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Abstract

There exists a variety of industrial applications in local environments, with an increas-
ing demand for low-power and high-precision local positioning solutions based on wire-
less sensor networks. The goal of the project LOWILO (Low Power Wireless Sensor
Networks with Localization) funded by the BMBF (Federal Ministry of Education and
Research) is to close this gap, to extend existing solutions and to create a new sensor-
based local positioning system. The LOWILO wireless sensor nodes should achieve a
high miniaturization degree and use an onboard FMCW secondary radar for distance
measurements. The focus of developing autonomous and cooperative sensor nodes with
localization functionality is on the localization accuracy and range, energy efficiency
and the size of the sensor nodes.

In this context special attention is paid to the sensor digital signal processing, where
the main task is to perform a Fast Fourier Transform (FFT). In this work the design
of the radix-4 DIF FFT algorithm and its optimization with respect to hardware im-
plementation for low-power local positioning systems is presented. In order to reduce
the hardware requirements a fixed-point approach has been chosen. The algorithm is
implemented and verified on an FPGA and compared to the commercial Altera FFT IP.

Furthermore, an area-efficient digital implementation of a baseband processing core
(BPC) for autonomous wireless sensor nodes with localization functionality is presented.
The challenge for designing the digital system was to reduce memory requirements to-
wards a low cost hardware design in general, and particularly for an ASIC design. Re-
ducing chip area implies lower energy consumption and helps saving implementation
and production costs. At the same time a qualitative performance of the digital signal
processing tasks while keeping the system constraints has to be assured. The presented
novel baseband processing system concept has been implemented and verified on an
FPGA. For the application scenario of a two-sweep-measurement system, an ASIC lay-
out is designed based on the IBM 130 nm CMOS technology.

Finally, the BPC design has been integrated into the LOWILO demonstrator board. The
proof-of-concept has been performed by utilizing the digital BPC architecture for dis-
tance measurements in the LOWILO application scenario.





Kurzfassung

Es gibt eine Vielfalt von industriellen Anwendungen in lokalen Umgebungen, mit ei-
ner steigenden Nachfrage nach stromsparenden und hochpräzisen Lokalisierungssyste-
men, welche auf drahtlosen Sensornetzwerken basieren. Das Ziel des Projekts LOWILO
(Low Power Wireless Sensor Networks with Localization), gefördert durch das BMBF
(Bundesministerium für Bildung und Forschung), ist es, diese Lücke zu schließen, be-
stehende Lösungen zu erweitern und ein neues Sensor-basiertes Lokalisierungssystem
aufzubauen. Die drahtlosen LOWILO-Sensorknoten sollen einen hohen Miniaturisie-
rungsgrad erreichen und ein integriertes FMCW-Sekundäradar für Entfernungsmessun-
gen anwenden. Der Schwerpunkt bei der Entwicklung von eigenständigen und koopera-
tiven Sensorknoten mit Lokalisierungsfunktion liegt auf der Lokalisierungsgenauigkeit
und -reichweite, der Energieeffizienz und der Größe der Sensorknoten.

Der digitalen Signalverarbeitung für Sensoren gilt in diesem Zusammenhang besondere
Aufmerksamkeit, wobei die Durchführung der schnellen Fourier Transformation (FFT)
die Hauptaufgabe darstellt. In dieser Arbeit wird der Entwurf und die Implementierung
des radix-4- DIF-FFT-Algorithmus und dessen Optimierung hinsichtlich der Umsetzung
auf Hardware für stromsparende Lokalisierungssysteme vorgestellt. Um die Hardwa-
reanforderungen zu reduzieren, wurde eine Festkommaimplementierung gewählt. Der
Algorithmus wurde implementiert, auf einem FPGA verifiziert und mit der kommerzi-
ellen Altera FFT IP verglichen.

Außerdem wird eine flächeneffiziente digitale Implementierung des Basisbandverarbei-
tungskerns (BPC) für eigenständige drahtlose Sensorknoten mit Lokalisierungsfunkti-
on vorgestellt. Die Herausforderung bei dem Entwurf des digitalen Systems lag auf der
Verringerung der Speicheranforderungen hinsichtlich eines kostengünstigen Hardware-
entwurfs im Allgemeinen und eines ASIC-Entwurfs im Besonderen. Die Verringerung
der Chipfläche bedeutet geringeren Energieverbrauch und hilft, Implementierungs- und
Produktionskosten einzusparen. Gleichzeitig muss eine qualitative Durchführung der
Aufgaben im Bereich der digitalen Signalverarbeitung zugesichert werden, wobei die
Randbedingungen des Systems eingehalten werden. Das vorgestellte neuartige Konzept
für das Basisbandverarbeitungssystem wurde implementiert und auf einem FPGA veri-
fiziert. Für das Anwendungszenario eines Zwei-Rampen-Messsystems wurde auf Basis
von der IBM 130 nm CMOS-Technologie ein ASIC entworfen.

Schließlich wurde der Entwurf des BPC in den LOWILO-Demonstrator integriert. Die
Funktionalität des Konzepts wurde nachgewiesen, indem die digitale BPC-Architektur
für Entfernungsmessungen in dem LOWILO-Anwendungsszenario eingesetzt wurde.
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CHAPTER 1

INTRODUCTION

We live in a time when NASA’s rover Curiosity [1] began exploring the Mars. It is a very
impressive happening. Especially if keeping in mind what sophisticated technology is
needed for starting such a mission in the outer space. These achievements are the result
of human engineering work on the Earth for years. Beginning in the last two centuries
up to now, with the help of modern physics and mathematics but also due to the birth
of the manufacturing era and the building of the industrial countries, mankind became
witness to a continuous and rapid technological progress in the world.

In the last decades the main aspects of the research and development work in electrical,
electronics and information engineering were concentrated on man-to-man and man-to-
machine, recently also machine-to-machine, connecting, networking, communication
and localization. Nowadays, the trend goes to wireless sensor systems and networks.
But why?

Cheap and small sensors can have physical, mechanical or chemical properties being
both, key requirement and enabler of the omnipresent ambient intelligence. Consider-
ing the permanent efforts for saving costs and increasing efficiency makes the use of
wireless technology for sensors inevitable. Combining the variety of the sensors, con-
necting them wirelessly and building a sensor network creates the possibility of high
potential sensor landscapes offering a wide application range. Regardless of whether in
military, industrial, medical, automotive, or general consumer applications, the develop-
ment of wireless sensor networks (WSN) has been tremendously accelerated [2]. The
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CHAPTER 1.INTRODUCTION

importance of future WSN and the market appeal depend on their benefits. Localization
capability is one of the attractive features for such WSN [3]. The reason is as simple
as logical. There are many existing and upcoming application scenarios, like tracking,
monitoring or controlling where the localization of objects, e.g. sensors, plays a deci-
sive role. An overview of different wireless localization systems for indoor and outdoor
environments and their accuracy related to the range is shown in Fig. 1.1.
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Figure 1.1: The accuracy of existing wireless localization systems related to the localization
range and environment [4].

The existing global positioning systems as GPS (USA) [5], Glonass (Russia) [6], Bei-
Dou (China) [7] or Galileo (Europe) [8] are based on satellite navigation and cannot
provide the accuracy and precision or the application specific solutions required for
positioning in local and indoor environments. That is why localization in such environ-
ments seems to be one of the most exciting features of the current generation of wireless
sensor networks, as suggested some years before in [4, 9].

Where there is the need, there is also a market. Where there is a market, there is a grow-
ing interest in trade, industry and national policy. Hence, there was enough motivation
in the last years for developing wireless localization systems and starting numerous re-
search projects in this field. In the next section, some of these wireless local positioning
systems and research approaches will be presented and an overview of the state-of-the-
art solutions will be given.
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1.1. WIRELESS LOCALIZATION SYSTEMS

1.1 Wireless Localization Systems

The wireless localization systems can be based on radar [10], optical [11, 12], or ul-
trasonic [13] principles. There is an increased tendency of using radar technology in
general and frequency-modulated continuous-wave (FMCW) secondary radar in partic-
ular, for localization in wireless sensor applications [14]. If centimeter levels of accu-
racy are required, UWB (Ultra Wide Band) local positioning techniques can be used
as well [15, 16]. A further interesting approach is to use RFID transponders for lo-
cal positioning [17]. If local positioning is limited to indoor environments WiFi [18],
Bluetooth [19] and NFC [20] approaches can be used. Utilizing local positioning tech-
niques [21–23] like time-of-arrival (TOA), time-difference-of-arrival (TDOA) or round-
trip time-of-flight (RTOF) the distance and the relative velocity between two or more
wireless sensor nodes can be measured, and thus the positioning information can be
obtained. However, measuring the distance between two wireless units is the basic
localization requirement. Different positioning approaches are available for distance
measurements in a wireless sensor network [10, 24, 25].
In the following three different wireless positioning systems are shortly introduced.

EU RESEARCH PROJECT: RESOLUTION [24, 26, 27]

The key objective of RESOLUTION (Reconfigurable Systems for Mobile Local Com-
munication and Positioning) was the development of a wireless local positioning system
with centimeter accuracy and real-time ability based on FMCW radar. The positioning
system is based on frequency chirps of 150 MHz bandwidth transmitted in the 5.8 GHz
ISM (Industrial Scientific and Medical) band. Moreover, system-on-chip (SoC) front-
ends are highly integrated and developed in 180 nm BiCMOS technology to achieve
compact system sizes. The position can be measured via several reconfigurable localiza-
tion techniques. The RESOLUTION hardware comprises reconfigurable multi-channel
base stations and RESOLUTION transmitter tags, featuring an integrated FMCW-signal
transmitter.

ABATEC GROUP: LOCAL POSITION MEASUREMENT SYSTEM (LPM) [25, 28, 29]

The basic concept of LPM relies on the FMCW radar, using active transponders and
fixed passive base stations around the covered field of view. The local position measure-
ment (LPM) system provides the actual position of numerous targets in three dimensions
with high accuracy and short measurement cycles. The LPM system operates in the
license-free ISM-band at 5.8 GHz as well. Within a covered range of 500 m in square,
the accuracy is better than 10 cm, depending on multipath and line-of-sight connections.

3



CHAPTER 1.INTRODUCTION

Applications spread from analyzing movements in sports over industrial positioning to
autonomous vehicle and cart control.

SYMEO GMBH: LOCAL POSITIONING RADAR (LPR) [10, 30, 31]

An additional feature of the LPR is that operation as both a remote-positioning and
self-positioning system is possible. Thereby a highly flexible system ideally suited for
wireless sensor networks is obtained. The LPR-B is working in the 5.8 GHz ISM-band
and uses a bandwidth of 150 MHz. The distance between both stations can be mea-
sured with a standard deviation of 1 cm. This implies a synchronization of both units
to an offset in time and in frequency of less than 100 ps and 10 Hz respectively. After
synchronization, the distance between both modules can be measured using the RTOF
similar to an FMCW radar system.

CONCLUSION

As can be seen in these examples, at the time of starting this work, the presented wire-
less sensor nodes operated in the ISM-band of 5.8 GHz having a system bandwidth of
150 MHz. In this context higher radar frequencies imply higher bandwidth and promise
precise localization [4]. Furthermore, it is important to consider energy consumption
aspects towards a battery-based supply in wireless scenarios as well as the size of the
single sensors, as they should be applied especially in industrial environment for lo-
calizing objects of any dimension. Moreover, it is desirable and in some applications
necessary to replace the previous hybrid or the partly integrated sensor node designs
with system-on-chip (SoC) solutions resulting on even smaller sensor dimensions. The
developed sensor nodes are required to be autarkic, thus capable of self-positioning
beside locating the other wireless nodes in the network. Hence, there exists a high mo-
tivation for the development of an energy-efficient, highly miniaturized wireless sensor
node with higher precision localization capability.

1.2 Research Project LOWILO

The idea of a research project addressing all these issues was born. Funded by the Ger-
man Federal Ministry of Education and Research (BMBF) the project LOWILO 1 (Low
Power Wireless Sensor Network with Localization) has started [32]. The main objec-
tive of the project is the development, realization and demonstration of a miniaturized

1Official BMBF project number: 16SV3654
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1.2 RESEARCH PROJECT LOWILO

wireless sensor system with millimeter accuracy, operating in the 24 GHz ISM-band and
using a system bandwidth of 250 MHz. The main goals are:

• Localization using FMCW radar technique

• Low power circuits for the radio frequency (RF) front-end

• Energy-efficient baseband signal processing

• High miniaturization degree of the system (1cm3 excluding battery)

Firstly, the single components should be designed and then optimized considering the
project goals. Afterward the integration process will start and the system design will be
completed. The typical LOWILO sensor transceiver architecture (Fig. 1.2) should con-
sist of the RF block containing the FMCW radar components, antennas for localization
and communication, the analog-to-digital-converter (ADC), the baseband processing
and the system control part including the microcontroller.

Figure 1.2: LOWILO: system diagram and responsibilities [32].

5



CHAPTER 1.INTRODUCTION

The focus of this work is on the design and implementation of the baseband processing
core (BPC) for the LOWILO wireless sensor nodes. The realization of the LOWILO
positioning system beginning from antennas to the ADC, the development of the system
control itself, as well as the system integration is part of further ongoing research work
to be finished by other project partners2.

1.3 Outline of the Thesis

The goal of this doctoral thesis is the design and implementation of an area-efficient
baseband digital processing core for FMCW radar-based local positioning in wireless
sensor networks, considering the system scenario and design constraints. In this work an
overview of the most challenging tasks regarding the design and the implementation of
the baseband signal processing for wireless sensor nodes with localization functionality
will be given.

