has been developed in
this diploma thesis. It further lists the desired frequency bands.

This diploma thesis will focus only on the Base Band Pulse Amplitude Modulation

(PAM) computing and the BB—IF and [F—BB realization at the transmitter
and receiver. The [F—RF and RF—IF realizations already exists.

1.1.1 The SDR-Transmitter

As shown in Figure 1.4 the SDR-transmitter implements a heterodyne conversion
concept [3].

'® indicates a multiplication in figures
2@ indicates a sum in figures
3indicates by double lines in figures
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Figure 1.4: Overview of the communication system to be developed.

A computer generates a complex [BB-signal sgg(t) that will be fed into the
first mixing stage. This stage converts the BBtsignal up to a IF-signal sip(t) with
the center frequency fir.

At the second mixing stage the[IF-signal sip(¢) will be finally upconverted to
the desired Radio Frequency (RF)-signal sgp(t) with the desired center frequency
frr-

At the end of the transmitter, the RF-signal will be fed to an antenna to be
transmitted over the given channel.

1.1.2 The SDR-Receiver

The ISDR-receiver also implements a heterodyne concept [3].

An antenna receives a BPrsignal Sgp(t). At the first mixing stage the RF-
signal will be downconverted to the TF-signal $ip(t) and at the second stage
the TF-signal down to the complex [BB-signal spp(t). Further processing of the
complex BB-signal will be done on a computer.

This diploma thesis will focus only on PAM as computing and the BB—IF
and [F— BB realization at the transmitter and receiver. The [F—-RF and RF—IF
realizations already exists.
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1.2 Outline of the Thesis

The next chapter gives a theoretical overview of a base band pulse amplitude
modulation transmission over a given channel.
Chapter (3 deals with the hardware used for the system implementation.
Chapter 4/ discusses the software realization of the [PAM| transmitter and re-
ceiver shown at Chapter 2.



Chapter 2

Baseband Pulse Amplitude
Modulation

The dependence of sgg(t) to the information bits b; to be transmitted is called
digital modulation. There are various possible types of modulation (e.g. Pulse
Amplitude Modulation (PAM), Frequency Shift Keying (FSK), Minimum Shift
Keying (MSK), Gaussian Minimum Shift Keying (GMSK), Orthogonal Frequency
Division Multiplexing (OFDM)), but this thesis deals only with the [PAM.

Section 2.1 discusses the elementary structure of a PAM| transmitter.

Section 2.2 shows the model of the transmission channel.

Section 2.3 discusses the elementary structure of a[PAM| receiver.

2.1 The PAM Transmitter

Sk1 pulse s1(t)
—»{ shaping
filter
b; € {0, 1} Sk (t) SBB(t)
——— | Coder g —

Sk,Q pulse sq(t)
——»»{ shaping
filter

g(t)

Figure 2.1: Elementary PAM transmitter.
An elementary transmitter for a as shown in Figure (2.1 consists of the
following components [1]:

Coder: The coder maps the incoming bit sequence b; into a sequence of complex-
valued symbols
Sk = Sk1+ JSkQ- (2.1)

8
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This is done by dividing the bit sequence into blocks of [-bits and mapping
each block onto a symbol s, taken from an complex-valued Mg-ary alphabet
A= {3(1)’ s@ ... ’S(Ms)}’ where

s = 5t 4 gl (2.2)

is the m-th symbol of the alphabet. The symbol rate becomes

Ry,
Ry = l L (2.3)

Pulse shaping filter: The pulse shaping filter defines the behavior of the trans-
mission. The symbol components s;1 and s;q are passed through these
real-valued Linear Time Invariant (LTI) filters with impulse response g(t).
Hence the real-valued [I- and |Q-components become

K
81<t) = SkE19 (t — kTsym) (24)
k=1
K
sq(t) = Z $5,Q 9 (t — kT sym). (2.5)
k=1
Equ. (2.4) and Equ. (2.5) inserted into Equ. (1.1) yield to
K
sp(t) = Y sk g (t — kTiym). (2.6)
k=1

To obtain a valid PAM! signal spp(t), the pulse shaping filters have to be
equal for both components and real.

2.2 The Channel

npp(t)

SBB (t) Channel SBB (t)
filter >

cpB(t)

Figure 2.2: Representation of the equivalent BB-channel.

Figure 2.2 shows the equivalent BB-model of the channel used for the PAM
transmission. The output of the channel Sgg(t) can be derived as!

§BB(t) = (SBB * CBB) (t) + nBB(t). (27)

L(- % -) denotes the convolution
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For a [BP-transmission the real valued channel filter cgp(t) and the real
valued noise signal npp(t) can be transformed [1] via the BP — BB transforma-
tion to the compler BB-channel filter

CBB (t) — CBp (t) - 2 cos (prt) — CBP(t) - 2sin (prt) (28)
and to the complexr valued BB-noise
nBB(t) = CBP(t) . \/§COS (U)Bpt> — CBP(t) : \/§sin (prt) . (29)

The BP-channel noise will be assumed as a random process Npp(t) with Power
Spectral Density (PSD) Sngp (jw). ThePSD for the equivalent BB-noise process
becomes

SNBB (Jw) =2 SNBP (](w + WBP)) . (2'10)

2.3 The PAM Receiver

5BB(t) Rf"elcteive q(t) L Q[/{] Decision e A BI e {0’ 1}
" 1ter _
f(t) t — kTSyrn device :> DeCOder —>

Symbol-rate
sampler

Figure 2.3: Elementary PAM receiver.

Figure[2.3 shows an elementary receiver for a [ PAM in baseband. It consists
of the following components [1]:

Receive filter: The LTT receive filter filters the received PAM signal $gg(t) with
the in general complez-valued impulse response f(t). It is called Matched
Filter (MF), if the Signal to Noise Ratio (SNR) of the output signal ¢(t)
will be maximized. This is the case if f(t) satisfies the constraint?® [1]

Jup(t) = Uh™(—t) (2.11)
where U is an arbitrary complex factor and
h(t) = (g * cpp)(t) (2.12)

will be the complez-valued so called received pulse comprising the real-valued
pulse shaping filter g(¢) and the complex equivalent BBrchannel response
cpp(t). The combination of pulse shaping, channel and receive filter will
result in the overall pulse

p(t) = (g*cp* f)(t) = (h* f)(t). (2.13)

2h*(t) denotes the complex conjunction of h(t)
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The output signal ¢(t) can be derived to

at) = 3 sk p (t — KTygm) + 2(1) (2.14)
where
2(t) = (nx () (2.15)

is the filtered channel noise.

Symbol-rate sampler: The symbol rate sampler samples the output of the re-
ceive filter ¢(t) with a sampling rate equal to the symbol rate

Q[k} =q (kTsym + TO) . (216)

To is a time offset accounting from the delay introduced by the pulse shaping
filter g(t), channel cgp(t) and receive filter f(¢). If the time offset will
be neglected (790 = 0) and an infinite sequence of transmitted symbols s
(—oo < I < 00) will be assumed for Equ. (2.14), Equ. (2.16) becomes

oo

Q[k’] = Z slp(kTsym - lTsym) + Z(kTSym)
l=—00
= Z siplk — 1] + z[k]
l=—00
= > si_uplv] + 2[K] (2.17)
= Sk p[O] + (\Sk71 p[l] + Sp_9 p[Q] 4+ +
desired symbol past s‘yrmbols
+ sk p[=1] + sppap[=2] + - + 2[K] (2.18)

future symbols

Equ. (2.18) shows, that g[k] depends not only on the desired symbol s; but
also on the past symbols si_1, sp_o, - - - and the future symbols sy 1, Sgio,- - .
This is called Inter-Symbol Interference (IST). TSI can be avoided if the sam-
pled overall pulse plk] satisfies

1 k=0

mw@azamz{Ok#o (2.19)

Such pulses p(t) are called Nyquist pulse.

Decision device: The decision device decides for each sampler output g[k] on
a “detected” symbol 5, € A. The decision was correct, if 5, equals sy,
otherwise a symbol error has occurred. The number of wrong decisions will
be minimized, if the[SNR of ¢[k] will be a maximum and hence a MF has
to be used as receive filter.
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Decoder: The decoder inverts the encoding operation (bits — symbol mapping)
done by the coder of the transmitter (see Section 2.1).