This thesis is organized as follows: Chapter 2 gives an overview of the LOWILO posi-
tioning system. The localization principle using RTOF technique and the FMCW radar
approach for distance measurement will be presented. Furthermore, the architecture of
the LOWILO sensor nodes in general and of the baseband block in particular is intro-
duced. Finally, the specification of the baseband unit is given together with a definition
of the problems. The impact of the system constraints for the baseband block and the
theory of the digital signal processing flow is presented in Chapter 3. Moreover, the ba-
sics of mathematic aspects like fixed point arithmetic and quantization error will be dis-
cussed against the background of the digital implementation. The analysis, design and
implementation of the main component for baseband signal processing, the FFT (Fast
Fourier Transform) architecture, is introduced in Chapter 4. The priority is given to the
analysis of existing FFT algorithms toward their suitability for fulfilling the design con-
straints. The best suitable architecture is selected by considering the trade-off between
the arithmetic operations, memory requirements and quantization error. In Chapter 5 a
novel hardware concept for the LOWILO application scenario is presented. The BPC
is designed and implemented in sensor nodes for FMCW radar positioning. The digital
core has been further optimized and compiled as Intellectual Property (IP), with the flex-
ibility of implementing it on an FPGA or fabricating it as part of a dedicated BPC ASIC.
The verification of the novel BPC system, attained by using the hybrid FPGA-based
LOWILO positioning demonstrator, is the focus of Chapter 6. In Chapter 7, the results
of this work are summarized and an outlook is given.

2Fraunhofer Institut für Zuverlässigkeit und Mikrointegration (IZM); Technische Universität Berlin
(TUB): Fachgebiet Mikrowellentechnik (TUB-MWT), Forschungsschwerpunkt Mikroperipherik (TUB-
MP); Ferdinand-Braun-Institut für Höchstfrequenztechnik (FBH): Mikrowellentechnik; Technische Uni-
versität Clausthal: Institut für Elektrische Informationstechnik (TUC-IEI).
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CHAPTER 2

LOWILO POSITIONING SYSTEM

The LOWILO system is targeted for positioning in local (e.g. indoor) environments [32].
This localization system consists of several autonomous cooperative wireless sensor
nodes, which all have the same design and properties [33]. Connecting two or more of
these wireless sensor nodes a common wireless sensor network can be built. All nodes
have an identical hardware architecture and are designed as flexible transceivers. Thus,
they can be used as both, sender and receiver. In the LOWILO scenario, at least one of
the nodes is mobile (MN) and is programmed as a mobile station, while the other nodes
are fixed (FN) and are configured as base stations. In Fig. 2.1 such a simple sensor
network under investigation is illustrated.

The wireless sensor nodes are capable of communicating with each other and can eval-
uate the own position by measuring the distance to the neighbor nodes. They operate
at the free ISM-band of 24 GHz for localization, and use the 2.45 GHz ISM-band for
the communication [32, 34]. The sensor node communication is not part of this work
and will not be further considered. The localization is attained by measuring the RTOF,
the time that a signal needs to complete the round-trip path from sender to receiver
and back. For measuring the RTOF and calculating the distance between two nodes,
a FMCW secondary radar approach is used. The basic localization principle will be
presented in Section 2.1, while the detailed LOWILO sensor node architecture is in-
troduced in Section 2.2. Beside the system miniaturization and low power circuits for
the radio frequency front-end, energy-efficient baseband signal processing for the sen-
sor nodes is of particular interest. The design and the implementation of the baseband

7



CHAPTER 2. LOWILO POSITIONING SYSTEM

processing core (BPC) for the LOWILO sensor nodes are the focus of this work. The
concept for the baseband signal processing architecture is described in Section 2.3.

MN

FN1

FN2

FN3

FN4

Figure 2.1: Example of a wireless sensor network with one central mobile node (MN) sur-
rounded by fixed nodes (FN).

2.1 Localization Principle

The localization approach is based on the Local Positioning Radar (LPR) developed by
Symeo GmbH [35] and is performed in two steps. In the first step, the synchronization
process between two wireless sensor nodes is executed. Precise synchronization is a
preposition of accurate RTOF measurements. In the second step, the RTOF is measured
and distance calculated. In [31] the detailed synchronization and measurement process
for such systems is described. The RTOF local positioning method is used to synchro-
nize the wireless nodes and measure the distance between them. The measurement prin-
ciple is similar to the FMCW secondary radar approach with active reflectors [10, 36].
The exemplary block diagram of the LOWILO positioning system with two wireless
sensor nodes, one of them configured as base station, the second acting as mobile sta-
tion, is depicted in Fig. 2.2. The distance between the nodes is given by d. The radio
channel is assumed to be ideal, only considering the line-of-sight (LOS) direct path be-
tween the two sensor nodes (no multipath effects). In the following section the basic
localization principle is described.

8
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LOWILO
Wireless Sensor Node

- Base Station -

Antenna

LOWILO
Wireless Sensor Node

- Mobile Station -

Antenna
d

RTOF

Figure 2.2: LOWILO system with two wireless sensor nodes using the RTOF localization
method for synchronizing and measuring the distance d between them. According to the FMCW
secondary radar approach, the distance can be calculated from the round-trip-time-of-flight τ .

2.1.1 Synchronization Process

In order to synchronize both sensor nodes, the base station (BS) starts sending a linear
FMCW signal which is denoted a sweep. The sweep duration is given by T and the
sweep bandwidth is described by B = fmax − fmin, with fmin denoting the lowest and
fmax denoting the highest swept frequency. The sweep rate μ is given by the ratio B/T .
The operation process is called an upsweep if the sweep rate is positive (i.e. frequency is
increasing), and a downsweep if the sweep rate is negative (i.e. frequency is decreasing).

The mobile station (MS) receives the linear FMCW signal and compares the frequency
of the received signal to the LO frequency of the local generated signal, as presented
in Fig. 2.3. Hence, the received signal is multiplied with the locally generated signal
resulting in a frequency converted and low-pass filtered signal for the upsweep and
downsweep, respectively.
In order to enable the distance measurement, the random time and frequency offsets (Δt,
Δf ) in the baseband signal have to be calculated and corrected, due to the different clock
sources of the two stations. In the LOWILO use case the bandwidth and the magnitude
of the upsweep and downsweep are chosen to be identical. In [31] there has been shown
that the time and frequency offsets are then equal to:

Δf =
f1 + f2

2
−Δfa (2.1)

Δt =
T

B

f2 − f1
2

, (2.2)

9
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Figure 2.3: Synchronization process in the mobile station: the MS receives the linear FMCW
ramps from the BS. In order to synchronize to the BS the received signal is multiplied in a mixer
with the generated reference signal. After low-pass filtering the frequencies f1 and f2 can be
estimated, thus, time and frequency offsets can be eliminated and synchronization is completed.

with f1 and f2 denoting the frequencies of the low-pass filtered mixed signal. To es-
timate both frequencies the discrete Fourier transform (DFT) is used. The additional
offset in frequency is given by Δfa and is added to the locally generated signal for
ensuring a positive frequency of the real low-pass filtered mixed signal. This note is
important for the later implementation of the frequency estimation algorithms. With
this precondition, the real-valued discrete Fourier transform is sufficient for calculating
the frequencies f1 and f2. Using the additional offset in frequency Δfa the following
condition has to be satisfied [31]:

Δfa > |Δf |max +
B

T
|Δt|max, (2.3)

where |Δf |max and |Δt|max denote the maximum offset permitted in frequency and in
time. If this requirement is not met, the stations have to be pre-synchronized, e.g. using
a communication channel [37].

10
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2.1.2 Distance Measurement

The distance measurement happens in the BS. The transceiver nodes acting as a base
station interrogate the MS by sending a linear FMCW radar signal making the complete
round-trip. After the successful completion of the synchronization process, the MS
responds to the interrogating FMCW radar signal by sending the synchronized signal
back to the BS. The distance measurement process is depicted in Fig. 2.4.

Figure 2.4: Distance measurement in the base station: after receiving the synchronized and
reflected signal(s) from the MS the received signal is mixed and low-pass filtered with the local
oscillated signal. The frequencies fup and fdown can be estimated and the distance is calculated.

Knowing the exact delay τ the BS can measure the complete round-trip propagation time
and respectively calculate the distance d between the BS and MS. For that purpose, in
the base station analog to the synchronization process in the mobile station, the received
synchronized signal from the MS will be frequency converted and low-pass filtered
with the locally generated signal. The instantaneous frequencies fup and fdown of the
resulting low-pass filtered mixed signal, for upsweep and downsweep, are given by [31]:

fup = Δfa,up − τ
B

T
(2.4)

fdown = Δfa,down + τ
B

T
. (2.5)

11
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For measuring the distance, according to the FMCW radar principle only one single
sweep is required. This way the distance between the BS and the MS can be calculated
in both ways, as given by:

d =
τ

2
c =

cT

2B
(Δfa,up − fup) (2.6)

d =
τ

2
c =

cT

2B
(fdown −Δfa,down), (2.7)

where c is the speed of light, while the frequency offsets Δfa,up and Δfa,down are known
system parameters.

On the other hand, the second station is mobile and the distance measurement can suffer
from Doppler effects. A solution to this problem is to utilize two opposite frequency
sweeps, upsweep and downsweep. In this case the distance is given by [10]:

d =
cT

4B
((fdown −Δfa,down)− (fup −Δfa,up)). (2.8)

Again, the precise estimation of the mixing frequencies fup and fdown by applying the
DFT is the key for successful distance measurement.

2.2 Sensor Node Architecture

The system parameters of the LOWILO Sensor node are specified in Tab. 2.1. The sys-
tem should operate in the license free 24 GHz ISM-band, with the system bandwidth of
250 MHz. Each ramp has a duration of 1 ms, resulting in a combined FMCW upsweep
and downsweep of 2 ms for a single run. The ADC sampling frequency in this applica-
tion scenario is set to 8 MHz (IF at 4 MHz). The given system parameters as sampling
length or time and the implementation of the baseband signal processing have influence
on the quality of the frequency estimation and thus, on the distance measurement.

Operating frequency 24 GHz
System bandwidth 250 MHz
Ramp duration 1 ms
IF bandwidth 4 MHz
ADC sampling frequency 8 MHz

Table 2.1: LOWILO system parameters.
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2.2 SENSOR NODE ARCHITECTURE

RF Block

Analog
Digital
Converter

Baseband
Processing

Control
Unit

Antenna

Figure 2.5: Block diagram of the LOWILO sensor node.

The architecture of the LOWILO sensor node is depicted in Fig. 2.5 and has four build-
ing blocks. It consists of a RF transceiver block - including the antenna and containing
the FMCW radar components, followed by an analog-to-digital converter (ADC) for
sampling the IF signal in time domain. Furthermore, the sensor node is comprised of a
baseband signal processing part and an additional controlling unit (microcontroller). In
Fig. 2.6 the LOWILO sensor node blocks are depicted in more detail.
The RF block containing the FMCW system consists of a fractional-N phase locked
loop (PLL), voltage controlled oscillator (VCO), low noise amplifier (LNA), power am-
plifier (PA), mixer, low-pass filter and of an antenna1 equipped with a switch for Tx
and Rx modes [38]. The fractional-N PLL and the VCO are used for generating the
frequency sweeps and the LO reference signal needed for the FMCW based localiza-
tion. The modulated signal is then transmitted through the forward Tx mode by the
antenna. During the Rx mode, the reflected signal is received after a delay τ . The re-
ceived signal is mixed with the local generated reference signal and is low-pass filtered,
before being forwarded to the ADC. The ADC comprises the sample-and-hold circuit,
the comparator, the digital-to-analog-converter (DAC) and the successive approximation
register (SAR). The IF (intermediate frequency) signal is then digitized and prepared for
the digital signal processing. Since the frequency of the mixed low-pass filtered signal
should be estimated, the discrete Fourier transform is applied. In the resulting frequency
spectrum the peaks are to be detected. All blocks and processes are connected to and
controlled by the microcontroller, including the execution of the localization algorithm.

1Note that the sensor node has an antenna for communication at 2.45 GHz as well. But here sensor
communication is not further considered, so that the second antenna and other communication compo-
nents are not illustrated.
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FMCW Radar
Ramp Generator
VCO / Mixer
LP Filter / TxRx

ADC
Sample & Hold
Comparator
DCA / SAR

Signal Processing
Window/ZeroPadding

FFT
Peak Detection

Microcontroller
Communication
Synchronization
Localization

Antenna

Figure 2.6: Block components of the LOWILO sensor node. Each single component consists of
further subcomponents enabling the system localization functionality.

According to the FMCW radar approach the distance based on the estimated frequency
will be measured [31, 37].

2.3 Baseband Processing Core

In the previous sections the function of single block components during the localization
process has been described. The focus in this section is on the baseband processing core
(BPC) for LOWILO sensor nodes as shown in Fig. 2.7. Designing the baseband signal
processing block, the given system parameters in Tab. 2.1 have to be considered. In the
following section the predefined design constraints and the signal processing flow in the
baseband are introduced.

Figure 2.7: Block diagram of the LOWILO sensor node with focus on the baseband processing
core (BPC).
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2.3.1 Design Constraints

The BPC has two interfaces to the neighbor blocks: the data coming from the ADC out-
put are received in a parallel architecture, while the output data is transmitted to the mi-
crocontroller using serial peripheral interface (SPI). The system is clocked at 128 MHz.
The ADC sampling rate is 8 Msamples/s corresponding to the sampling frequency of
8 MHz. As the ramp duration is given by 1 ms, the digitized signal coming from the
ADC has 8192 samples per sweep. The effective word length of the ADC output data
is constrained by 10 bit. The available time for receiving and processing one sampled
word in BPC is 16 clock cycles. Start and stop instructions for the BPC are set by
the microcontroller. The BPC output is defined to be complex-valued with a constant
fixed-point word length of 32 bit (real and imaginary part together). The SPI data trans-
mission rate is given by the microcontroller depending on the use case scenario. The
BPC specification is summarized in Tab. 2.2.

System clock 128 MHz
ADC sample rate 8 Msamples/s
Sweep length 8192 samples
Effective real-valued word length (ADC) 10 bit
Output complex-valued word length (BPC) 32 bit
ADC-BPC interface parallel
BPC-Microcontroller interface SPI

Table 2.2: BPC system specification.

2.3.2 Signal Processing Flow

The digital signal processing tasks within the baseband are depicted in Fig. 2.8 and can
be divided in three basic blocks: pre-processing, FFT computation and post-processing
[39].

PRE-PROCESSING BLOCK

The pre-processing function is to apply windowing and zero-padding to the time-discrete
input signal, e.g. a single sweep. The ADC output signal is the input of this block. Every
sampled word coming out of the ADC is only real-valued and will be then multiplied
with the corresponding window values (e.g. Blackman window) which are pre-stored
in a separate ROM. After the last ADC sample has been processed, the windowed dis-
crete sequence is stored in the main RAM of the system. As here 32 bit word length
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Figure 2.8: Digital signal processing flow in baseband: the main goal is to calculate the distance
between two nodes by estimating the mixing frequency of the IF signal using the FFT.

for BPC operations is used and because the input signal is only real, the other 16 bits of
the RAM cells for the imaginary part are initialized with zeros. In order to yield higher
interpolation-density in the frequency domain zero-padding in the time domain is used.
Here, a zero-padding factor of 2 will be applied. Finally, the DFT calculation by using
the Fast Fourier Transform (FFT) can be initialized.

FFT COMPUTATION

Regarding the FFT processing block, there exist many approaches for realizing the de-
sign. However, transforming the input signal into the discrete frequency domain by
performing the FFT algorithm is the most critical task in BPC. Due to the fixed zero-
padding factor of 2, the required FFT length has 16384 samples per single sweep. Re-
garding the application scenario using two consecutive sweeps, upsweep and down-
sweep to be transformed in direct succession, the total real-valued signal length to be
transformed for one single measurement cycle is 32678 samples. To calculate the FFT a
standard algorithm is used. The hardware design and implementation is part of a previ-
ous work [40] and will be described in the next chapters. Before starting the FFT, every
sample of the complete single sweep sequence should have been stored in the RAM.
After finishing the transformation process and using in-place computing technique [40],
the output FFT data is stored back in the same RAM cells.

POST-PROCESSING BLOCK

When the FFT output data is available, the peaks will be detected by threshold detection.
The peak with the highest value (LOS) is determined and the RAM index addresses of
this peak, as well as of its left and right neighbor will be stored in an internal register.
Depending on the test or use case, the microcontroller can request the SPI data transmis-
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sion of the complete spectrum or the detected peak values only. In the microcontroller
the mixing frequency of the IF signal can be estimated. Finally, applying the radar for-
mula the distance between the two sensor nodes is measured. The signal processing
parameters are listed in Tab. 2.3.

Windowing function Blackman
Zero-padding factor 2 times
FFT length per sweep 16384 samples
Total transformation length 32678 samples

Table 2.3: Signal processing parameters.

2.3.3 Problem Definition: Digital Design and Implementation

The baseband processing core for the LOWILO sensor node has to be designed and
implemented in digital hardware, taking in consideration the project goals in Section
1.2 and the system constraints and parameters introduced in Tab. 2.1, 2.2 and, 2.3. Since
the most critical task in baseband is to transform the digitized input signal into the
frequency domain, an efficient digital implementation of the FFT component is the first
challenge to be conquered. There are numerous analytical approaches for implementing
the FFT algorithm. Therefore, the goal is to identify appropriate FFT algorithms for the
LOWILO baseband system, as well as analyzing, designing and comparing different
FFT architectures by implementing them on digital hardware. But not only the single
FFT component optimization should be considered. At the same time special attention
is paid to the general concept of the digital processing core. It should fulfill the system
requirements like the application scenario and design constraints, by performing only
the functions needed for the processing of the FMCW radar signals. Moreover, it should
be low-cost and applicable in both FPGA and ASIC.

Inside of the LOWILO wireless sensor node, the baseband block is beside the RF part
the most energy consuming unit. Hence, an energy- and cost-efficient hardware design
is required. On the other hand the memory is the dominating digital design parameter
in BPC regarding power consumption and chip area. Therefore, reducing memory re-
quirements would help meeting the design constraints and considering the global system
concept and limitations. Digital implementation using FPGA offers the possibility of
using existing and reconfigurable IP Cores for common digital functions. But no system
optimization can be provided. Actually, there exist various IP cores for different FFT
architectures in the market, depending on the used digital hardware vendor. But there is
no application specific solution regarding LOWILO system constraints. Searching for a
digital FFT IP core, one can find powerful universal processing cores available. Neither
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is one of them optimized for an energy-efficient realization nor multi-applicable in dif-
ferent digital platforms. If developing an ASIC, semi-custom design is preferred. The
specific generators for the optimized memory IP blocks can be used, but there is, for
example, no low-cost FFT IP core available fulfilling the LOWILO design constraints.
Existing solutions usually use DSP cores and FPGA chips for calculating the FFT al-
gorithms, even if they are limited by the computation speed, available memory or high
production costs.

In order to develop the baseband processing core, the whole digital system should be
described in a hardware language, e.g. VHDL (Very High Speed Integrated Circuit
Hardware Description Language) at first. The description can be simulated and verified
on FPGA before being optimized towards an ASIC design code. Hence, the digital
implementation of the complete baseband processing core has to be optimized in both,
component and system level. There are two main objectives to achieve in this work:

• Analysis, design and implementation of the FFT block considering the system
constraints and project goals.

• System-oriented and application scenario-specific digital hardware implementa-
tion of the baseband processing core (BPC).

The following key features build the core and are characterized by: energy- and cost-
efficient hardware design, reduced area and memory requirements of the digital architec-
ture, development of a generic multi-applicable VHDL-Core, FPGA-based verification
of the FFT component and system optimization regarding an ASIC design.
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CHAPTER 3

DIGITAL SIGNAL PROCESSING FOR
FREQUENCY ESTIMATION

Digital signal processing plays the essential role for the localization accuracy and range
of the FMCW radar-based sensor nodes [24]. FMCW radar-based distance measure-
ment systems require very reliable frequency estimation of the sinusoidal signals for
precise localization. Thus, the main function of digital signal processing for such sys-
tems is to enable the estimation of the down-converted frequency of the radar signals
as described in Section 2.1. Furthermore, in Section 2.3 the signal processing flow
was introduced and the mathematical functions needed for digital signal processing in
baseband have been identified. In this chapter the basics of the above mentioned math-
ematical functions will be presented. At the beginning the DFT, which is a powerful
tool for performing frequency analysis of discrete-time signals [41,42], is described. In
today´s applications, digital design is becoming more and more common and time dis-
crete implementation of the Fourier transform is one of the basic modules. This is the
reason why DFT plays an important role and there exist many different algorithms for
its efficient computation [43–45]. In Section 3.1, the definition, the properties, efficient
algorithms, and challenges of the implementation process are presented. Moreover, the
effects of windowing (Section 3.2) and zero-padding (Section 3.3) on the frequency es-
timation are presented. Finally, in Section 3.4 the digital implementation aspects of the
mathematical functions are described. The focus is on the fixed-point arithmetic and
quantization error.
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3.1 Discrete Fourier Transform (DFT)

The Fourier analysis and synthesis, including the Fourier series and the Fourier trans-
form, are the mathematical tools used for the frequency analysis of signals, by decom-
posing them into a sum of sinusoidal components, or for reconstructing the original
signal by recombining the same sinusoidal components [41]. A signal can be either
continuous or discrete, and it can be either periodic or aperiodic. The DFT is used for
signals which are discrete and periodic [44, 46, 47]. The main goal is to transform a
given signal from the time domain into the frequency domain. In the LOWILO scenario
the input FMCW signal coming to the BPC from the ADC, is a sampled and windowed
discrete-time periodic signal. Thus, it is a signal of a finite duration and of a finite num-
ber of samples. In order to perform the frequency analysis of such discrete-time FMCW
signals the time-domain sequence has to be represented by samples of its spectrum in
the frequency domain [41].

Fourier Analysis of Discrete-Time Signals

Given a continuous-time signal x(t), the Fourier transform of this signal is defined by
X(jω) as denoted in (3.1a). The inverse Fourier transform operation (3.1b) is used for
recovering the original signal x(t) from X(jω) [48].

X(jω) =

∫ +∞

−∞
x(t)e−jωtdt. (3.1a)

x(t) =
1

2π

∞∫
−∞

X(jω)ejωtdω. (3.1b)

Here the radial frequency variable ω is denoted with ω = 2πf , where f is representing
the frequency of the continuous-time signal x(t). This formulation contains a signal
of infinite duration and bandwidth. However, the definitions in equations (3.1) are only
valid for continuous-time signals and cannot be applied to the discrete-time signals. The
continuous-time signal must be converted into the discrete-time domain for enabling
processing in digital systems. This is usually performed by sampling the continuous-
time signal x(t) at time intervals nT , thus every T seconds, to produce the discrete-time
signal x[n] as given by:

x(t) �→ x[n] = x(nT ), −∞ ≤ n ≤ ∞. (3.2)

Generally the sampled signal xs(t) can be represented as a product of the continuous-
time signal x(t) and the Dirac comb:
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xs(t) = x(t)
1

T
⊥⊥⊥

(
1

T

)
=

∞∑
n=−∞

x(nT )δ(t− nT ). (3.3)

The relationship (3.3) presents the sampling process in the time-domain and becomes:

xs(t) =
∞∑

n=−∞
x[n]δ(t− nT ). (3.4)

With the substitution of (3.4) in the Fourier transform for continuous-time signals (3.1a)
we obtain:

Xs(jω) =

∞∫
−∞

∞∑
n=−∞

x[n]δ(t− nT )e−jωtdt (3.5)

=
∞∑

n=−∞
x[n]e−jωnT . (3.6)

Normalizing the frequency relative to the sampling interval Ω := ωT , and defining

X(ejΩ) := Xs(jω), (3.7)

the Fourier transform of the sampled signal x[n] is given by the discrete time Fourier
transform (DTFT):

X(ejΩ) =
∞∑

n=−∞
x[n]e−jΩn. (3.8)

As the transformed signal is discrete in time, the discrete-time Fourier transform (3.8)
is periodic with period 2π and is a summation of terms instead of an integral like for the
continuous-time signals [41]. Analogue to the Fourier transform for continuous-time
signals, we can build the inverse of the DTFT:

x[n] =
1

2π

2π∫
0

X(ejΩ)ejΩndΩ. (3.9)

This is called the inverse discrete time Fourier transform (IDTFT) and enables the re-
construction, i.e. synthesis of the original signal x[n].
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Discrete Fourier Transform

In order to compute the DTFT an infinite number of values is required. Furthermore, the
time variable of the DTFT is discrete in time, but the frequency variable is continuous.
These two problems have to be solved towards a digital signal processing implemen-
tation in soft- and hardware [49]. As we mentioned before, the DTFT spectrum is a
2π-periodical function, so that only the interval 0 ≤ Ω < 2π

T
can be considered. Here,

the signals of interest have a finite-length, thus the sequences x[n] with a length of N
samples has to fulfill the following condition [43]:

x[n] =

{
x[n] 0 ≤ n ≤ N − 1

0 otherwise.
(3.10)

Considering these two facts we can now solve the problems of the DTFT for practical
implementation as presented in the following steps.

Firstly, we take N equidistant samples in the interval 0 ≤ Ω < 2π with spacing 2π
N

and
evaluate the equation (3.8) at the frequency variable Ω for the k-th sample, with

Ωk =
2π

N
k, k = 0, 1, ..., N − 1. (3.11)

After that, we substitute (3.11) into the definition of the DTFT from the equation (3.8)
and obtain [41]:

X[ej
2π
N

k] =
∞∑

n=−∞
x[n]e−j 2π

N
kn, für k = 0, 1, ..., N − 1. (3.12)

The summation (3.12) can be decomposed into an infinite number of sums with length
N , as given by [41]:

X[ej
2π
N

k] =
N−1∑
n=0

[ ∞∑
l=−∞

x[n− lN ]

]
e−j 2π

N
kn, für k = 0, 1, ..., N − 1. (3.13)

The inner sum

xp[n] =
∞∑

l=−∞
x[n− lN ], (3.14)
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represents the periodic repetition of the original sequence x[n]. Thus, the signal xp[n] is
periodical with period N . Therefore, we can describe xp in Fourier series as [49]:

xp[n] =
N−1∑
k=0

cke
j 2π
N

kn, n = 0, 1, ..., N − 1, (3.15)

with Fourier coefficients

ck =
1

N

N−1∑
n=0

xp[n]e
−j 2π

N
kn, k = 0, 1, ..., N − 1. (3.16)

Using the equations (3.13) and (3.16) the following substitution can be applied:

ck =
1

N
X[ej

2π
N

k], k = 0, 1, ..., N − 1. (3.17)

Furthermore, xp is obtained from (3.15):

xp[n] =
1

N

N−1∑
k=0

X[ej
2π
N

k]ej
2π
N

kn, n = 0, 1, ..., N − 1. (3.18)

The equation (3.18) shows that the periodic signal xp[n] can be reconstructed from the
sampling values of the spectrum X[ej

2π
N

k] [41]. In the next step the condition (3.10) is
considered. The original sequence x[n] can only be recovered from xp[n] if the condition
(3.10) is fulfilled. In case of x[n] being of a finite time period with the length L ≤ N ,
then xp[n] from (3.14) is the periodical extension of x[n]. Hence, regarding only one
single period the following applies [41]:

x[n] =

{
xp[n] 0 ≤ n ≤ N − 1

0 otherwise.
(3.19)

The DTFT for such finite sequences is given by [41]:

X(ejΩ) =
N−1∑
n=0

x[n]e−jΩn 0 ≤ Ω < 2π. (3.20)

Sampling the X(ejΩ) at equally spaced frequencies Ωk as given by (3.11) provides

X[k] ≡ X[ejΩk ] =
N−1∑
n=0

x[n]e−j 2π
N

kn, k = 0, 1, ..., N − 1. (3.21)
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k Discrete frequency variable
n Discrete time variable
N Number of samples, number of frequency bins
X[k] Discrete Fourier Transform at number k or the k-th DFT coefficient
x[n] Sample value at number n

Table 3.1: DFT/IDFT variables.

The relation in (3.21) is used for the transformation of a discrete-time sequence x[n]
of length L ≤ N into a sequence of frequency samples X[k] of length N [41]. This
represents theDiscrete Fourier Transform (DFT) for the sequence x[n] with the length
N [49] and may be expressed as

X[k] =
N−1∑
n=0

x[n]W kn
N , k = 0, 1, ..., N − 1, (3.22)

where, the term WN denotes the twiddle factors and is defined as [49]

WN = e−j 2π
N . (3.23)

The inverse discrete Fourier transform (IDFT), used to recover the discrete-time se-
quence x[n] from the frequency samples, is given as follows [49]:

x[n] =
1

N

N−1∑
k=0

X[k]W−kn
N , n = 0, 1, ..., N − 1. (3.24)

The variables of the DFT and IDFT are summarized in Tab. 3.1.