Chapter 4] discusses the real-time software implementation of the PAM trans-
mitter and receiver.



Chapter 3

The SoftRadio Hardware System

This chapter describes the hardware system and the components used behind the
implementation of the BB — IF and IF — BB transformation introduced in
Section |1.1.

Soundcard spa(t) SDR-1000 SDR-1000 spa(t) Soundcard
Line-Out ~=> 1/Q-In J— 5rr(t) I/Q-In <~= Line-Out
spp(t) HF f— —IuF 5pB(t)

Line-In [«@——= I/Q-Out 5rr(t) sr(t) 1/Q-Out =—={ Line-In
IEEE-1284 |—<—p»| IEEE-1284 IEEE-1284 le——<— IEEE-1284
PC Transceiver Transceiver PC

(a) SDR-Transmitter (b) SDR-Receiver

Figure 3.1: The SoftRadio hardware system.

Figure 3.1 illustrates the hardware system for the software implementation
SoftRadio described in Chapter 4. There is no difference in the hardware con-
figuration between the SDR-transmitter and -receiver, since the SDR-1000 is a
transceiver. Therefore each [PC/SDR-1000 combination can operate either as a
transmitter or a receiver.

3.1 The Personal Computer

The exchange of the I- and Q-signals between the Personal Computer (PC) and
the transceiver SDR-1000 are realized via a conventional audio sound card. The
stereo signal (the left and the right channel) of the audio sound card will be used
as I- and Q-signals.

The functions of the SDR-1000 are controlled through the IEEE-1284 compli-
ant parallel port of the PC.

13
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3.2 The Transceiver SDR-1000

The transceiver SDR-1000, designed by FlexRadio [4], will be used for the im-
plementation of the BB — IF upconversion at the SDR-transmitter and the
IF — BB downconversion at the SDR-receiver of the overall system depicted in
Figure 1.4.

The transceiver SDR-1000 implements a 0 Hz to 65 MHz general coverage
receiver with 1 W transmit capability on all licensed amateur radio bands.

RX-HF RX-BB
+25dB +20dB

o D | Tayloe [ D > 31(t) 1/Q
G5 I | g R O

§IF(t) : RX RX : ; : RX RX : ; : RX o\:
HF J “e=={ BPF |2~ LPF :-/O Nl - = DDS IEEE-1284

sir(t) QX TX O QX TX O X O
ATTN 4.
-10dB E fIF

L | q |l Tayloe [* ] q — s1(t) 1/Q
QE | Nlosqiy |
TX-HF TX-BB
+20dB +6dB

Figure 3.2: Block diagram of the transceiver “SDR-1000".

The block diagram shown in Figure illustrates the BB — BP and BP —
BB transformation realized at the SDR-1000. The TX/RX switches (controlled
by the PC via the parallel port) select either the up- or the downconversion mode.
In Figure 3.2 the downconversion mode is selected.

For the downconversion the received BP}signal §ig(t) at the HF-input will be
first filtered by a Band Pass Filter (BPF) followed by a LPF to suppress the
out of band noise. The bandlimited signal will then be amplified by the RX-
HF amplifier. The amplified signal can be attenuated by —10 dB (controlled by
the [PC) before it gets to the Tayloe Quadrature Sampling Detector (QSD). The
Tayloe detector performs the actual downconversion of the BP-signal (for details
see Section 3.2.1). Controlled by the [PC, the Direct Digital Synthesizer (DDS)
generates a carrier signal of 4- fir for this conversion (for details see Section[3.2.2).
At the end the I- and Q-signals 3(t), 5q(t) can be amplified via the RX-BB
amplifier.

At the upconversion the I- and Q-signals si(t), sq(t) will be amplified by the
TX-BB amplifier before it gets to the Tayloe Quadrature Sampling Exciter (QSE).
The Tayloe exciter generates the BP-signal of the given I- and Q-signals (by means
of the carrier of the/DDS). The BP-signal can then be attenuated by the —10 dB
attenuator. It will be filtered by a LPF followed by a BPF before it gets to the
TX-HF amplifier and the High Frequency (HF)-output.
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At the SDR-1000 the BPF can be chosen out of 6 different filter implementa-
tions and the LPF out of 9 different filters respectively via the PC.

Due to the design of the transceiver, it is however impossible to realize a full
duplex connection.

3.2.1 The Tayloe Detector

Figure 3.3: Schematic of a tayloe detector.

Figure [3.3 illustrates the single-balanced Tayloe detector [5, 6] used for the
BP — BB transformation at the SDR-1000 (see Figure 3.2).

The Tayloe detector realizes four filtered sample and hold circuits [7] (resistor,
switch, capacitor and amplifier). The switch rotates at four times the sampling
frequency fiample. If

fsample - fIFa (31>

then the received, bandlimited BP-signal $jp(t) will be sampled at the phases 0°,
90°, 180° and 270°. Sampling the signal Sir(t) with the spectral representation
Sir(jw) at the frequency fample results to

S(jw) = ——

Z S’IF(j(w —m:- Wsample)) (32>

sample M——o0

where Spp (j(w—m - Wsample)) are called aliases of the signal 51p(t) (see Figure|3.4)
[8]. If Equ. (3.1) is satisfied, the alias m = —1 appears at 0 Hz (= BB}signal).
The resistor R; and each capacitor C' form a LPF that suppresses all the other
aliases.

The I-component 51(¢) will be generated by differentially summing the samples
of 0° and 180° and the |Qfcomponent by summing the samples of 90° and 270°
respectively.

Such decoders are also called Quadrature Sampling Detectors (QSDs).
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S(jw) o Aliases m —
1 SIF .](W - Wsamplc ~IF (]W) SIF (j (w + wsamplc
T > W
0 (WIF - wsample Wsample 2 Wsample WIF + wsample)
S(jw)
SIF w — wsample)) SIF (]w) SIF W + Wsample))
1 e \
T \
sample /l \“
’ \
0 1
1 T 1 > w
0 WIF 2 wir

Figure 3.4: Aliases due to sampling a signal.

The main advantage of such a homodyneﬁ receiver over one with a heterodyne
concept is that an image frequency signal does not appear in the BB-signal [3].

The main disadvantage of the Tayloe detector is that the switches must be
switched at four times the carrier frequency of the BPtsignal.

With little modifications, the Tayloe detector can be also used for the upcon-

version (QSE]) as depicted in Figure|3.5.

4- f sample
~

s1r(t)
BPF —»

Figure 3.5: Schematic of a Quadrature Sampling Exciter.

3.2.2 The Direct Digital Synthesizer (DDS)

For the BB — BP and BP — BB transformation (see Figure 1.3 and Fig-
ure 1.4), the Trcarrier
V2 cos (wipt)

'the [BP-signal will be translated into the [BBlsignal without using an [IF stage (see Sec-
tion[1.1.2
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and the Q-carrier

— \/§ sin (wIFt)

will be provided by the quadrature DDS AD9854 by Analog Devices [9]. To avoid
crosstalk between the I- and Q-components s;(¢) and sq(t) at the BPrsignal sip(t),
a frequency- or a phase offset between the two carriers must be prevented [1]. This
can be achieved very easily with a DDS.

Direct Digital Synthesis is a technique using digital data processing to gener-
ate a frequency- and phase-tunable output signal referenced to a fized-frequency
precision clock source [10]. ADDS can be implemented as shown in Figure [3.6.

reference - phase o| sine » DAC » pF
clock accumulator N-bi lookup
“bits f out
fer M PROM '

Figure 3.6: Block diagram of a DDS.

A Programmable Read Only Memory (PROM)) is used as a sine lookup table,
which stores 2V samples of a complete cycle of a sinewave. The phase accumulator
is a counter that increments its stored number by M each time it receives the clock
pulse from the reference clock. Therefore every M-th sample will be addressed at
the sine lookup table by the phase accumulator and presented to the DAC. This
results to a analog sinewave of frequency

M- f.
fout:%-

To get a continuous sinewave, the phase accumulator overflows. A phaseshift can
be realized by changing the start value of the phase accumulator. The precision
of the generated sinewave depends on

1. the number of samples 2%V in the sine lookup table, and
2. the precision of the clock.
Changes to the value of M in the [DDS architecture results in immediate and

phase-continuous changes in the output frequency.