3.1.1 Properties of the DFT

In this section the most important properties of the DFT for finite-duration sequences
are presented: linearity, periodicity, symmetry properties, and the Parseval´s Theorem.
A more detailed description is given in [41, 43, 46, 48–50].

LINEARITY

Let consider two discrete-time sequences x1[n] and x2[n], their DFTs X1[k] and X2[k]
respectively, as well as two constant variables a1 and a2. Then we can write:

24



3.1 DISCRETE FOURIER TRANSFORM (DFT)

a1x1[n] + a2x2[n] � �a1X1[k] + a2X2[k]. (3.25)

The DFT for the linear combination of two signals is equal to the linear combination of
the DFTs for the single signals.

PERIODICITY

The exponential term (3.23) is a periodic sequence with period N . Recalling the defini-
tions (3.22) and (3.24) implies the following:

x[n] = x[n+N ], for all n (3.26)
X[k] = X[k +N ], for all n. (3.27)

Both DFT and IDFT are periodic sequences with period N .

SYMMETRY PROPERTIES

The DFT is generally used for converting a complex-valued discrete-time sequence in
the discrete frequency domain. In the LOWILO scenario the input sequences are real-
valued, therefore here only symmetry properties of the real sequence x[n] are consid-
ered:

X[N − k] = X∗[k] = X[−k]. (3.28)

For given real sequences x[n], only the half of the spectrum values X[0], · · · , X[N/2]
needs to be computed. The other half is then automatically given by the equation (3.28).
In general it can be said that the spectrum of a real sequence has an even symmetry and
the spectrum of an imaginary sequence has an odd symmetry.

PARSEVAL‘S THEOREM

The energy of a finite-duration sequence in time domain is equal to the energy of the
frequency components in frequency domain divided by the factor 1

N

N−1∑
n=0

|x[n]|2 = 1

N

N−1∑
k=0

|X[k]|2. (3.29)
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CHAPTER 3. DIGITAL SIGNAL PROCESSING FOR FREQUENCY ESTIMATION

3.1.2 Efficient Algorithms for Computing the DFT

As mentioned before, the direct computation of the DFT as given by the equation (3.22)
is very expensive in terms of the total number of arithmetic operations. N2 complex
multiplications and N(N−1) complex additions are required for the direct computation
of the DFT [48]. The computational effort increases quadratically with the sampling
length N . The main reason why the direct computation of the DFT is inefficient, is
based on the fact that the DFT does not exploit the symmetry and periodicity properties
of the twiddle factors WN (3.23), which are given by [41]:

• Symmetry: W k+N/2
N = −W k

N .

• Periodicity: W k+N
N = W k

N .

The importance of the DFT for practical implementation has its source on the existence
of various algorithms for its efficient computation. These algorithms exploit exactly the
above mentioned properties of the twiddle factors. The most known algorithm with-
out multidimensional index transform is the Goertzel algorithm. This is applied, if only
single DFT coefficients are needed and the calculation of the complete DFT is not neces-
sary. It uses the periodicity of the term W−kN

N for reducing the computation effort [43].
Another method represents the Winograd algorithm, where the DFT is defined as poly-
nomial multiplication, also reducing the computation complexity [43]. The Bluestein
chirp-z algorithm or the chirp transform algorithm (CTA) is effective if a convolution
with a predefined impulse response should be performed. The CTA is based on defining
the DFT as convolution function [43]. Furthermore, there exist algorithms using the mul-
tidimensional index transform. Here, the one dimensional DFT is converted in a multi-
dimensional one. The DFT length is then decreased in every dimension, achieving an
overall reduction of the computational complexity. These algorithms are known by the
name FFT (fast Fourier transform) algorithms. The splitting in more dimensions works
out by factorizing the DFT length N . Depending on the method of factorizing there ex-
ist prime factor algorithms (PFA) and the common factor algorithms (CFA). The most
known representative of PFA group is the Good-Thomas-Algorithm. It is based on the
index transform corresponding to the Chinese Remainder Theorem [51]. The Winograd-
FFT-Algorithm is a PFA, too. The idea is based on splitting the inverse DFT matrix into
a Kronecker product of two smaller inverse DFT matrices with relatively prime dimen-
sions [51]. The most important CFA-FFT is the Cooley-Tukey-Algorithm [52], offering
the biggest flexibility, and permitting arbitrary factorization. For each Cooley-Tukey-
Algorithm there exist two methods for applying them: decimation in time (DIT) and
decimation in frequency (DIF). Considering the Cooley-Tukey-Algorithm, the factoriza-
tion of the DFT length usually follows a regular structure. For example, if we take the
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3.1 DISCRETE FOURIER TRANSFORM (DFT)

Radix-r-FFT, the factorization is done with the factor r. For the DFT length N only val-
ues N = rp, with p ∈ N are feasible. Generally, the base r is a power of two, because
the resulting structure can be easily mapped to the dual system in the digital systems.
That is why Radix-2 and Radix-4 FFTs belong to the widest spread realizations. The
Cooley-Tukey-Algorithm can also be factorized with two different bases (both values
are power of two) building the group of the Split-Radix-FFTs. The most known repre-
sentative of this group is the Radix-2-4-FFT with the bases r1 = 2 and r2 = 4. The
most important algorithms for computing the DFT are summarized in Fig. 3.1.

Efficient Computiation of the DFT

without multidimensional

index transformation

Good-Thomas-FFT

Cooley-Tukey-FFT

Winograd-FFT

Goertzel alogrithm

Bluestein-Chirp-z algorithm

Winograd  DFT algorithm

Decimation-in-Time (DIT) Decimation-in-Freq.  (DIF)

common factor

algorithm (CFA)

prime factor

algorithm (PFA)

Radix-r Split-Radix

Radix-2

Radix-4

Radix-2-4

with multidimensional

index transformation

Figure 3.1: Introduction of the most effective FFT algorithms for computing the DFT [41, 53].
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Further, in Tab. 3.2 the most important properties of the discussed common factor FFT
algorithms are given.

Property Cooley-Tukey Good-Thomas Winograd
Arbitrary Yes No

factorization
Twiddle factors needed Yes No No

# Multiplications (MUL) Bad Fair Best
# Additions (ADD) Fair Fair Fair

Computing data "in-place" Yes Yes No
Advantages for Small Simple FIR array Small N
implementation butterfly processor possible Min. area

Table 3.2: Comparing the properties of the most important common factor FFT algorithms [53].

In the past, the number of the multiplications, as this operation took the most com-
putation time, was the decisive factor for the choice between the different FFT algo-
rithms. Hence, the Good-Thomas-FFT and the Winograd-FFT were serious alternatives
to the simpler structured Cooley-Tukey-Algorithm. Nowadays the time for computing
a multiplication operation (MUL) is almost equal to the time for computing an addi-
tion operation (ADD), so that the Cooley-Tukey-Algorithm represents the best overall
performance by implementing the FFT in digital hardware. Hence, this FFT algorithm
family is chosen for further analysis.

3.2 Windowing

As explained in Section 3.1, one of the basic requirements of the DFT is that the time-
discrete input sequence x[n] has to be of a finite-duration. Therefore, windowing of
the sequence x[n] is needed. It means that x[n] is multiplied with another time-discrete
sequence w[n] in order to obtain a new sequence of a finite-length v[n]. The multipli-
cation in time domain corresponds to a convolution in the frequency domain and vice
versa. There occur two effects if applying windowing to the time-discrete sequence x[n]:
reduction of the spectrum resolution and leakage [54]. The impact of these two effects
on the resulting DFT depends on the characteristics of used windows. If using a rectan-
gular window, the sequence w[n] is constant non-zero value between 0 ≤ n ≤ N − 1,
otherwise it is equal to zero. For different use cases there exist different types of win-
dows, where a trade-off between the main-lobe width and the side-lobe amplitude is
necessary. A common window function is characterized by its frequency, amplitude
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Window Function Mathematical Description
Rectangle w[n] = 1
Bartlett w[n] = 2n/N

Hamming w[n] = 0.5(l − cos(2πn/L))
Hanning w[n] = 0.54− 0.46(l − cos(2πn/L))

Blackman w[n] = 0.42− 0.5cos(2πn/L) + 0.08cos(4πn/L)

Table 3.3: Common used window functions [41, 53].

Window Transition width of Maximum Side lobe
main lobe side lobe [dB/Oct]

Rectangle 4π/L −13dB −6dB
Bartlett 8π/L −27dB −12dB

Hamming 8π/L −32dB −18dB
Hanning 8π/L −42dB −6dB

Blackman 12π/L −74dB −6dB

Table 3.4: The parameter of window functions [41, 53].

and phase. The most common used windowing functions are given in Tab. 3.31, while
the properties of these functions are given in Tab. 3.42 [41, 53].

3.3 Zero-Padding

The term zero-padding defines the process of extending a finite-length input sequence
x[n] with zeros. Zero-padding is usually applied to the windowed sequence before
starting with the computation of the DFT. But note that zero-padding does not provide
any additional information about the spectrum X(ejΩ) of the sequence x[n]. However,
padding the sequence x[n] with N − L zeros and computing a N-point DFT results in
an "interpolated" spectrum of the Fourier transform X(ejΩ) [41]. Thus, zero-padding
in time domain corresponds to oversampling in frequency domain. It improves the
estimation of the location and the amplitude of the spectral peaks [43]. Zero-padding
is an important tool for spectral analysis, that is used mainly for two cases: obtaining
an input sequence x[n] with a length of a power of two, and for the interpolation of the
spectrum in frequency domain [55]. In the first case the input sequence will be extended
with zeros until it fulfills the condition of being power of two. In the second case it has
to be evaluated which zero-padding factor is needed in the time-domain for achieving

1L denotes the length of FIR filter.
2L denotes the length of FIR filter.

29



CHAPTER 3. DIGITAL SIGNAL PROCESSING FOR FREQUENCY ESTIMATION

the desired interpolation of the spectrum in the frequency domain.

In Fig. 3.2 the input signal is illustrated in its original form and after it has been extended
by applying zero-padding. Here, the zeros have been padded on the right side of the
input sequence.

0 2 4 6 8 10 12 14 16
0

0.05

0.1

0.15

0.2

0.25

0.3

0.35

0.4

n

x[
n]

(a)

0 5 10 15 20 25 30 35
0

0.05

0.1

0.15

0.2

0.25

0.3

0.35

0.4

n

x[
n]

(b)

Figure 3.2: The test input signal (a) and its zero-padded sequence (b).

In Fig. 3.3 are depicted the spectra of the same signal, in the original and in the zero-
padded version, as well as their envelope. Here we can see the effect of interpolation
in the spectrum, coming from the decreased distance between the frequency bins. We
recall that in case of finite-duration sequences, zero-padding in time domain corresponds
to upsampling in frequency domain.
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Figure 3.3: Spectrum of the test input signal (a) and its zero-padded sequence (b). The "physical"
resolution of the spectrum and the envelope are the same.
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ZERO-PADDING FACTOR

The zero-padding factor is used for quantifying the number of zeros that have been
padded to the original sequence. Let denote with NOrig the length of the original se-
quence, and with N the length of the zero-padded sequence, then we obtain the follow-
ing relationship for the zero-padding factor:

ZP =
N

NOrig

. (3.30)

3.4 Mathematical Aspects: Digital Implementation

There exist two ways of representing binary numbers in digital systems:

• Fixed point arithmetic: The length of the binary word and the decimal point are
fixed. Hence, the precision and the range of values that can be represented are
limited.

• Floating point arithmetic: For the floating point representation, every binary num-
ber is characterized by its significand, base, and exponent. This way much wider
range of numbers can be represented compared to the fixed point arithmetic.

3.4.1 Fixed Point Arithmetic

In digital systems binary number representation is usually preferred, due to their simple
representation with digits "0" and "1" or with states "high" and "low". Because of the
limited range when processing operations in fixed-point arithmetic, quantization errors
occur. This requires more advanced programming and implementation but benefits an
efficient use of the hardware resources, resulting on a reduction of area and energy
costs. Based on the well-known literature, in the following the basics of fixed length
implementation effects are presented [41, 43, 48, 53, 56–59].

NUMBERS REPRESENTATION

Here, the focus is on the binary representation of the fixed-point numbers. Then a real
number P can be represented as:
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P = (b−A, · · · , b−1, b0, b1, · · · , bB)2 (3.31)

=
B∑

i=−A

bi2
−i, 0 ≤ bi ≤ 1. (3.32)

The bits from b−A to bB represent the single bits, i. e. the digits comprising the binary
number: with bi representing the digit, while A is the integer part, and B the fractional
part of the number [41]. The binary digit b−A is called the most significant bit (MSB),
and the binary digit bB is called the least significant bit3 (LSB) of the binary word.
In this work binary fraction format is used, and the negative numbers are represented
by two´s-complement format (2C). In two´s complement representation the MSB is the
sign of the binary number: for positive numbers it is 0 and for negative numbers it is 1.
Therefore, the range of (B+1)-bit numbers is from −1 to 1−2−B . The representation of a
fractional number can be any number between the range from −1 to +1. However both,
the numbers −1 and +1 itself cannot be represented. The advantage of the fractional
numbers lies on the constant range of the values, which is independent of the word
length B + 1.

3.4.2 Quantization Error

The real numbers cannot be exactly represented by a binary number of the word length
B + 1, as only 2B+1 numbers can be given within that range. That is why real numbers
need to be quantized, i. e. approximated by a fixed-point number. Therefore exist two
application techniques: rounding and truncation. Their respective characteristics are
depicted in Fig. 3.4.
The basic operations needed in the digital signal processing are: addition (ADD), and
multiplication (MUL) of two fixed-point numbers. Addition of two´s complement num-
bers has the property that the sum of the string is within the range, while the multipli-
cation of two b-bit numbers results in a 2b-bit number. Thus, in order to apply digital
signal processing with a constant fixed number of bits, in case of multiplication trunca-
tion or rounding has to be applied. This implies quantization errors, having impact on a
lower precision in the signal processing flow.