The next chapter discusses the software part of the transmitter and receiver
realized by the program SoftRadio.m written in MATLAB.



Chapter 4

The Software Implementation
SoftRadio

This chapter discusses the implementation of the software part of the transmitter
and receiver of the communication system introduced in Section 1.1.

It will be realized by the program SoftRadio.m written in MATLAB. The
following features are implemented:

o a real-time PAM transmitter and a real-time PAM receiver

e several real-time transmitting data symbol sources

e miscellaneous|PAM symbol constellations (Binary Phase Shift Keying (BPSK)),
Quadrature Phase Shift Keying (QPSK)), Quadrature Amplitude Modula-
tion with a symbol alphabet of n (nQAM))

e different pulse shaping and receive filters (rectangle and Root Raised Cosine

(RRC))
e a Graphical User Interface (GUI)
e the controlling interface to the SDR-1000

4.1 Introduction

The real-time software implementation of the PAM transmitter and receiver in
MATLAB, as described in Chapter 2, yields to the following realization concept:

e For an efficient generation of a continuous, discrete-time signal
I‘U] = x(lTsample) — o0 S { S 0

a signal generation algorithm will be executed periodically. This algorithm
produces a N-samples signal block

2l n) = (a]i-N+o, z[i-N+o+1], zli- N+0+2], -+, zli-N+o+(N—1)))

18
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of z[l], where i > 0 indicates the signal block index, 0 < n < N the time
index of xx and o the offset between z[l] and the starting index of the first

block $1{\10} [n] (see Figure4.1).

2 2[(i = 1)N 4 o] = 2 (0]

o
—0
——0
—90
——
——o
—o
_0

I O B O I s

Figure 4.1: Decomposition of a continuous signal into signal blocks.

e The digital signal processing of a signal x[l] has to be adapted to a periodic
processing of the current signal block xl{\f } [n] and the previous (stored) blocks
wl{\f*l} [n], xl{\fﬂ} n], -, ml{\f ~“}n]. This is accomplished for example by the
filtering via the overlap & add or overlap & save method!.

4.1.1 The Overlap & Add Filtering Method

x[l] yll]
—> hNh [n] >

Figure 4.2: Filtering of a continuous signal.

This method implements the filtering of a continuous discrete-time signal z[{]
with a Finite Impulse Response (FIR) hy, [n] of length N,

y[l] = (= hy,)[{] —0<Il<oo (4.1)

(depicted in Figure [4.2) as periodic processing of the signal blocks xl{\f} [n] and
xl‘{\ffl}[n] [8] (see Figure 4.3).

Figure 4.4a shows z[l] composed of :z:l{\f 71}[71] and a:l{\f} [n] (for simplicity :cg} [n]
and xl{\f*l}[n] have been chosen equally and constant). Figure 4.4b depicts the

Loverlap & save will not be discussed
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xl{\lz} [n] yIETZJ}rNh [n] Overlap ylilz} [TL]
—> N f—— & —>
Add

Figure 4.3: Overlap & Add filtering method.

filter impulse response hy,[n] of length N}, and Figure [4.4c the result y[l] of

Equ. (4.1).
At the processing of the i-th signal block, filtering of xl{\f} [n] with the FIR
hx, [n] results to

vl = @« b)) 0<n <N+ N, -1, (4.2)

a signal of (N + Vy,) samples (see Figure [4.4d). The concatenation of yiﬁ}& [n]

and y&J . [n]

~ i—1
9ll) = (W [l i, )
(see Figure 4.4e) is not equal to y[l], due to the N, samples of yN+N [n] and
yif +1}1} [ ] This inconsistency can be ehmlnated by overlapping the last Ny, samples
of yN +N [ | with the ﬁrst samples of yN 1, [7] (depicted in Figure 4.4f).
To get a valid y [ |, the first N}, signal samples of yN in, ] have to be

corrected by adding the last N}, samples of yy +Nh[ n] and the last Ny, samples
have to be suppressed. They are stored for the processing of the (i + 1)-th signal
block (see Figure 4.4f,g).

{i} {1}
i YNy, (O] Ynany, (Ve — 1]
yfm(( i) (o s oy W ol ¥ 1

TYNNL [V] TYNIN, [N + N —1]
(4.3)
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{i— 1}[

<;$N

(a) ????????????????????

—————————— N-10

(©) i n@@@?????????????????@@@m

0

2N+Ny—1
y1£11+1\111}[”]
(d) (i} m@@?????????@@m
yN+Nh[ ] N+N,~1
<~ il = Wil ————
(e) gll] in@@????????q}@@mn@@????????@@@mi
1 N+Ny, — 1 0 N+Ny—1
0 1 2(N+Ny )- 1
-~ IEI}Nh[n] -
SRR T :
QR 3m@@gﬁﬁ?ﬁﬁﬁiﬁ@@éiIIIIIimA%?
| - N+Ny-1| |
0 — Ny-1' Ny, n oo N+Ny, -1
0 1 2N+Ny—1
{i 1}[] {'}[n] | {H_l}[n]

<—?JN 4><; YN

(&) gu m@@@?????????????????@@@m

rrrrrrrrrrrr N10 o om o N0 N1

Figure 4.4: Signal Filtering of a continuous signal.
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4.2 The SoftRadio PAM Transmitter

Section 2.1] explained the elementary structure of a BB-PAM transmitter. Fig-
ure 4.5/ shows the modified real-time software structure of this transmitter, real-
ized by SoftRadio and performed for every signal block.

{i} {i} 1 {i} rerl {i}
ST apn[n] | pulse sy gy, [n]|overlay [si*7[n] SI(t)
»TOSF - shaping & » DAC || LPF |-»
filter add
{i} . INg [n]
data Sk’D channel Sil}
symbol = .
coding
source
{i} {i} Is sLi} lay |t} t
si'd ag ]| pulse fso vy, [n]] overlay |67 [n] S
L TOSF P shaping | & » DAC»| LPF —>Q
filter add
9N [7]

Figure 4.5: Blockdiagram of the BB-PAM transmitter realized by SoftRadio.

At the i-th signal block the following processing will be done:
The data symbol source generates a complex data symbol sequence

Sil]s—(sil]})a él})v"'asg}]ﬁ 1<k< Kp SkDEA (4.4)

of length Kp corresponding to the symbol rate Ryyy,. Kp will be equal for every
signal block. The channel coding adds further status symbols for the receiver

s =l sl ) 1<k<Ke sfea (4.5)

of length Kp to the data symbol sequence. Kp will again be equal for each block.
For more information about the channel coder and the format of this packet
header S,EZ,% see Section 4.2.2. The new symbol sequence

500 = (500 Shpb L Sigp Sibs Sib 0 Sihp)  LSASK (46)

g g

{i}

packet header s, 1, (i}

data symbols s, 1,

of constant length
K = Kp+ Kp (4.7)

is called symbol packet (depicted in Figure [4.6) and will be separated into the

I+ and |Q} symbol sequences SH , S}Eg (Equ. (2.1)). They will be processed at
identical function trees (see Figure[4.5), hence the description of the successional

processing steps will only be done for the Itsymbol sequence 5,‘2%’

Next, 3,?% will be upsampled to the sampling frequency fsample Of the shap-
ing pulse gy,[n] at the upsampler with the Over-Sampling Factor (OSF) (see
Section [4.2.1). The output of the upsampler

Zs{’}d (k—1)-OSF]  0<n<N-1 (4.8)
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of length
N = K - OSF (4.9)

will be filtered by the pulse shaping filter with the FIRI gn, [n] of length N, (0 <
n < Ny —1). The output of the pulse shaping filter becomes

K
S;@Ng 0] = (alYxg, ) 0] = > st gn, [n— (k—1)-OSF]  0<n < N+N—1.
k=1

(4.10)
Due to the fact that a}{ﬁ\}l [n] is a N-samples cutout of the much longer signal aj[n],

51{,331+Ng [n] has to be processed by an Overlap & Add stage (see Section [4.1.1).

The output of the Overlap & Add stage si{g [n] will be fed to the DAC and [LPF]
of the audio sound card to get the continuous-time PAM [I-signal si(¢) for the
SDR-1000 (see Figure 1.4).

{3}
P

' i—1 | i—1 ' |
:«sl{czp }*VH Sl{ch }—»4— Spp < S

i
Sk,D- . s1| 82| ----- SKp s1|s2| ----- SKp s1| sa| ——--- SKp

, | , | , | ,

| | | | | | |

| | | | | | |

: | : | : | :

) ! . !

Sk (51 52 |- |SKp|S1|s2| ----- SKDI51 52 |- |SKp|S1|s2| ----- SKDI51 82 |- |SKp| St s2| ----- SKD)
' ' ' '

|

1

DR P R M7

Figure 4.6: Symbol stream format transmitted by SoftRadio.

4.2.1 The Data Symbol Source

Figure 4.7 shows the blockdiagram of the data symbol source implemented in
SoftRadio. The user can choose among the following sources for the i-th symbol
packet:

Random Symbols generates a white random symbol sequence sg]}lrand with
user defined |[PSD '
Ss(ej 0) = So

of length Kp from the symbol alphabet A.

Incremental Symbols generates a periodic linear symbol sequence

(504

(Ms) (1) &(2) ...
sk,D,inC - )8 1§78

)

M) 1) @) gy

,o

of length Kp.
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S}
random k,D,rand
symbols

{i}

. S .
incremental | ~k,D;inc

aenent i» )
Y D

S} .
symbol k,D,patt
pattern ¢

{i}

Sk.D,file

file

Figure 4.7: Blockdiagram of the data symbol source implemented by SoftRadio.

Symbol Pattern generates a periodic symbol sequence of length Kp

{i}
Sk,D,patt - (Sk,pattern7 Sk,pattern; © ** 75k,pattern)
of an user defined symbol pattern, e.g.

Sk,pattern — (3(5), 3(3), 8(3), S(]ws_?’)7 S 3(1)).

File converts a file into I ackets data symbol sequences s,Ef]})ﬁle of length Kp.

For a valid multirate signal processing (Rsym & fsample), the symbol rate Rgym
must satisfy the condition

_ f sample

Hoym = OSF

fsample Tepresents the sampling frequency of the DAC at the transmitter or[ADC|
at the receiver (see Figure|4.5/and Figure |4.14 respectively) and OSF the integer
factor between Ry and femple- 1f the condition is not satisfied, OSF can be
determined by?

where OSF € IN. (4.11)

OSF = VﬂJ OSF € N. (4.12)
Riym

This will be the case at SoftRadio, where the value of fomple is constant and
the user is allowed to enter an arbitrary value Rgym user fOr Rgym. Hence the data
symbol source generates a symbol sequence at the symbol rate

Ry = —Jmwle (4.13)
_fsample
L Rsym,user J

which satisfies Equ. (4.11).

2| x| floor function (largest integer less than or equal to x)
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4.2.2 The Channel Coding

The major task of the channel coding of SoftRadio is to add status symbols to the
data symbol stream s p generated by the data symbol source (see Section 4.2).
The status symbols will be required at the SoftRadio PAM receiver.

The channel coding generates a sequence of status symbols 5131}} Each status

symbol sequence s,{ﬁ, depends on the corresponding s,ﬂ% The format of the status
symbol sequence (packet header) is depicted in Figure 4.8.

%
S]i}]; D1 ‘ T ‘KSync 1 ‘ """ ‘Klndex 1 ‘ T ‘KPackets 1 ‘ T ‘KvSym 1 ‘ T ‘KCRC
synchronization packet no. of no. of valid |
sequence index packets data symbols CRC

Figure 4.8: Format of the packet header used in SoftRadio.

Synchronization Sequence: Due to the time delay introduced by the channel,
the filters and the different clock oscillators at the transmitter and receiver,
the beginning of the symbol packet 5,{;} in the received signal samples 51{{} [n]
is unknown and must be detected at the receiver side (see Section|4.3). This
can be done by introducing a predefined symbol sequence
{i} ( {i} {i} S{i} ) 1<k< KSync (4‘14)

Sk,Sync = Sl,Synm SQ,Synm 7 2 Ksync,Sync
of length Kgyye, which identifies the beginning of the symbol packet SE}.
Therefore the synchronization sequence has been chosen equal for every
symbol packet
iy _ i1} i
Sk,Sync - Sk,Sync t
and is also known by the receiver.

For an easier detection, a pseudo-orthogonal synchronization sequence [11]
of only two symbols

Sk,Sync € {s(l),s@)} where s®) = —s()

from the symbol alphabet A will be used (for detailed information see Sec-

tion [4.3).

Packet Index: Every symbol packet gets an index ¢, to indicate the transmitted
packet order. This index will be increased for every new symbol packet, so
that the receiver can detect a packet loss.

The Packet Indez i will be coded into

= (s s s ) 1€k K (415)

1,Index> Index? Kindex,Index
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where

% = Si?lndex MSO + Sg,il}ndex ‘]\481 + Séfl}ndex M82 +oot S%I}ndex,lndex MS(KInde(x_l)‘)
4.16

Due to Equ. (4.16) the packet index can be
0 S 2 S (Msl{lndex _ 1) .

If more than MKmdex packets will be transmitted, i starts again at 0.

Number of Packets: The number of packets Ipaaets tells the receiver, how
many symbol packets have been transmitted for a finite data symbol stream

Sk.p = (SI‘E?[})’ 51{:]%7 cee S]E’I]gackets}) (4.17)

(like a file for example).

Ipackets Will be coded into

) {1} 0
Sk,PaCkets - (Sl,Packets? SQ,Packets’ T SKpackCts,Packets) 1 S k S KPaCketS
(4.18)

similar to the packet index 7 in Equ. (4.16).
7 always starts at zero at the beginning of a transmission.
An infinite transmission of data symbols (for example for a speech trans-
mission) is indicated by
Tpackets = 0.

Number of Valid Data Symbols: The number of valid data symbols K pata
tells the receiver, how many data symbols of the received packet are valid.
This will be required for the transmission of a finite data symbol stream

sk.p as in Equ. (4.17), where the last packet

{IPackcts} . ( {IPackcts} .. {IPackcts} {IPackets} . S{IPackets})
Sk7D - fl)D ’ ’ I(vDatam]:)7 \KvData'i'l:D ) KD>D
~~ ~~
last symbols of s p symbols to fill up packet

carries only K,p.;n data symbols, generated by the data symbol source.
The last (Kp — Kypata) Packet symbols do not carry any information, they
just fill up the packet. For the reason of simplification, SoftRadio does not
produce symbol packets of variable length K.

The Number Aof Valid Data Symbols Kypaia Will be coded similar to the
packet index ¢ in Equ. (4.16).

KvData =0

means, that all symbols of the packet are relevant.
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CRC: For a symbol error detection at the receiver, S,E%, sg%’ndex, sgl})ackets and

s,gfisym of a packet will be secured by introducing Cyclic Redundancy Check

(CRC) symbols.
The [CRC-value will be coded similar to the packet index ¢ in Equ. (4.16).

The second task of the channel coding is interleaving [12] of the data symbol
stream s;, p. Interleaving is used to protect the transmission against burst errors®

and to avoid long intervals of equal symbols. A symbol sequence of equal symbols

would result in a PAM-signal with Direct Current (DC)-offset, which cannot be
transmitted due to the [DC-suppression of the SDR-1000 and the audio sound
card. This has not been implemented yet.

4.2.3 The Graphical User Interface

Figure 4.9 shows the standard* Graphical User Interface of SoftRadio as trans-
matter. The multitude of functions are combined into several function blocks,
which are described in the following sections.

4.2.3.1 Digital Modulation

The Digital Modulation block (see Figure 4.10) controls the digital modulation
of the data symbol stream adjusted at the Data Symbol Source block. It defines
the symbol alphabet A and the symbol rate Rgy,.

Field 1 lets the user choose between the following possible symbol constellations
(i.e. alphabet A)

e BPSK,
« [QPSK,
e 16-QAM,
o 64-QAM,
o 256-QAM.
Field 2 lets the user choose, how he/she wants to specify the timing of the data
symbol stream. This can be done either by the
e Symbol Rate Rgyy, or the
e Symbol Period T4y, or the
e Bitrate Ry;.