Let us consider a fixed-point number p which is quantized from b to bQ bits with bq < b.
Then, for two´s complement representation the truncation error eT is always negative
and is within the range:

3Indexing of bits in digital systems is usually done by LSB = 0 and MSB = 1
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Figure 3.4: Quantization characteristics [48]: (a) Rounding, (b) Truncation.

− (2−bQ − 2−b) ≤ eT ≤ 0 (3.33)

Compared to truncation, the round-off error eR is independent of fixed-point representa-
tion, it is symmetric about zero and is within the range:

− 1

2
(2−bQ − 2−b) ≤ eR ≤ 1

2
(2−bQ − 2−b) (3.34)

The distance between two successive fractional numbers is called quantization step and
is denoted by qs. The quantization interval increases with the word length B + 1 as
given by:

qs = 2−B (3.35)
In case of applying truncation the quantization error related to the quantization step qs
is obtained within the range:

− qs < eT ≤ 0 (3.36)
In case of rounding the quantization error eR related to the quantization step qs is within
the range:

− qs
2

< e ≤ qs
2

(3.37)

In the next section the quantization errors after applying addition or multiplication of
two fixed-point numbers in two´s complement format are introduced.
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QUANTIZATION ERROR BY MULTIPLICATION

Let us consider the multiplication of two fractional numbers. Then the product is an-
other fractional number within the range from −1 to +1. The only exception is the
multiplication of (−1) · (−1) = +1, as +1 does not match the valid range. Hence, by
using fractional numbers, the multiplication by −1 should be avoided. The word length
of the product between two fractional numbers has the double number of bits compared
to the word length of the multipliers. The quantization interval is now qs

2 instead of
qs. As the goal is to keep a constant word length during the digital processing, the
product with the resolution qs

2 has to be quantized into a number with the resolution qs.
From the Fig. 3.4 it can be concluded that rounding is rather preferred than truncation
for minimizing the quantization error after multiplications.

QUANTIZATION ERROR BY ADDITION

Let us consider the addition of two fractional numbers. Then the result is a number
within the range from −2 to +2, but it is not guaranteed that it is a fractional number,
too. Therefore the range of the single summands of the addition operation has to be
limited for avoiding overlapping. For this purpose the range of the single summands
can be limited to the range from −0,5 to +0,5 and the summation result cannot overlap
anymore. Because of this scaling process, an additional bit is required for the exact rep-
resentation of the resulting binary number after the summation. But in the practice we
do not want to have extended word length, thus here also the quantization of the addi-
tion is needed. The quantization after addition can be provided, as for the multiplication
operation, by applying rounding or truncation. Two cases have to be considered:

LSB = 0: In this case truncation and rounding provide the same result and the quantiza-
tion error is given by: eT = eR = 0.

LSB = 1: In case of truncating, the quantization error eT corresponds to the deleted LSB:
eT = −1

2
qs. Applying rounding there exist two possibilities: rounding up and rounding

off. In the Fig. 3.4a) it can be observed, when rounding up is applied, the quantization
error is equal to: eR,up = +1

2
qs. On the other hand, when rounding off is applied, the

quantization error is given by: eR,down = −1
2
qs. Generally, both alternatives can be used.

The absolute value of the quantization error is in both cases the same. Nevertheless
usually rounding up technique is applied. As a consequence, the same quantization
error for truncation and rounding is obtained. The advantage of rounding in contrast to
truncation is that by multiple and successive addition operations no accumulation of the
quantization errors occur. Hence, in this work not truncation but rounding is applied for
quantization after addition operations.
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CHAPTER 4

FFT COMPONENT: DIGITAL DESIGN AND
IMPLEMENTATION

In Section 2.3, the calculation of the DFT by the FFT algorithm has been identified to
be the main digital processing task. All design steps of the FFT component, includ-
ing selection of the suitable algorithm, digital implementation and verification, and the
comparison with an existing FFT IP core are discussed and presented in this chapter.

The general design aspects for the digital implementation of the FFT component are:
computation speed, precise computation, and reduction of hardware requirements in
terms of logic cells or chip area. The FFT block has to be designed with respect to the
system specification in Tab. 2.2 and to the desired platform. The platform may be either
software-based on a personal computer or a dedicated DSP, or can be hardware imple-
mentation in either an FPGA or an ASIC. Beside the hardware platform, the number
of required arithmetic operations for the FFT calculation has a considerable influence
on the computation speed. Thus, the selection of an appropriate FFT algorithm is the
first step in the design process. In this context, the regularity of the algorithmic struc-
ture plays an important role towards an efficient implementation in digital hardware.
Regarding the precision of the computation, the goal is to minimize the quantization
error caused by the execution of the arithmetic operations. The reduction of hardware
requirements is closely related to the first two aspects. Increasing the degree of the
parallel computation, helps on increasing the computation speed. Increasing the word
length of the fixed-point samples results on more precise computation. But in both
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cases the hardware requirements and the power consumption would increase, too. The
implementation has to be placed within triangle of the three design aspects in the design
space with respect to the system requirements in terms of area, complexity, speed, and
power consumption. Here, no universal solution can be provided, but it helps to define
the general system approach and choose between the high-speed or low-power digital
architectures. Therefore, when implementing FFT algorithms the architecture can be
memory-based [60] or pipelined [61] depending on system requirements. According
to the length of the discrete time signal N many approaches for DFT computation by
using FFT exist. The most known algorithms belong to the radix-r family requiring N
being a power of r. Most commonly, radix-2 (r = 2) and radix-4 (r = 4) are used for
an efficient digital implementation because of their regular structure. In special cases,
depending on the system constraints and design goals, mixed radix forms (split-radix)
and pipelined radix algorithms can be beneficial.

In this chapter, the selection of the best suitable FFT algorithm and its digital imple-
mentation for the LOWILO application scenario is approached. In Section 4.1, one FFT
algorithm based on the design criteria will be selected. The digital design, implementa-
tion and verification of the selected FFT algorithm is the topic of the Section 4.2.

4.1 Selection of the FFT Algorithm and Architecture

In the following section, the basic radix algorithms radix-2, radix-4, and the mixing form
split-radix algorithm are shortly introduced and their properties are evaluated. Regard-
ing the digital implementation of the FFT component an overview of the memory-based
and pipelined FFT architectures is given. Finally, based on the system constraints and
the design criteria, one FFT algorithm for further implementation is selected.

4.1.1 Basic Radix Algorithms

As introduced in Section 3.1.2, the class of common factor FFT algorithms represents
one of the most used approaches for an efficient computation of the DFT. In order to
reduce the computation effort the divide-and-conquer approach [52] is applied, thus
the original DFT sequence is decomposed in smaller and smaller sequences. In the
following the basic decomposition principle based on [41] is presented.

The DFT sequence of length N can be represented as a product of two integer numbers
L and M :

N = LM L,M ∈ Z. (4.1)
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This way the one-dimensional input sequence x[n] indexed by n, with 0 ≤ n ≤ N − 1,
can be given as two-dimensional matrix indexed by l and m, with 0 ≤ l ≤ L − 1 and
0 ≤ m ≤ M − 1. For the output sequence X[k] we can apply the same, by mapping the
index k to a pair of indices (p, q), with 0 ≤ p ≤ L − 1 and 0 ≤ q ≤ M − 1. Then for
both mappings is defined:

n = l +mL (4.2)

k = Mp+ q. (4.3)

Hence, x[n] is decomposed in a two-dimensional array x[l,m] and X[k] in X[p, q] re-
spectively. For the DFT of the new arrays we obtain [41]:

X[p, q] =
L−1∑
l=0

M−1∑
m=0

x[l,m]W
(Mp+q)(mL+l)
N (4.4)

=
L−1∑
l=0

W lq
N

{
M−1∑
m=0

x[l,m]Wmq
M

}
W lp

L . (4.5)

The computation of the DFT (4.5) of lengths M and L is performed in three steps [41]:

1. Computing the M -point DFTs (4.5) for each row l = 0, 1, ..., L− 1

F [l, q] =
M−1∑
m=0

x[l,m]Wmq
M . (4.6)

2. Compute the array G[l, q]

G[l, q] = W lq
NF [l, q] (4.7)

with 0 ≤ l ≤ L− 1 and 0 ≤ q ≤ M − 1.

3. Compute the L-point DFTs for each column q = 0, 1, ...,M − 1 of the array
G[l, q]:

X[p, q] =
L−1∑
l=0

G[l, q]W lp
L . (4.8)

Using the stepwise decomposition, the computation effort for the DFT is significantly
reduced compared to the direct DFT computation. The required number of the complex
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multiplications is then reduced from N2 to N(M + L + 1), and the number of the
complex additions from N(N − 1) to N(M + L − 2). This algorithm can be repeated
(ν − 1)-times if N is factored into a product of prime numbers as given by:

N = r1r2r3...rν . (4.9)

For the special case where r1 = r2 = r3 = ... = rν ≡ r, we have N = rν . The DFT
sequences are of size r, which leads to the family of the radix-r FFT algorithms. Then
the decomposition of the DFT sequence is done by following a regular structure.

4.1.1.1 RADIX-2 ALGORITHM

While the direct computation of the DFT for a sequence with N samples requires N2

complex multiplications and N(N − 1) complex additions, by applying the radix-2
algorithm only N/2 log2 N complex multiplications and N log2 N complex additions
are needed. Hence, for the exemplary FFT length N = 1024 samples we can reduce the
computation effort by 99%. The requirement for the use of the radix-2 algorithm is to
compute only sequences of the length N = 2ν . The first step is always to decompose
the DFT of length N in two smaller DFT sequences of length N/2. The next step is
then decomposing the DFT sequences of length N/2 in two DFT sequences of length
N/4 and to repeat this procedure until only DFT sequences of length N = 1 remain.
The number of computation stages depending on the sequence length N is given by
ν = log2 N . The decomposition of the DFT using the radix-2 algorithm can be applied
in two ways: decimation in time (DIT) and decimation in frequency (DIF).

Index Index Bit reverse Bit reverse
decimal binary binary decimal

0 000 000 0
1 001 100 4
2 010 010 2
3 011 110 6
4 100 001 1
5 101 101 5
6 110 011 3
7 111 111 7

Table 4.1: The bit reversal operation for the DFT sequence N = 8.

In the DIF method, the input values are given in normal order, while the output values
are in the bit reversed order. In the DIT method the opposite is applied. The reversing
operation is done according to the binary system as given in Tab. 4.1. Considering the
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DFT definition in the equations (4.6) and (4.8) in the preceding section, in case of the
DIT algorithm M = N/2 and L = 2, while in case of the DIF algorithm M = 2 and
L = N/2 are selected for the decomposition. The computation effort is in both cases
the same. For the purpose of a short introduction of the radix-2 algorithm only the
DIF method is considered. A more detailed analysis is found in [41, 43, 49]. The basic
element of the radix-2 algorithm structure is called butterfly and is illustrated in Fig. 4.1.
Here the multiplication with the twiddle factor (3.23) is performed after the addition
operations [43]. The radix-2 DIF signal flow graph including all stages for the DFT
length N = 8 is depicted in Fig. 4.2. In Tab. 4.2 the properties of the radix-2 algorithm
are summarized.
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Figure 4.1: The butterfly as a basic element of the radix-2 DIF algorithm.
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Figure 4.2: The radix-2 DIF signal flow graph for the DFT length N = 8.

4.1.1.2 RADIX-4 ALGORITHM

In case of considering only input sequences of the length N = 4ν the DFT computation
can be performed by using the radix-4 algorithm. Compared to the radix-2 algorithm the
computational complexity can be further reduced. Hence, for the computational effort
3N
8
log2 N complex multiplications and 3N

2
log2 N complex additions are needed [41].
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Radix-2 Algorithm Total Number
Computation Stages log2 N

Butterfly Elements per Stage N/2
Complex-Valued Multiplications N/2 log2 N

Complex-Valued Additions N log2 N

Table 4.2: Properties of the radix-2 FFT algorithm.

This way the number of the required complex multiplications can be further reduced
by 25%, but results on an increased number of the required complex additions by 50%.
Nevertheless, the number of required complex additions can be further optimized and
get equal as for the radix-2 algorithm [41,43]. Using the radix-4 algorithm both decom-
position methods DIF and DIT can be applied as well. Considering the DFT definition
in the equations (4.6) and (4.8) in the preceding section, in case of the DIT algorithm
M = N/4 and L = 4, while in case of the DIF algorithm M = 4 and L = N/4
are selected for the decomposition. The computation effort is in both cases the same.
For the purpose of a short introduction of the radix-4 algorithm only the DIF method is
considered. For more detailed analytical approach further reading in [41, 43, 49] is rec-
ommended. For the DIF method, the input values are given in normal order again, but
in contrast to the radix-2 algorithm, the output values are not in the bit reversed order.
Moreover the reversing operation is done according to the quaternary system as given
in Tab. 4.3.

wN
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wN
3q
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1
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j
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Figure 4.3: The butterfly as a basic element of the radix-4 algorithm.

The basic element of the radix-4 algorithm structure, the butterfly, is illustrated in
Fig. 4.3. Here, the multiplication with the twiddle factors is performed after the addition
operations analog to the radix-2 DIF algorithm [43]. The radix-4 DIF signal flow graph
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Index Index Bit reverse Bit reverse
decimal quaternary quaternary decimal

a (a1, a0) (a0, a1) 4a0 + a1

0 00 00 0
1 01 10 4
2 02 20 8
3 03 30 12
4 10 01 1
5 11 11 5
6 12 21 9
7 13 31 13
8 20 02 2
9 21 12 6
10 22 22 10
11 23 32 14
12 30 03 3
13 31 13 7
14 32 23 11
15 33 33 15

Table 4.3: Bit reversal operation based on quaternary system for the DFT sequence N = 16.

including all stages for the exemplary DFT length N = 16 is depicted in Fig. 4.4. The
first step is always to decompose the DFT of length N in four smaller DFT sequences of
length N/4. The next step is to repeat the decomposing procedure for all computation
stages. The number of computation stages depending on the sequence length N is given
by ν = log4 N . Note that the digital implementation of the radix-4 algorithm is more
complex than the one of the radix-2 algorithm, due to the more complex structure of the
butterfly element. In Tab. 4.4 the properties of the radix-4 algorithm are presented.