3a corruption of successional symbols

“4for information about the advanced mode see Appendix, Section B
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Software Defined Radio SDR-1000
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Standard v

transmit  +

— SDR-1000

— Carrier & Frequency Band Selection

Carrier: 220000 \MHZ hd

Band:

— Signal Plot!
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— Symhbol Source

internal gererator v pattern v

0548215

Ampltuce: | 0.1

RESET

Figure 4.9: Standard GUI of the SoftRadio in transmit mode.

28

After entering an arbitrary value in textfield 1, SoftRadio determines the
nearest valid value for the multirate signal processing (see the determination

of the OSF in Section[4.2.1).

Field 3 lets the user choose between the following pulse shaping filters fx,[n]:

e Rectangle and

e Root Raised Cosine (RRC).
If RRC is chosen, textfield 2 appears and lets the user specify the

rolloff factor a (0 < a < 1) [1] of the filter.

4.2.3.2 Data Symbol Source

The Data Symbol Source block (see Figure4.11) controls the data symbol source
discussed in Section 4.2.1.
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Digital Modulation field 1
. 1 lo-0m v/

field 2

Symhbol Rate v G.5200) khaud

Symbnl Perind: 113 3787 us — textfield 1
field 3 Bitrate: 35.2600 khitis

Raized Cozine  |w Rolloff: 1 -~ textfield 2

Figure 4.10: The Digital Modulation GUI.

Symhbol Source fi
ield 5
field 4 T > |internal generator s | | pattern e—

645215 / textfleld 3
; Y~ textfield 4
Anplituicie: 041

Figure 4.11: The Symbol Source GUI.

Field 4 lets the user choose between an internal symbol generator or a file as
data source.

e For the internal generator field 5 appears and lets the user select
between
— random symbols SEI})Jand or
— incremental symbols sgl}lim or a

— symbol pattern s,{:]}) patt-

If the symbol pattern has been chosen, textfield 3 appears and lets
the user specify the actual symbol pattern sy pattern-

e For file textfield 5 (not depicted in Figure[4.11) appears and lets the
user specify the file location and name.

Textfield 4 lets the user enter the amplitude of the generated BB-signal (< 1).

4.2.3.3 SDR-1000

The SDR-1000 block controls the functions of the transceiver SDR-1000 (see
Figure [4.12).

Field 6 lets the user choose between transmit and receive mode of SoftRadio
and SDR-1000.
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SDR-1000

field 6
transmit V/

Carrier & Frequency Band Selection
) e field 7
Carrier: = 22000 MHz v

textfield 6 —

Band:
LP:

Mo

Figure 4.12: The SDR-~1000 GUI.

Carrier & Frequency Band Selection: This function block controls the car-
rier frequency and the filter selection of the SDR-1000. The value of the
IF-carrier will be defined by entering the base in textfield 6 and choosing
the exponential unit from field 7.

4.2.3.4 Signal Plots

The Signal Plots block controls the view of the implemented plots of the generated
transmit symbol/signal stream (see Figure [4.13). The following plot types are
implemented:

e symbol constellation plot of the transmitted data symbols s,{cf]}) ,
. . ) ] W )
e time domain plot of the generated [I- and Q-components s;¥[n], sgx[n]

(without the packet header),

o cye diagram® of I and ‘Q-components si{g [n], SS}N [n] (without the packet
header),

e PSD of the generated complex [BBtsignal

{i} {1}
I

s{[n] = si¥n] + jsikn).

The user can

e zoom in/out of the plots by means of the textfields,

®An eye diagram consists of many overlaid traces of small sections (in this case one symbol
period) of the PAM signal [1]
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Signal Plots
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Figure 4.13: The Signal Plots GUI.

e freeze the plot or plot the samples of the signal via the checkboxes,

e request the update of the plots (if they are frozen) by using the Refresh
Plot button.

4.3 The SoftRadio PAM Receiver

Section 2.3 demonstrated the elementary structure of a BB-PAM receiver. Fig-
ure 4.14] shows the modified real-time software structure of this receiver imple-
mented in SoftRadio and performed for every signal block.

The continuous-time I and |Q-signals 51(¢), Sq(t) from the SDR~1000 will be
filtered by the audio sound card antialiasing LPF 311p(t), SqLp(t) and digitized
by the at the sampling frequency fsample-

At the i-th signal block the following processing will be done:
The received N-samples cutout 531%[71] and 58%[71] of the/ ADC output §;[n| and
Sq[n] will be combined to the complex BB-signal samples 55} [n] and processed by

the packet detection. The packet detection detects the transmitted packets sl{\f} [n]
in the received samples 51{{} [n] (for further information about the functionality
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fsample

gI(t) 51,Lp(t) 51{}}1["]
—p» LPF —»| ADC |-

sli (i} al — {i} (i} i} tid
57l 357 n) . an-tN, (?]|sampling|ay ' [n — nol dy, - Sk SE.D
acket receive £ . decision channel
Ly 1% o . > point | lOSF =] K =7>
detection| filter detector device decoder
gl fsample — Rsym

5q(t) sq.Lp(t) sUL ]
—» LPF —» ADC |—

.fsample

Figure 4.14: Blockdiagram of the BB-PAM receiver realized by SoftRadio.

of packet detection see Section 4.3.1). Due to the fact, that N > N is chosen,
at least one symbol packet can always be detected. The output of the packet
detection results to

~{1 ~qi—T ~i—T 1 ~{i—2 ~{i—1 ~
0] = GY ™), s ), P ) S ), s ) (4.19)
where B
N

{l N}[ l {}[ ]

is the number of detected packets. Sy are the last V;, samples of the 5

packet received and processed at the premous signal block (i—1) (see Figure[4.15).

{}[] {}[ ).

Equally 5 are the first Ny, samples of 5

After the packet detection, 5 }[ | will be filtered by the receive filter with the
FIR fx,[n] of length N¢ (0 < n < Ny — 1). This filter reduces the noise to get a
higher [SNR! at the input of the decision device which yields to a lower decision
error rate. It will be a matched filter, if the channel can be assumed perfect,
which means

CBB(t) =Co (S(t - ’7'0),

and the impulse response equals to the pulse shaping filter

fneln] = U - gn,[n]
(see Section [2.3). The output of the receive filter

gl = (U el GE T il U o], G+ fw)ind)
= (g, NI, aboy Il s aistInd, ) ) (4.20)
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Figure 4.15: Data symbol detection.

will be processed at the sampling point detector. This detector detects the op-
timum sampling index ny on an interval of one symbol period Ty, to minimize
7o in Equ. (2.16)°. Tt also suppresses the Ny samples of gl{\fiNf [n] to avoid new

invalid symbols (see Section 4.3.2). The output of the sampling point detector

g —no) = (a&, ™ 1 =nal, & —nol, -+, " n—no), 4l [n—no))
(4.21)
will be downsampled at the OSFE downsampler. This yields the sequence
g = ¢MOSF - (k—1)] (4.22)
— (g, ™OSF - (k= 1)), -+, o VOSF - (k — 1)), g [OSF - (k ~ 1)])
i—T i—In+1 i1 i
= (QIEZP N}7 QI£ N }7 T QIE }7 Qif};,)u (423)

5The timeoffset due to the channel and transmit filter has been already eliminated by the
packet detection.
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where

1<k<K
1§klpSKlp
1§kfp§Kfp

(for the determination of the OSF see Section 4.2.1). The sampling point detector
and the OSF-downconverter realize the symbol rate sampler in Figure 2.3. Next,
the decision device decides for each sample qk —u of q{} a “detected” symbol
~{1 u} i—u} {i—u}

)

equals the transmitted s
i- u}

€ A. The decision was correct, if sk

otherw1se a symbol error has occurred. In SoftRadio for the decision of 5,

—u}

s(™ the symbol s with the minimum distance |qk — s(m) | to the sample

qii_“} will be used”. The output of the decision device
- i—T Ai—In+1 -1}y <
{ F= ( ]E:lp N}7 Sl{c Nt }7 B Sl{c }’ ]E’f}p) (424)

will be the detected symbol packets. The channel decoder merges the first part

§,£; In} (stored from the previous signal block processing) with the last part § kl In}
and stores sif} for the next signal block processing. Furthermore the packet
={i—u}

header §; " will be processed and removed. For more information about the
channel decoder see Section 4.3.3. The output of the channel decoder results to
the final detected data symbol sequences

~1 ~Ai—1T ~{1—2 ~{i—1
—IEI}D - <SIE:,D N}7 B IE,D }7 IE:D })' (4'25)

Figure|4.15 sketches the detection of the data symbol sequences 52% from the

received sample stream 50 }[ ].

The SoftRadio receiver does not implement an Ouverlap ¢ Add stage after

the receive filter since the detected packets 3{1 u}[ | of 3 1] [ ] are processed inde-

pendently. Therefore the Ny samples of the filter output qi& N [ | do not influence

the processing of the next packet qif +f\§j1}[n].
The SoftRadio receiver does not implement a channel equalization. This
could be added in the future.

"This detector is called Mazimum Likelihood detector [1]
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4.3.1 The Packet Detection

The packet detection detects the position ngyn. of the first sample of the first

~{Z IN+1}[0] {}[ ]

in the received samples s via correlation with the

{a}

k,Sync

packet header s

introduced by the transmitter (see Figure 4

and Figure[4.8). Therefore the known complex synchronization sequence s,g %ync

synchronlzatlon sequence s

SIE gg Sync receive ({Q}S [n]
—»{TOSF ¥ .0,
Rsym — fsample n j
Ine (] Piy iy i
Q,N’ Q,Sync
T> correlator f———»
5 [n) Sl '
| packetizer >
i ol
L~ p]correlator ——— po
(i} {3}
Sk,ISync receive *TSyne [n}

TOSF filter

Rsym — fsample fo [n}

Figure 4.16: Blockdiagram of the packet detector realized by SoftRadio.

has to be upsampled by the (OSF and filtered by the receive filter fy,[n] to get
the transmitted® PAM synchronization sample sequence for the I- and |Q-parts

KSync

st neln Z st s freln— (k—1)-OSF]  0<n < Kgype - OSF + Ny — 1

(4.26)
KSync

S;{Q}Sym[n] = Slgfg,Sync fx,; [n— (B —1) - OSF] 0 <n < Kgyne-OSF+Np—1
k=1

o (427)

(see Figure(4.16). Next, for the I-path, the I-components s{ }[ ] and sl{fs}ync [n] will

be correlated. The correlation function
— i} {4}
ps [l = 2_: 5150 - s18ymcln + 1) (4.28)

Sif f, [n]=gn, [0
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{4}

LSync/?] as a function of the time shift 7.

measures the similarity of Eﬁi [n] and s
For 1 = ngync a peak of maximum strength occurs due to

{a}

58 [nsync) = 5§ V0] = 5L o]

— “Sync
(for ngyne see Figure[4.15). For a precise and reliable detection of this peak, the
following requirements have to be satisfied:

1. only one peak of maximum strength should appear per packet 51{\; —u [n],

2. all other peaks of the correlation function should be under a certain thresh-
old py,

3. the synchronization sequence should be equal for all symbol packets 31{\f } [n].

ad 1.) If more maximum peaks appear, then the data symbol sequence S,Ef]}:)
(generated by the data symbol source at the SoftRadio transmitter) contains the
synchronization sequence S]E,%ync. The number of synchronization symbols Kgyne
determines the probability for the appearence of the synchronization sequence
in the rest of the symbol packet. For a appearance probability under a certain
threshold, Kgsyn has to be larger than a certain value. Kgyn. depends only on
the size of the symbol alphabet M, and the number of symbols K in a packet.
If the alphabet size M, grows, the number of synchronization symbols K. can
be reduced if the number of symbols K in a packet remains unchanged, and vice
versa.

ad 2.) This can be achieved by a pseudo-orthogonal synchronization sequence

s,ﬁisym of sufficient length. The autocorrelation sequence

o0

pﬂzg{i} - Z t§]ET%:SYHC ’ gl{cz—iﬁ,I,Sync (429)

LN
k=—o00

of a pseudo-orthogonal symbol sequence (scaled by the maximum value) results
to

1 1 k=0
p. iy =
Po gy LS <py K#O

I,Sync

(see Figure4.17). For the reason of simplicity, measuring tasks and scaling tasks,
in SoftRadio only two symbols

Sk.Sync € {s(l),s@)} where s = —s®)
from the symbol alphabet A will be used for the synchronization sequence.

ad 3.)
i3 _ -1} .
Sk;,Sync - Sk,Sync Vi
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Figure 4.17: normalized correlation sequence of the pseudo-orthogonal synchro-
nization sequence.

simplifies the detection of 5 b s e
The correlation streams of the [I- and |Q-components will be analyzed by the
packetizer. The packetizer decides the starting index ngyn. and creates the de-
tected packets
{i fi—T {i—In+1 {i—1 -
5\ ) = G4, Ml sl 8 (0] 5 ()

1 9N apr

from the received sample stream 5%} [n].

4.3.2 The Sampling Point Detector

In Section 2.3, Equ. (2.16) shows that ¢(¢) has to be sampled at the optimum
sampling point kT4, to obtain Equ. (2.18) and ¢[k] = s, p[0] in the case of an
ISI-free transmission.

The sampling point detector detects the optimum sampling point ng of gg} [n]
on an interval of one symbol period Tiy,. The optimum sampling point for
PAM will be the time index, where the eye diagram of ql{\f —ul [n] will be vertically
widest open [1]. Figure 4.18|shows the eye diagram of the I- or Q-component of
a QPSK and a 16-QAM raised cosme signal and the optimum sampling point ng
(x...indicates the samples of qN u n]).

The second task is to suppress the Ny samples of gl{\g’er [n]. The filtering of

587" n) with f,[n] of length Ni results to qif;fé}[ | of length (N + N;). Due
to the adjacent downsampling by the OSF, the ¢ samples would introduce new
samples into q,i “} and therefore new symbols to sk 1f N; > OSF.
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Figure 4.18: Eye diagrams of raised cosine PAM signals

4.3.3 The Channel Decoding

The major task of the channel decoding at the SoftRadio receiver is to process
the detected status symbols 5,2;“} added by the channel coding at the SoftRadio
transmitter. This header is depicted again in Figure 4.19!

1 ‘ """ ‘KSync 1 ‘ oo ‘Klndex 1 ‘ oo ‘KPackets 1 ‘ oo ‘KvSym 1 ‘ """ ‘ Kcre
synchronization packet no. of no. of valid |
sequence index packets i data symbols | CRC

Figure 4.19: Format of the detected packet header at SoftRadio.

For the (i—u)-th detected symbol sequence 5‘,?7“} the following processing will
be done:

e The synchronization sequence will be dropped, since it has been already

processed at the packet detection.

For the detection of a symbol error in §,{j7u}, the channel decoding deter-
mines first the detected CRC
~{i—u}

CRC = 8l e MY+ 8ficqb M + -+ 32 cpo MIFere™D. (4.30)

and recalculates the CRC of the detected packet symbols@ CIf
(j]-\{/c 7é CRCrecalm

an error has been detected and the packet §,{:_u} will be discarded. This
error can be caused either by an symbol error or by incorrect packet detec-
tion, because the latter results in erroneously use of symbols for the detected

CRC.

9this excludes both the synchronization sequence and the CRC symbols ékia{C

{i—u}
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If no symbol error has been observed, the channel decoding determines the
packet index

= S MO S M S M) (431)

Kindex,Index S

of 5;7“} and compares it to 11741} of the previous detected symbol packet
A (i

im0 £ Gle1 4 1) mod M Kindex,
a packet loss has occurred. This will be displayed by SoftRadio.

If no packet loss has been detected, the channel decoding determines the
number of packets

jPacketS = gif;;ﬁiets ]\/[s0 + gglg;iets Msl +-o+ §%;:icts,13ackets Ms( KPaCkets*l)'
(4.32)
If )
]Packets = O,
an infinite data symbol transmission is assumed and therefore every symbol
packet 5,{;%} will be used for generating the data symbol stream

~ ~{0 ~{1
Sop = (350, 5E0, ).