Radix-4 Algorithm Total Number
Computation Stages log4 N

Butterfly Elements per Stage N/4
Complex-Valued Multiplications 3

8
·N log2 N

Complex-Valued Additions N log2 N

Table 4.4: Properties of the radix-4 FFT algorithm.
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Figure 4.4: The radix-4 DIF signal flow graph for the DFT length N = 16.

4.1.1.3 SPLIT-RADIX ALGORITHM

The split-radix algorithm is based on the idea of using both, radix-2 and radix-4 de-
composition, within the same algorithm [41, 62]. The main approach is to exploit the
possibility of computing the odd- and the even-numbered input samples independently
of each other. For applying the split-radix algorithm the condition for the transform
length N being a power of two with N = 2ν has to be fulfilled. The first step is always
to decompose the DFT of length N into one DFT sequence of length N/2 without twid-
dle factors and two DFT sequences of length N/4 with respective twiddle factors. The
N/2-DFT is then computed by using the radix-2 algorithm, while the N/4-point DFTs
are computed with the radix-4 algorithm. The next steps follow this decomposition pro-
cedure up to the last computation stage. The natural order of the transformed output
samples is lost by applying the split-radix DIF algorithm and decomposing in even- and
odd-numbered samples. Nevertheless, using the bit reverse method we can reorder the
samples in natural order again. In Tab. 4.5 the properties of the split-radix algorithm are
presented. In order to start the signal processing in the split-radix butterfly four input
samples are required. The first two samples will be computed without multiplication
with the twiddle factors, while for the last two samples a multiplication with twiddle
factors is required. A detailed analysis can be found in [41, 43, 49, 63]. In Fig. 4.5
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the split-radix butterfly is depicted. The complete signal flow graph of the split-radix
DIF FFT for the transform length N = 16 is illustrated in the Fig. 4.6. The number of
complex arithmetic operations depends on the number of computation stages and of the
butterfly operations. Compared to the radix-2 and radix-4 algorithms, the split-radix al-
gorithm requires the lowest number of multiplication and addition operations [41]. But
the irregular structure of the split-radix algorithm results on increasing implementation
efforts, making the radix-2 and radix-4 regular structures more attractive for the most
application scenarios.

Split-Radix Algorithm Total Number
Computation stages log2 N

Butterfly Elements per Stage depends on number of stages
Complex-Valued MUL depends on number of stages
Complex-Valued ADD N log2 N

Table 4.5: Properties of the split-radix FFT algorithm.

4.1.2 Implementation of FFT Algorithms

In Section 4.1.1 presented algorithms are developed for an efficient computation of the
DFT in software or digital hardware. Selecting one specific FFT algorithm means fix-
ing the number of the arithmetic operations and the regularity of the algorithmic struc-
ture [64]. Regarding the digital architecture, more considerations have to be taken into
account during the implementation of the FFT algorithm: the degree of parallel compu-
tation, the natural order of the input or output data, and the memory requirements. In
the following an overview of memory-based and pipeline FFT architectures is given and
their properties towards the digital implementation are discussed.

4.1.2.1 MEMORY-BASED FFT ARCHITECTURE

By computing a FFT algorithm, it is neither always necessary nor practicable to execute
all butterfly operations of a signal flow diagram in parallel. The simplest calculation
of the FFT is the sequential butterfly operation. In this way, only one butterfly needs
to be implemented in hardware. The selected number of the implemented butterfly ele-
ments depends on the existing hardware resources, target computing speed and available
memory. Generally, if the goal is a low-power design and the computation speed does
not have the highest priority, memory-based FFT architectures are preferred [60, 65].
The most used approach is to implement only one butterfly element for performing all
butterfly operations. The consequence is that the FFT results after every computation
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Figure 4.5: Basic split-radix DIF butterfly element.

stage has to be buffered. The advantage is that only the output and not the input data
of every computation stage needs to be stored. This leads to the in-place computing
technique [41].

In-Place FFT Computing. Because of the beneficial alignment of the butterfly oper-
ations in a typical FFT signal flow diagram, it is possible to apply in-place computing
technique if implementing a memory-based FFT architecture [41, 66]. This means that
for the FFT transform length N only 2N 1 memory cells (real and imaginary data) are
required. Moreover only one memory block for both, input and output data of every
computation stage is necessary. The input data are successively overwritten by the out-
put data, so that the processed data is taking always the same place in the memory block.
This procedure is continued up to the last stage, when the output data represents the DFT
coefficients. For better introduction of the in-place computation, the technique is exem-
plary illustrated in Fig. 4.7 for the radix-2, and in Fig. 4.8 for the radix-4 algorithm.

1Note that the real memory requirements depend on the word length w and are given by: 2N · w.
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Figure 4.6: Signal flow graph of split-radix DIF FFT algorithm for the transform length N = 16.

Applying the radix-2 algorithm the in-place process begins with taking two data points
IA and IB from the memory block and bringing them to the butterfly inputs Ain and
Bin. After the butterfly operation is performed the result is ready for the outputs Aout
and Bout. Finally the output data will be written back in the same memory cells M(IA)
and M(IB). The same process is valid for the radix-4 algorithm, only the number of
the inputs, outputs and of the processed data points is increased from two to four. This
technique can also be used for the split-radix algorithm.

Double Memory FFT Computing. Note that using the in-place technique the input
data is not being stored. If this is required in the application scenario, then an additional
memory block of length 2N 2 for the input data is needed. The second memory block is
then reserved for storing the output data at every computation stage. The disadvantage is

2Note that the real memory requirements depend on the word length w and are given by: 2N · w.
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Figure 4.7: In-place computing principle for the radix-2 FFT algorithm.

that in every stage the data transfer from the first to the second memory block is required.
The total memory requirements for a FFT transform length N are doubled from 2N to
4N . The advantage is that the input data information can be preserved. Additionally
it can be possible to save both, the input and output data in natural order. Moreover,
regarding the addressing scheme it can be beneficial and easier to implement if the
doubled memory is available. Nevertheless, additional memory area implies higher
costs and lower energy efficiency and is not recommended for low power designs.

4.1.2.2 PIPELINE FFT ARCHITECTURES

In memory-based FFT architectures, the single butterfly operations are performed se-
quentially. However, implementing these algorithms digitally e.g. on FPGAs, the but-
terfly operations can be performed in parallel, and thus reduce the needed computation
time. Compared to conventional FFT architectures for DFT computation, the pipeline
FFT architectures are designed to compute as many butterfly operations as possible in
parallel. The main design goal is the minimization of the computation time. In contrast
to the sequential architectures, the minimization of the number of multipliers and adders,
reduction of memory requirements or lower complexity of the control logic is not the
focus of the pipeline architectures. This leads to high-speed and high-performance solu-
tions than towards an energy- and cost-efficient design. There exist different approaches
for pipeline FFT architectures, as described shortly in the following referring to [65,67].

Multi-Path-Delay-Commutator Pipeline Architecture. The oldest proposed archi-
tecture is the Multi-Path-Delay-Commutator pipeline architecture. The basic principle
of this architecture is to split the signal flow into several paths and using memory ele-
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Figure 4.8: In-place computing principle for the radix-4 FFT algorithm.

ments to establish the right "distance" between the split sequences. The disadvantages
are the high memory requirements and the low utilization of the digital circuits. With
the Multi-Path-Delay-Commutator Architecture all Radix-r algorithms can be imple-
mented. The most known implementations of this family are the Radix-2-Multi-Path-
Delay-Commutator (R2MDC) and Radix-4-Multi-Path-Delay-Commutator (R4MDC).

Single-Path-Delay-Feedback (SDF) Pipeline Architecture. The SDF is an extended
version of the Multi-Path-Delay-Commutator pipeline architecture. Instead of splitting
the signal paths in separate data sequences, the signal is fed back for establishing the
right "distance" between the successive values. Using the feedback path only the half
of the memory elements is needed. Similar to the Multi-Path-Delay-Commutator Archi-
tecture all Radix-r algorithms can be implemented. The basic principle of the Single-
Path-Delay-Feedback for the radix-2 algorithm is depicted in Fig. 4.9.

Delay Line

Butterfly

s

in out

Figure 4.9: Basic principle of the Single-Path-Delay-Feedback pipeline architecture.

The most known implementations beside the Radix-2 SDF Pipeline (R2SDF) are the
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Radix-4 SDF Pipeline (R4SDF) and the Radix-22 SDF Pipeline (R22SDF) architec-
tures.

4.1.3 Comparison of the Main Design Parameters

In the Tab. 4.6 the most important properties of the discussed basic radix algorithms are
summarized. For the split-radix algorithm it cannot be derived a fixed formula for the
number of required butterflies per stage and for the number of the complex multiplica-
tions related to the transform length N . In Tab. 4.7 the number of the required complex
arithmetic operations for the different basic radix algorithms using some common trans-
form lengths N has been presented.

FFT Algorithms Radix-2 Radix-4 Split-Radix
Computation Stages log2 N log4 N log2 N
Butterfly Elements per Stage N/2 N/4 no fix formula
Complex-Valued Multiplications N/2 log2 N 3/8N log2 N no fix formula
Complex-Valued Additions N log2 N N log2 N N log2 N

Table 4.6: The properties of the basic radix algorithms.

The Tab. 4.7 and 4.8 give an overview over the properties of the FFT algorithms by using
real numerical examples. The number of required butterflies for a radix-4 algorithm is
lower than the number required for a split-radix algorithm, as presented in the Tab. 4.7.
However, more arithmetic operations are required for the computation of one single
radix-4 butterfly than for the computation of a split-radix butterfly element.

N
Number of Butterfly Elements
Radix-2 Radix-4 Split-Radix

16 32 8 9
64 192 48 57

1024 5120 1280 1593
4096 24576 6144 7737

Table 4.7: Number of required butterfly elements for radix algorithms with numerical examples.

Considering only the number of the required complex multiplications related to the
FFT transform length N , it can be concluded that the split-radix algorithm is the most
efficient one as given in Tab. 4.8. On the other hand, radix-2 and radix-4 algorithms have
more regular butterfly structure than the split-radix algorithm implying more efficient
digital implementation [41].
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N
Number of Complex-Valued Multiplications
Radix-2 Radix-4 Split-Radix

16 32 24 18
64 192 144 114

1024 5120 3840 3186
4096 24576 18432 15474

Table 4.8: Number of required complex multiplications for radix algorithms with numerical
examples.

By computing the arithmetic operations in parallel we can significantly reduce the com-
putation time needed for the DFT calculation. Compared to the memory-based archi-
tectures, the required number of the complex multiplications and additions can be opti-
mized to be the same as for the pipeline architectures. Even if the computation speed
is the focus of the pipeline architectures, in the last years there is an increasing number
of proposed pipeline architectures with the intention of reducing the energy and costs
of the design [65]. This optimization can be measured by the required number of the
needed adder and multiplier elements as well as in terms of memory requirements for
respective pipeline architectures.

Pipelined FFT Multiplier Adder Memory Twiddle Factors
R2MDC 2(log4 N− 1) 4 log4 N 3N/2− 2 log2(N)N
R2SDF 2(log4 N− 1) 4 log4 N N− 1 log2(N)N
R4SDF log4 N− 1 8 log4 N N− 1 3

4
log4(N)N

R4MDC 3(log4 N− 1) 8 log4 N 5N/2− 4 3
4
log4(N)N

R22SDF log4 N− 1 4 log4 N N− 1 3
4
log4(N)N

Table 4.9: Overview of FFT algorithms based on pipeline architectures: The required number
of adders, multipliers, twiddle factors and the memory requirements depending on the transform
length N .

In Tab. 4.9 the main parameters of the FFT algorithms based on pipeline architectures
are compared to each other. It can be seen that the number of multipliers and adders
is related to the transform length N , what can be very large for long input sequences.
Especially regarding the long input sequences in the LOWILO application scenario,
high memory requirements have negative impact on the needed area and system costs.
This is why pipeline architectures are mainly recommendable for high-speed designs
without low-power design goals. In contrast to the pipeline architectures, memory-based
architectures need only one or few multipliers and adders at the cost of the computation
speed. Furthermore, using the in-place computation the memory requirements can be
minimized enabling more energy- and cost-efficient implementations.

49



CHAPTER 4. FFT COMPONENT: DIGITAL DESIGN AND IMPLEMENTATION

So far, the impact of the required arithmetic operations on the computation speed, and
the influence of the digital architecture on the number of multiplier and adder elements
have been discussed. Furthermore, the memory requirements for different FFT architec-
tures have been introduced. The last criterion for the digital design of the FFT compo-
nent, the precision of the computation, was not the topic of this section. The precision in
terms of total quantization error is independent of the selected algorithm [41,58,68,69].
The fixed word lengths for input data, FFT processing, and twiddle factors have indeed
a considerable influence on the quantization error.

When selecting one basic FFT algorithm and specifying the digital architecture, the sys-
tem requirements presented in Chapter 2 and especially the design constraints in Section
2.3.1 have to be considered. As the real input sequence has a length of 16384 samples
per sweep, the total length of 32768 samples has to be transformed considering both
consecutive sweeps in the LOWILO application scenario. On the other hand the word
length of the input sequence is fixed to 20 bit (10 bit for the real and imaginary part
respectively). This requires a minimum of 327680 memory cells per sweep or 655360
memory cells in total. Hence, towards a low-power design and for reducing the memory
requirements, a memory-based FFT architecture including the in-place computing tech-
nique is suggested. Due to the lower multiplicative complexity than the radix-2, the bet-
ter regularity of the algorithmic structure than the split-radix and the significant reduced
hardware requirements compared to pipeline FFT algorithms e.g. R22SDF, the radix-4
algorithm fulfills better the LOWILO system requirements. Exploiting the natural order
of the input sequence and the simpler digital design the radix-4 DIF is the method of
choice. In summary, the memory-based fixed-point radix-4 DIF FFT approach has been
selected for the implementation in this work.