IPackets > 0

indicates a finite data symbol transmission. Therefore only jpackets will be
used for generating the detected data symbol stream

S — '“{0} "‘{1} "‘{IPackets}
Sk,D = (Sk,D7 SgDr 7 SkD ).

If 5,3‘“} will be used for the generation of the data symbol stream 5, p, then
the channel decoding determines the number of valid data symbols
> Hi—u Hi—u i—u Kygym—1
KVData = Si,VSy}m Mso + S;VSy}in Msl +eoe S;(Vsyil,vSym MS( > ) (433)
of this symbol packet. If .
KvData = 07

u}

then every data symbol of 5,?7 will be used for 5,{:;5”} and

Kp = K — Kp.
Otherwise only the first f(vData data symbols will be used for §,{€f5u}

KD - KVData-

10(

z mod y)...x modulo y
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The packet index, number of packets and number of valid data symbols makes it
possible to receive a file of arbitrary length as data symbol stream 55 p.
Before processing the packet header of the individual symbol sequences 5?7”},

the channel coder merges the first part §k:IN} (

In}

stored from the previous signal

{i

block processing) with the last part Ekjp_ and stores skf}p for the next signal

block processing.

The second task of the channel decoding is deinterleaving [12] of the data
symbol stream 3§ p (see also Section 4.2.2), which is subject of future work.

4.3.4 The Graphical User Interface

B Software Defined Radio SDR-1000 =)

Standard |

— Carrier & Freguency Band Selection

0.8
Carrier: | 2000 |MHz v
0.6
0.4

0.2
LP.

— Modi

04

0.6

— Digital
PAR | | TE-QAN v

L
»
o

08

08 06 04 02 i] 02 04 06 D08 Sytmhol Rate A4 65200 khaud
? | |l Symibal Pericct 1133757 us

O spectrum nin us Bitrate: 352800 khitis
o time domain

(5 constellation

_— Fectangle v

Creye

Refresh Plot

RESET

Figure 4.20: Standard GUI of the SoftRadio in receive mode.

Figure|4.20/shows the standard! Graphical User Interface of SoftRadio as it

Hfor information about the advanced mode see Appendix, Section |B
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looks like in receiver mode. In this section, only the differences to the transmit
mode explained in Section[4.2.3 will be mentioned.

4.3.4.1 Digital Modulation

Field 3 in Figure 4.10/ determines the receive filter gy,[n] instead of the pulse
shaping filter fx,[n]

4.3.4.2 Signal Plots

The following plot types are implemented:

e symbol constellation plot of the decision device input gl{j} (visible in Fig-

ure 4.20)

e time domain plot of the filtered I- and/Q-components QI{’E} [n—no), QS}N [n—no]
(without the packet header samples)

e eye diagram of the filtered I- and Qrcomponents gi{ﬁ\}l[n — np, QS}N [n — ng

(without the packet header samples)

e PSD of the filtered gl{\f} [n — ng| (without the packet header samples)

4.4 SoftRadio and the SDR-1000

SoftRadio controls the following hardware functions of the transceiver SDR-~1000
(see Figure|3.2 in Section 3.2):

e the creation of the carrier at the given frequency fir by the DDS

e the switching between transmit (TX) and receive (RX) mode

e the attenuation of the transmit signal sip(t) or receive signal Sr(t) by 10 dB
e the amplification of the received BB-signal sgg(t) by 20 dB

e the selection of a BPF (individually or corresponding to the carrier fre-
quency) from the filterbank

e the selection of a|LPF/ (individually or corresponding to the BPF) from the
filterbank

e the muting or unmuting of the microphone input



Chapter 5

Summary

This diploma thesis describes first the concept of software defined radio, its advan-
tages and disadvantages, and gives a theoretical overview of base band pulse am-
plitude modulation transmission. Further the thesis deals with the hardware used
for the software defined radio transmitter and receiver. In particular, it treats the
transceiver SDR-1000, the embedded quadrature sampling decoder/exciter as a
mixing stage and the direct digital synthesizer as a precise digital oscillator.

The major part of the thesis discusses the software realization of the trans-
mitter and of the receiver. Especially, it deals with the problem of real time
processing in software. It describes the software parts of thePAM transmitter, in
particular the structure of the symbol source generator, the channel coding and
the overlap & add method. It also shows the format of the transmitted symbol
stream and the graphical user interface. At the receiver side, the thesis deals with
the software structure, the packet detection and the sampling point detector for
the synchronization, the decision device and the channel decoder.
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Appendix A

Further Matlab Implementations

A.1 The SDR-Class

SDR

-carrierfrequency
-attenuation
-gain

-mute

-LPF

-BPF

-TX
-init_carrierfreq
-init_att
-init_gain
-init_mute
-init_TX

-PIO

-RFE

+SDR()
+ChangeCarrierFrequency()
+ChangeRFAttenuation()
+ChangeFilters()
+ChangeMode()
+ChangeGain()
+ChangeMute()
+ChangeBPFtoCarrier()
+ChangeLPFtoBPF()
+DDS_Reset()
-pio_write_data()
-dds_write_data()
-rfe_write_data()
+display()

+set()

+get()

Figure A.1: The SDR class.

The following features of the transceiver SDR-1000 are implemented by this
class depicted in Figure |A.1 (see Figure 3.2/in Section [3.2):

e the creation of the carrier at the given frequency fig of the DDS

43
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the switching between transmit (TX) and receive (RX) mode

44

the attenuation of the transmit signal sip(t) or receive signal i (t) by 10 dB

the amplification of the received [BB-signal $ggp(t) by 20 dB

the selection of a BPF (individual or corresponding to the carrier frequency)

from the filterbank

the selection of a |[LPF (individual or corresponding to the BPF) from the

filterbank

the muting or unmuting of the microphone input

Attributes

carrierfrequency: current carrier frequency fip in [Hz]
attenuation: current state of the 10 dB attenuator (on or off)
gain: current state of the 20 dB RX-BB amplifier (on or off)
mute: current state of the microphone muting (on or off)
LPF: current active LPF index

BPF: current active BPF index

TX: current state of the SDR-1000 operation mode (transmit or re-
ceive)

init_xxx: initial value of attribute xxx (for reset)

PIO: a structure, that stores all the information of the Parallel Input
and Output (PIO) board

RFE: a structure, that stores all the information of the Radio Fre-
quency Expansion (RFE) board

Methods

SDR(): Constructor of the class; sets the SDR-1000 up to the initial
working state

ChangeCarrierFrequency(): changes the oscillator of the SDR-
1000 to the current attribute value fip

ChangeRFAttenuation(): switches the 10 dB attenuator to the cur-
rent attribute state (on or off)

ChangeFilters(): changes the SDR-1000 BPF and LPF to the cur-
rent attribute indices

ChangeMode(): switches the SDR-1000 operation mode to the cur-
rent attribute state (transmit or receive)
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ChangeGain(): switches the 20 dB RX-BB amplifier to the current
attribute state (on or off)

ChangeMute(): switches the microphone muting to the current at-
tribute state (on or off)

ChangeBPFtoCarrier(): changes the SDR-1000/BPF and LPF|cor-
responding to the current carrier frequency fir

ChangeLPFtoBPF(): changes the SDR-1000 LPF corresponding
to the current BPF

DDS Reset(): resets the DDS

pio_write_data(): writes a data-byte to a specified PIO board D-
Latch Integrated Circuit (IC)

dds_write_data(): writes a data-byte into an specified address-register
of the DDS

rfe_write_data(): writes a data-byte into a specified RFE board IC|
display(): displays the current status information of the SDR-object
set(): to change the value of an attribute

get(): to get the value of an attribute

A.2 The SignalOut-Class

SignalOut

-signal1
-signal2

-fs

-scale
-init_scale
-period
-interrupt_duration
+SignalOut()
+display()
+set()

+get()

Figure A.2: The SignalOut class.

signal1 signal2
data data
overlap_data overlap_data

(a) (b)
Figure A.3: The signal structures of SignalOut.
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This class (shown in Figure |[A.2) implements the software representation of
the complex BB transmit signal

spp|n] = si[n] + jsq[n].

Attributes

signall: a structure (shown in FigureA.3a), that corresponds to the
Inphase component s[n].

data: the valid T signal samples

overlap_add: the invalid T/signal samples (results from filtering;
for correction)

signal2: a structure (shown in Figure A.3b), that corresponds to the
Quadrature component sq[n.

data: the valid Quadrature signal samples

overlap_add: the invalid Quadrature signal samples (results
from filtering; for correction)

fs: the sampling frequency foample Of spp(t) (fixed to 44.1 kHz)

scale: an amplitude scaling factor of signall and signal2 (0 < scale <
1). It represents the rejection of the sound card by both signals
(0...no rejection, 1...full rejection)

init_scale: initial scaling value (for reset)
period: interrupt period in number of samples

interrupt_duration: duration of MATLABSs Data Acquisition Toolbox
(DAT) analog output engines interrupt processing in [seconds]

Methods

SignalOut(): Constructor of the class; sets the analog output engine
of MATLABs DAT to the initial working state

display(): displays the current status information of the SignalOut-
object

set(): to change the value of an attribute

get(): to get the value of an attribute

A.3 The Signalln-Class

This class (shown in Figure A.4) implements the software representation of the
received complex BB-signal

§BB [n] = §1 [n] -+ ]gQ[TL]
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Signalin

-signal1
-signal2

-fs

-period
+Signalin()
+display()
+set()
+get()

Figure A.4: The Signalln class.

signal1 signal2
data data
overlap_data overlap_data
undetect_data undetect_data

(a) (b)

Figure A.5: The signal structures of Signalln.

Attributes
signall: a structure (shown in Figure/A.5a), that corresponds to the
Inphase component §i[n].
data: the valid Inphase signal samples
overlap_add: the invalid Inphase signal samples (results from
filtering; for correction)
undetect_data: the unprocessed Inphase signal samples from
the previous interrupt
signal2: a structure (shown in Figure |A.5b), that corresponds to the
Quadrature component Sq[n.
data: the valid Quadrature signal samples
overlap_add: the invalid Quadrature signal samples (results
from filtering; for correction)
undetect_data: the unprocessed Quadrature signal samples from
the previous interrupt
fs: the sampling frequency fiample Of Spp(t) (fixed to 44.1 kHz)

period: interrupt period in numbers of samples

Methods

Signalln(): Constructor of the class; sets the analog input engine of
MATLABs DAT to the initial working state

display(): displays the current status information of the Signalln-
object
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set(): to change the value of an attribute

get(): to get the value of an attribute

A.4 The PAM-Class

PAM

-constellation
-ma

-period

-rate

-bitrate

-filter
-flt_coeff
-flt_delay
-rolloff
-tx_symbolstream
-rx_symbolstream
-init_const
-init_period
-init_rate
-init_bitrate
-init_filter
-init_flt_delay
-init_rolloff
-init_entry
-fsmax

-fs
-oversampling
-next_value
-entry

-scale

-packet
-header

+PAM()
+RefreshPAM()
+ChangeSymbolFilter()
+display()

+get()

+set()

Figure A.6: The PAM class.

The following features of a PAM transmission are implemented by this class
depicted in Figure|A.6:

e the selection of various symbol constellations (BPSK, QPSK, nQAM)

e the specification of the timing property either by symbol period Ty, sym-
bol rate Rgyy, or by bit rate Ry

e the selection and specification of the transmit/receive filter (rectangle or
RRC of different length and rolloff factor)
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Attributes
constellation: current active PAM symbol constellation (BPSK, QPSK,

nQAM, ..)

ma: numbers of symbols in the symbol alphabet A
period: current symbol period Ty, in [seconds]

rate: current symbol rate Ry, in [baud]

bitrate: current bit rate Ry in [bit/s]

filter: current active symbol filter (rectangle or|[RRC)
fit_coeff: filter impulse response g[n] of the symbol filter

fit_delay: current delay of the filter impulse response in numbers of
symbols

=0 rectangle
>0 |RRC
rolloff: current rolloff factor av of the RRC filter

tx_symbolstream: transmitted symbol stream a; (at Transmit mode
of SDR-1000)

rx_symbolstream: detected symbol stream a; (at Receive mode of
SDR-~1000)

init_xxx: initial value of attribute xxx (for reset)

fsmax: maximum sampling frequency fsamplemax Of the Signalln- or
SignalOut-object (fixed to 44.1 kHz)

fs: current sampling frequency fsampie Of the Signalln- or SignalOut-
object

oversampling: oversampling factor (= | fsampie/ Rsym )
next_value: next valid value of Ty, or Reym or Ry

entry: current active entry mode (symbol period, symbol rate or bi-
trate)

scale: an amplitude normalization factor for thelPAM/transmit signal
stream

packet: a structure, that stores all the information of the whole
packet

header: a structure, that stores all the information of the packet
header
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Methods

PAM(): Constructor of the class; sets the PAM transmission to the
initial working state

RefreshPAM(): refreshes all the depending attributes and variables
by a modification of a PAM attribute

ChangeSymbolFilter(): calculates the new filter impulse response
g[n] corresponding to the current symbol filter attribute

display(): displays the current status information of the PAM-object
set(): to change the value of an attribute

get(): to get the value of an attribute

A.5 The Subfunctions of SoftRadio.m

SignalOutCallbackFcn(): the callback (interrupt) function of the analog out-
put engine of MATLABs DAT. This function implements the complete/SDR
transmitter.

SignallnCallbackFcn(): the callback function of the analog input engine of
MATLABs DAT. This function implements the complete SDR receiver.

RefreshSignalPlots(): the callback function of the signal plot timer; calculates
the different signal plots (time, PSD, eye, scatter)

sdr_eyediagram(): plots an eye diagram; modified version of MATLABs eyedi-
agram.m function for the GUI

sdr_scatterplot(): plots a scatter plot; modified version of the MATLAB scat-
terplot.m function for the GUI

GetCarrierFrequency(): calculates the current fip from the GUI

GetSymbolPeriodRate(): calculates the current Ty, Reym OF Ry from the
GUI

ChangeCarrierNum(): calculates the(GUI presentation for the current fip

ChangeSymbolTimeNum(): calculates the |GUI presentation for the current
Tsym; Rsym or Rbit

ResetWindow(): resets the GUI

ChangeAppMode(): changes the GUI according to the current SoftRadio ap-
plication mode



Appendix B
The Advanced GUI of SoftRadio

The GUI of SoftRadio distinguishes between the Standard- and the Advanced-
mode. The advanced mode enables enhanced features of SoftRadio and displays
detailed status information for use during software development. These will be
equal in transmit and receive mode. Therefore only the extensions to the standard
transmit mode are discussed here. The standard |GUI|of the transmit and receive
mode has already been described in Section 4.2.3 and Section 4.3.4 respectively.

Figure B.1 shows the advanced Graphical User Interface of SoftRadio as
transmitter. The GUI mode can be changed with the pulldown list at the top
right corner. The following status information will be displayed:

ai-samples: number of samples stored in the receive buffer of the analoginput
engine [13]

ao-samples: number of samples stored in the transmit buffer of the analogoutput
engine [13]

packet index: the transmitted/detected Packet Index of the current symbol
packet

CRC: the transmitted/detected [CRC of the current symbol packet

no. of packets: the transmitted/detected Number of Packets of the current
symbol packet

no. of datasym: the number of transmitted/detected datasymbols Kp/ Kp of
the current symbol packet

B.1 Digital Modulation

The enhanced Digital Modulation block lets the user specify the delay (= length
in number of symbols, see Figure B.2) of the RRC filter with textfield 7.
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Figure B.1: The advanced Graphical User Interface of the SoftRadio in transmat

mode.

B.2 SDR-1000

The enhanced SDR-1000 block controls the following features of the transceiver
SDR-1000.

Carrier & Frequency Band Selection: The BPF| and [LPF| can be modified
individually by changing field 8 and field 9. In standard mode, changing
the carrier frequency adjusts the BPF and LPF|automatically.

Modi: This function block controls the following SDR-1000 functions by select-
ing/deselecting the associated checkbox:

e 10 dB attenuation of the transmitted or received IF-signal

e 20 dB amplification of the received BB-signal Sgg(t)

e muting the microphone.
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Figure B.2: Raised Cosine with a filter delay of 3 symbols.

B.3 Signal Plots

The enhanced Signal Plots block lets the user specify the refresh period of the
plot view with slider 1.
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