There exist many implementations of the radix-4 FFT algorithm, which differ in com-
puted FFT size, computational speed, power consumption, chip area, or design method.
In [68] various FFT algorithms from the radix family have been compared and their
suitability towards DSP implementation has been evaluated. Nadehara et. al. presented
a radix-4 algorithm using four butterflies in parallel, implemented on the V830R pro-
cessor [70]. An example for a 256-point FFT is computed at 200 MHz. In [71] a
1024-point radix-4 FFT core in VHDL is developed and implemented in Xilinx Spartan
3 FPGA at 50 MHz. Sun et. al. [72] presented a radix-4 design for a real-time FFT pro-
cessing unit based on an Altera Stratix FPGA. An ASIC implementation of the radix-4
algorithm was presented in [73]. This design computes a 16-point radix-4 FFT and is
implemented in 180 nm CMOS technology.
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4.2 Digital Implementation of the Radix-4 FFT

In this section the digital implementation of a fixed-point radix-4 FFT algorithm for
local positioning applications in low power and highly miniaturized wireless sensor net-
works is presented. The radix-4 algorithm has been implemented and investigated in C,
afterwards it was described in VHDL. The simulation and the functional verification of
the algorithms is performed by using Matlab and ModelSim. Finally, it has been im-
plemented and validated in hardware (FPGA) and further optimized towards a possible
ASIC design. Based on the general introduction about basic radix algorithms given in
Section 4.1.1 the analytical approach of the radix-4 algorithm is recalled.

4.2.1 Analytical Approach

For a complex-valued time-discrete sequence x[n] of N points the DFT is defined as
given in equation (3.22) [41]

X[k] =
N−1∑
n=0

x[n]W nk
N , k = 0, 1, 2, . . . , N − 1,

where the twiddle factor WN is given as defined in equation (3.23) by

WN = e−j2π/N .

The function X[k] represents the frequency domain value of the input function x[n] in
the discrete time domain.

When the size N is a power of 4 i.e. N = 4ν , using the "divide-and-conquer" approach
from Cooley and Tukey [52] an efficient calculation of the DFT using the radix-4 FFT
algorithm is possible. In this work the Decimate in Frequency (DIF) method for decom-
position [41] has been used. The N-point DFT will be decomposed into smaller DFT
subsequences of the length N/4, which can be computed in a more efficient way. A
bit-reversal step has to be executed for the output sequence, while the input sequence is
in normal order. Considering the DFT computation of lengths M and L in (4.5), three
steps have to be performed as given in the equations (4.6), (4.7), and (4.8). In case
of radix-4 DIF FFT algorithm M = 4 and L = N/4 are selected for the decomposi-
tion. Then the basic radix-4 butterfly for the decimation-in-frequency algorithm can be
defined as follows [41]:

X[p, q] =

(N/4)−1∑
l=0

G[l, q]W lp
N/4 (4.10)

51



CHAPTER 4. FFT COMPONENT: DIGITAL DESIGN AND IMPLEMENTATION

w N
0

w N
q

w N
2q

w N
3q

-j

-1

j

-1
1

-1

j

-1

-j

IN 1

IN 2

IN 3

IN 4

OUT 1

OUT 2

OUT 3

OUT 4

Figure 4.10: Basic butterfly of radix-4 DIF FFT.

where

G[l, q] = W lq
NF [l, q] (4.11a)

F [l, q] =
3∑

m=0

x[l,m]Wmq
4 (4.11b)

with

m, q = 0, 1, 2, 3 (4.12a)
p, l = 0, 1, . . . , N/4− 1. (4.12b)

The resulting algorithm consists of log4(N) stages with N/4 butterflies respectively.
After considering the trivial multiplications with W 0

N = 1 the total number of complex
multiplications can be reduced to (3N/8) log2(N). Furthermore as shown in [41] us-
ing a matrix of the linear transformation for the expression in (4.10) the total number
of complex additions can be reduced to N log2(N). The basic butterfly, also called
dragonfly, for the radix-4 FFT algorithm is depicted in Fig. 4.10.
Consequently, exploiting the resulting matrix form as described in [41] for the realiza-
tion of a single radix-4 butterfly only three complex multiplications and eight complex
additions are required, whereby the multiplications with the twiddle factors WN are
done after the addition operations.
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ALGORITHM IMPLEMENTATION

In this work, the radix-4 DIF algorithm is memory-based implying in-place computation
capability, and only one butterfly element is used for the FFT computation. The imple-
mentation of the algorithmic structure is based on the signal flow diagram of radix-4
DIF FFT (Fig. 4.10). For sake of simplicity the implementation process is presented for
a transform length N = 16 as depicted in Fig. 4.11.

Figure 4.11: Description of the signal flow diagram of radix-4 DIF FFT for a transform length
N = 16. The following denotation has been used: R is the butterfly number, S stands for
computation stages, while M(I) represents the memory cell M of index number I .

From left to right, the signal graph can be divided in stages. In order to distinguish the
different stages, each stage is assigned a respective number S. The numbering begins
with 0 for the first stage. As mentioned before in Section 4.1.1.2, for calculating the
radix-4 FFT log4 N = 1

2
log2 N computation stages with respectively 1

4
N butterflies

are required. From top to down, the signal graph can be divided in M(I) lines. The
lines are indexed by I and the numbering begins with 0 as well. The number of lines
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M(I) is equal to the number of samples N to be transformed. The butterfly number is
given by R. The numbering begins with 0 and follows a top down principle. In order
to implement the three computation steps (4.6), (4.7), and (4.8) the butterfly element
requires: the input data x[n] of transform length N , the twiddle factors WN

q, and the
memory index numbers M(I).
The calculation of memory index I and twiddle factor exponent q is based on the binary
representation of the butterfly number R. As R cannot be negative the binary represen-
tation for integer number x is used:

x = (bBbB−1 . . . b1b0•)2 (4.13a)
= bB2

B + bB−12
B−1 + · · ·+ b02

0. (4.13b)

Since integer numbers can be represented by B+1 digits, they cover the range from 0 to
2B+1. For the radix-4 FFT presented in Section 4.1.1.2, the numbers are represented by a
quaternary system (see Tab. 4.3). Nevertheless, the quaternary system can be described
with the help of the binary system, by substituting one quaternary digit with two digits
of one binary pair. In Fig. 4.12 the process of gaining the memory index I and the
twiddle factor exponent q based on the binary butterfly number R is illustrated. The
process starts with dividing the binary butterfly number R into one "left" and one "right"
part. In order to calculate the memory index two digits of one binary pair are inserted
between these two parts. The four memory index numbers IA, IB , IC , and ID are given
by exploiting the four possible combinations of the two binary digits 0 and 1. The
calculation of the twiddle factor exponent is achieved by padding three binary 0-pairs
to the "right" part. In order to implement the algorithm in a software programming or
hardware description language, two loops running through all values for S and R have
to be built. The outer loop is the one with the stages S and the inner loop counts the
butterfly numbers R:

• S: from 0 to log4 N − 1 = 1
2
log2 N − 1, step size 1.

• R: from 0 to 1
4
N − 1, step size 1.

Using fixed-point arithmetic instead of floating point data format helps reducing hard-
ware requirements and processing time. Therefore the results of arithmetic operations
are scaled and quantized to make the design robust against integer-overflow. There are
two quantization strategies: truncation and rounding. Due to the asymmetric (only nega-
tive) quantization error truncation is not suitable for fixed-point FFT algorithms, where
the quantization step has to be applied many times leading to an error accumulation.
Hence, in this work rounding was preferred by alternating up-and off-rounding for
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Figure 4.12: Calculation of the memory index numbers IA, IB , IC , and ID as well as of the
twiddle factor exponents q out of stage number S and butterfly number R, based on the block
diagram structure of the radix-4 DIF butterfly.
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half-way values at every stage. Then the quantization error e relating to the quantization
step qs

− qs
2

≤ e ≤ qs
2

(4.14)

is symmetrically distributed around zero. This minimizes bias errors and yields im-
proved accuracy.

TWIDDLE FACTOR CALCULATION

The twiddle factors (TF) can be calculated by using the equation (4.15a). Alternatively
the twiddle factors can be represented by their real and imaginary parts, as given in
equations (4.15b) and (4.15c):

W q
N = e−j2πq/N , with q = 0, 1, 2, . . . , N − 1, (4.15a)

W q
N� = cos(2πq/N), (4.15b)

W q
N� = − sin(2πq/N). (4.15c)

The twiddle factors do not depend on the input signal and can be calculated separately.
Therefore it is common to calculate and store them in a look-up table. The advantage
is to calculate the twiddle factors only once and to be able to access them at any time.
The disadvantage is that additional memory is needed to store the values. The mem-
ory requirements for the TF are depending on the transformation length N as given in
equation (4.15a). The stored twiddle factor values are stored in a memory based table
and the index line corresponds to their exponent q. Generally, two separate tables for
storing the real as well as the imaginary parts are necessary. In practice the real and
imaginary parts are merged into one data word and stored in the same memory cell. The
real part can then e.g. occupy the first/left part, while the imaginary part occupies the
second/right half of the memory cell. This way only one memory table for storing the
real and imaginary parts is required.

Depending on whether the radix-4 FFT algorithm is implemented in float-point or fixed-
point arithmetic, the twiddle factors can be represented by respective numbers. In
Fig. 4.13 the twiddle factors have been illustrated for an exemplary transform length
of N = 32 in floating-point format.
Generally, in fixed-point implementations the twiddle factors are represented as frac-
tional numbers with the same word length as for the input data. In that case two prob-
lems occur: the number +1 cannot be represented as a fractional number and the number
−1 is to be avoided, otherwise multiplication operations cannot be performed properly.
On the other hand, the range of the sine and cosine values of the twiddle factors match
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Figure 4.13: Calculation of twiddle factors for an exemplary transform length of N = 32 in
floating-point arithmetic. (a) Left picture: Real part. (b) Right picture: Imaginary part.

the range [−1;+1[ of a fractional number except of the value +1 as given in equations
(4.15b) and (4.15c). In Fig. 4.14a the twiddle factors for the transform length N = 32
are depicted again. This time a fixed-point format with a quantization interval qs = 1

4

is used, corresponding to a quantization step of a fractional number with B = 2 fixed
points. Due to the rough quantization the above mentioned problems become obvious:
in this case the incorrect numbers +1 and −1 occur five times, respectively. This issue
can be solved by scaling down the phase factors or increasing the word length.

Quantization using Down-Scaling Method. Here, the scaling of the twiddle factors is
performed by multiplication with 1 − qs. This way the absolute extreme values of the
trigonometric functions in equation (4.15) are scaled down by one quantization interval
and can be represented as fractional numbers. The result is shown in Fig. 4.14b. Due to
this scaling some imprecision corresponding to the quantization interval occurs. This is
most obvious, if the word length B+1 is very short taking only few bits. However in this
work another solution is proposed, where no down-scaling and extra bits are needed.

Quantization using the Signal-Zero Method. The critical +1 value of the sine and
cosine functions is replaced by so called signal-zeros. The algorithm then decides
from the position of the entry in the lookup table whether there is a real zero or a signal-
zero. For this purpose the look-up table is divided into eight partitions of the length
1
8
N . Since the sine and cosine function curves are well-known, for each partition

can be clearly decided if there is a real zero or a signal-zero "substituting" the values
+1 and −1. By this method the masked +1 is detected, the trivial multiplication is
skipped and no down-scaling of the twiddle factors is required. Thus the signal-zero
method provides maximum accuracy in the representation of the twiddle factors for a
given word length B+1. Especially the quantization precision of the signals with short
word lengths can be improved. Moreover, due to the skipping of the trivial multiplica-
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Figure 4.14: Twiddle factors for FFT transform length N = 32; Left: real part; Right: imag-
inary part. (a, b) Rounding with quantization step qs = 1

4 ; (c, d) Down-scaling method by
multiplication of twiddle factors with 1− qs to avoid the values +1 and −1.

tion operations the computation time of the radix-4 DIF FFT algorithm is reduced.
The disadvantages are the increasing programming effort and the higher hardware re-
quirements.
In Tab. 4.10 the advantages and disadvantages of both methods are presented. It can be
seen that the signal-zero method offers better trade-off between the quantization error,
computation speed and hardware requirements than the down-scaling method.

Twiddle Factor Optimization. The TF can be further optimized by avoiding trivial
complex-valued multiplication operations, i.e. multiplication with numbers +1, −1,
+j, and −j represented by the following twiddle factors:
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Method Down-Scaling Signal-Zero
Quantization Error High Low
Computation Speed Low High

Hardware Requirements Low Medium

Table 4.10: The Comparison of two different methods for the quantization of the twiddle factors.

W 0
N = +1 (4.16a)

W
N/4
N = −j (4.16b)

W
N/2
N = −1 (4.16c)

W
3N/4
N = +j. (4.16d)

For the radix-4 DIF FFT the twiddle factor exponent q is always lower than N/4. Due
to this fact, only the twiddle factors W 0

N and W
N/4
N could be optimized. This means the

trivial multiplication with these twiddle factors can be skipped or replaced by exchang-
ing the real and imaginary parts and reversing the sign, respectively.

Optimizable Twiddle Factors Radix-4 FFT
Total Number of W 0

N 5/4N + 1

Total Number of WN/4
N

1/4N−1
3

Table 4.11: The number of twiddle factors for the radix-4 FFT algorithm that can be optimized.

The number of occurrence of the "trivial" twiddle factors is given in Tab. 4.11. There-
fore the number of complex-valued multiplication operations can be reduced. In order
to compare the optimization degree, the total number of complex-valued multiplication
operations related to the transform length N is depicted in Fig. 4.15a. For better illustra-
tion the values are scaled to N log2 N . The total number of the real-valued arithmetic
operations (ADD and MUL) required for the execution of the radix-4 DIF FFT algo-
rithm after the twiddle factor optimization is compared to the non-optimized version in
Fig. 4.15b and to the general DFT solution in Fig. 4.15c.

Conclusion. Using the presented signal-zero method, even more twiddle factors can be
optimized, i.e. all twiddle factors taking +1 or −1 in their real or imaginary parts (cp.
Fig. 4.13). For example, the twiddle factor W 8

32 can be optimized due to the value −1
of its imaginary part. Due to the rounding operation (see Fig. 4.14a), the four neighbor
twiddle factors with exponents q = 6, 7, 9, 10 take the value −1 in their imaginary parts
as well. Here, no multiplication with the imaginary part is required neither. Thus, as
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Figure 4.15: (a) Total number of the complex-valued multiplication (MUL) operations scaled
to N log2N . (b) The total number of the real-valued arithmetic operations (ADD and MUL)
required for the execution of the radix-4 DIF FFT algorithm comparing the non-optimized with
the optimized version. (c) The total number of the real-valued arithmetic operations (ADD and
MUL) required for the execution of the optimized radix-4 DIF FFT algorithm compared to the
general DFT solution.
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stated before, using the signal-zero method, now even less multiplication operations
are required. The exact number of reduced multiplication operations is difficult to be
defined, as it depends on the quantization step qs and the FFT transform length N . But
the main advantage of the signal-zero method is more with the minimization of the
quantization error than with the reduced number of the multiplication operations. This
can result on a reduced fixed-point word length while keeping the required computation
precision. On the other hand, e.g. if the word length can be reduced from 10 bit to 8 bit
the memory requirements could be reduced up to 20%. Therefore, the application of
the signal-zero method supported by an alternate up- and off-rounding is an important
optimization step towards an cost- and area-efficient digital design (e.g. ASIC) as well.

4.2.2 Fixed-Point Implementation in C

The first step towards a hardware design is to implement the radix-4 algorithm in soft-
ware. This intermediate step is useful to build the bridge between the floating-point and
fixed-point implementation. For this purpose Matlab software and the programming
language C are used. Matlab provides a very good platform for the first implementation
of the analytical approach into floating-point environment. Moreover, Matlab offers an
own fft-function that can be used as a reference to verify the implementation and simu-
lation results. The C language is very useful to implement hardware-modeling features,
it facilitates the VHDL programming and the hardware implementation. Regarding the
fixed-point implementation the quantization of the arithmetic operations represents the
most important step. In this work three C versions of the radix-4 FFT algorithm in
fixed-point arithmetic are implemented, before proceeding with the VHDL design.

Algorithm Version Rounding Optimization Twiddle Factor Optimization
radix-4_fxp
radix-4_fxp_rnd �
radix-4_fxp_tf � �

Table 4.12: List of the FFT algorithm versions implemented in C and their optimization degree.

In Tab. 4.12 the properties of the radix-4 FFT versions are summarized. The first version
radix-4_fxp is the non-optimized fixed-point implementation of the analytical ap-
proach in C. The second version radix-4_fxp_rnd includes optimized rounding
i.e. alternate up- and off-rounding. In addition, in the third step radix-4_fxp_tf
the multiplication operations with twiddle factors are optimized. In order to facilitate
simulation, test and verification in Matlab, the input and output interfaces are imple-
mented in floating-point. As a consequence the input samples have to be converted
into a fixed-point format, while the output samples have to be converted back into the
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floating-point format. The following steps are performed to implement the radix-4 FFT
algorithm:

1. Scale and quantize the input data into fixed-point format.

2. Calculate and quantize the look-up table for the twiddle factors.

3. Perform the radix-4 DIF FFT algorithm.

4. Reorder the FFT output data using the quaternary system.

5. Rescale and convert the output data back to the floating-point format.

Scale and quantize the input data into fixed-point format. Compared to the floating-
point format, here this additional scaling and quantization step is required before the
algorithm is executed. The input samples in C data type double (floating-point) are
converted into the data type long. This can be done by applying the cast-operator.
Using this operator the data type long is interpreted as an integer and not as a fractional
number. For this reason and before converting process, the input data has to be scaled
by multiplication with the scaling factor SQ = 2B, corresponding to a right shifting of
the fixed point by B bits.

Calculate the look-up table for the twiddle factors. The twiddle factors are calculated
in floating-point format first, and then quantized into the fixed-point format. For the
quantization step the presented optimized signal-zero method is applied.

Perform the radix-4 DIF FFT algorithm. For the representation of the fractional
numbers the data type int long is used. It corresponds to a 32 bit number in two´s
complement format. This data type is used independently of the FFT word length. If the
word length is smaller than 32 bit, the unused binary points are padded with zeros. Due
to the fixed-point multiplication and its properties, only FFTs with a maximum word
length of 16 bit can be performed, otherwise two´s complement overflow can occur.

Reorder the FFT output data using the quaternary system. How the output data can
be reordered based on the quaternary system has been described in Section 4.1.1.2 and
presented in Tab. 4.3. The application of the in-place computation technique simplifies
the fixed-point implementation of the reordering process.

Rescale and convert the output data back to the floating-point format. After hav-
ing performed the radix-4 DIF FFT algorithm and reordered the output data, the DFT
coefficients are converted back into the floating-point format. Here, the cast operator is
used and the output data has to be rescaled again. The quantization scaling is achieved
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by multiplication with the factor 2−B. Moreover, during the execution of the radix-4
DIF FFT algorithm, each addition operation is pre-scaled with the factor 1/2. Now, all
these scaling operations has to be corrected. Hence, the total number of the required
addition operations for the radix-4 DIF FFT computation needs to be calculated. As pre-
sented before, in order to compute the radix-4 algorithm log4 N computation stages are
required. The radix-4 butterfly itself requires two addition operations for each signal per
computation stage. This implies two scaling operations with the factor 1

2
. Considering

the complete radix-4 algorithm the scaling factor for all computation stages is equal to
SAdd, Radix-4 = 1/N .

SAdd, Radix-4 =

(
1

2
· 1
2

)log4 N

=
1

N
. (4.17)

In order to convert the output signal into floating-point format a multiplication with the
factor S−1

Add · S−1
Q = N2−B has to be performed.

4.2.2.1 SIMULATION AND VERIFICATION

The last step is to test and verify the functionality of the implemented radix-4 FFT
algorithm in C. The test environment is created using Matlab software [74]. It is capable
of generating the test signals, to execute the radix-4 DIF FFT algorithm and to plot the
results. In case of need, the different FFT implementations can be compared versus each
other or towards the reference fft-function provided in Matlab. All C-functions created
in this work are compiled in a joint DLL file (Dynamic Link Library), enabling Matlab
to call the single functions and to perform the simulation. In order to verify the FFT
performance, several test signals have been generated in Matlab. These signals should
offer distinct properties in order to verify the algorithm against different test cases:

➀ Ideal Cosine: x[n] = cos(2πn/N).

➁ Cosine: x[n] = cos(2πn/N · 5,3 + 0,1).

➂ Noise: normally distributed, complex-valued noise of variance 1.

➃ Noisy Cosine: 0,8 · Signal ➁ + 0,2 · Signal ➂.

➄ Two Neighbor Frequencies: x[n] = cos(2πn/N · 5,3) + 0,8 cos(2πn/N ·
9,3)) / m, with m = maximum magnitude (⇒ scaling).

➅ Pulse: x[1] = 1; x[N/8] = 0,1; otherwise : x[n] = 0.
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All test signals are normed within interval range [−1;+1] and have been scaled by the
factor 0.9 in order to avoid values +1 and −1. In Fig. 4.16 the real parts of the test
signals for a transform length of N = 64 are illustrated.
During the verification process the DFT computation of the presented test signals using
the radix-4 DIF FFT algorithm has been simulated.

Simulation Parameter Length in [bit]
FFT Transform Length N 16, 64, 1024, 4096, 16384
Word length w 6, 8, 10, 12, 14, 16

Table 4.13: Simulation parameters for the verification of the radix-4 DIF FFT algorithm in C.

The simulation parameters are presented in Tab. 4.133. Generally, it was observed that
the simulation results of the C-implementations match with the reference signal pro-
vided by the own Matlab fft-function. To exemplify the simulation results, the verifica-
tion diagrams for the test signal ➄ 4 are shown in Fig. 4.17.
Here, the real and imaginary parts of the DFT coefficients X[k] are illustrated for the
word lengths 6, 8, and 10 bit. The quantization step qs is given on the right hand side
of the diagrams. As mentioned above, for the validation the own Matlab fft-function is
used. It can be seen that the quantization error increases with decreasing word length.
But if the word length is 10 bit no big difference compared to the Matlab-version can be
detected. It can be concluded that for the non-optimized version radix4_fxp simu-
lating the word lengths 6 bit, 8 bit the largest quantization error occurs. The optimized
version applying alternate rounding radix4_fxp_rnd shows better performance in
terms of lower quantization error, being smaller than the quantization step qs. The third
version radix4_fxp_tf using the twiddle factor optimization provides the lowest
quantization error. Moreover, it has been observed that the application of the signal-zero
method, has a positive impact on the precision of the highest peaks. The precision of
the radix-4 DIF FFT computation is given by the average quantization error em over all
frequency variables k:

em =
1

N

N−1∑
k=0

|X[k]−Xref [k]|. (4.18)

Note that the reference signal Xref [k] is generated using the Matlab fft-function. The
mean error em has been further scaled by the quantization step qs. The result em/qs
denotes the average deviation of the signal in quantization steps.

3Note that here the same word length is used for the input samples, for the twiddle factors as well as
for the internal FFT processing.

4The test signal ➄ is depicted in Fig. 4.16.
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Figure 4.16: Overview of different test signals used for the verification of FFT implementations.
For illustration purposes the transform length is N = 64.
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Figure 4.17: Selected verification figures of different FFT implementations for the transform
length N = 64.
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In Fig. 4.18 the relation between em/qs and the word length is depicted. For two ex-
emplary transform lengths N = 64 in Fig. 4.18a and N = 16384 in Fig. 4.18c it can
be noticed that the higher the number of samples N , the more important becomes the
optimization degree of the radix-4 DIF FFT algorithm. If only the 10 highest peaks are
considered as illustrated in Fig. 4.18b and Fig. 4.18d, the average error related to the
transform length N is even more obvious. Using the optimized versions (rounding and
twiddle factor optimization) the computation precision increases by factor 3 to 4.
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Figure 4.18: The average quantization error scaled to the quantization step em/qs is illustrated
for the test signal➁: (a) For different word lengths w at a constant transform length N = 64; (b)
Only the quantization error of the 10 highest DFT coefficients for different word lengths w at a
constant transform length N = 64; (c) For different word lengths w at a constant transform
length N = 16384; (d) Only the quantization error of the 10 highest DFT coefficients for
different word lengths w at a constant transform length N = 16384.

67



CHAPTER 4. FFT COMPONENT: DIGITAL DESIGN AND IMPLEMENTATION

4.2.3 Digital Architecture: VHDL Design

Now after verifying the implementation of radix-4 DIF FFT algorithm in C, it can be
designed in the VHDL language [75–77]. The general architecture used for the VHDL
implementation of the radix-4 DIF FFT algorithm is shown in Fig. 4.19. It consists
of the butterfly processing block, control unit, RAM, ROM, and three shift registers
(SR1, SR2, SR3). Data in- and output are considered to be serial. For this purpose
an SPI interface has been included in the design. Determining the optimal trade-off
between chip area, computational speed, power consumption and quantization error is
the challenge.

Figure 4.19: Block diagram of the radix-4 DIF FFT architecture.

4.2.3.1 GENERAL DATA FLOW

As in this work the in-place computing technique is applied, only one RAM for the input
and output data is required. Here a dual-port SRAM is used that enables simultaneous
reading and writing. In ROM are stored the pre-calculated twiddle factors. The shift
registers are necessary for serializing or parallelizing, i.e., buffering the intermediate
computation data. The butterfly processing block instantaneously needs four input sam-
ples (coming from the RAM, parallelized in the SR1) and three twiddle factors (coming
from the ROM, parallelized in SR3) for computing the radix-4 DIF FFT algorithm. Af-
ter the output data has been generated, it is buffered in SR2, where it will be serialized
and finally stored back in RAM. Respective RAM and ROM addresses are generated in
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the control unit, where also a finite state machine takes care of the whole data flow from
the first to the last computation stage. All blocks are triggered by the rising edge of the
system clock. For improving the computational speed, the architecture of the dual-port
RAM and the installed shift registers have been utilized. Reading data from the mem-
ory, processing the butterfly operations and writing data back to the memory can be then
executed in parallel. This results in faster performance of the digital realization of the
algorithm.

4.2.3.2 VHDL IMPLEMENTATION

The VHDL design comprises of synchronous and asynchronous elements. Each syn-
chronous process is clocked at rising edge of the CLK signal. The system clock CLK
is connected to all register elements in design. The highest level of the FFT design is
based on the introduced general data flow. The block diagram of the radix-4 DIF FFT
architecture designed in VHDL is depicted in Fig. 4.20.

Figure 4.20: Block diagram of the radix-4 DIF FFT designed in VHDL.

Radix-4 Butterfly. The arithmetic structure of the butterfly element is implemented as
described in Section 4.2.1. In order to implement the arithmetic operations, arithmetic
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operators in VHDL source code, but no commercial megafunctions, are used. The arith-
metic operators are implemented automatically and efficiently by using DSP blocks in
the Quartus II software. Before the computation process begins, the data word is split
in real and imaginary part. The "right" side of the data word represents the real part,
while the "left" side represents the imaginary part. After the computation is completed
the real and imaginary parts are again merged into one data word. The butterfly element
has four inputs and four outputs, respectively. Hence, the shift registers SR1 and SR2
have a length of four as well. The three twiddle factors 5 TF_B, TF_C, and TF_D
are read out sequentially from the ROM, but are provided to the input of the butterfly
in parallel. This is why an additional shift register SR3 of type SIPO (Serial In Parallel
Out) is required for the digital implementation. The butterfly input channels and the
shift register SR2 are loaded at the rising edge of the system clock and when the signal
BF_LOAD is active (every fourth clock cycle).

Lookup Table: Twiddle Factors. The twiddle factors required for the computation
of the butterfly are stored in an extra ROM. The twiddle factor exponent q is equal to
the ROM address signal ROM_ADR. When the control unit provides the ROM with the
corresponding address, one clock cycle is needed for the twiddle factor W q

N to come to
the ROM data output DATA and to be available for the butterfly operations. Here the real
and imaginary part of the twiddle factors are written as one word of a doubled length.
The left side of the word is then equal to the real part, while the right side corresponds
to the imaginary part. Note that the data in RAM is stored in the same way.

Memory Blocks: RAM and ROM. In order to implement the memory blocks, the AL-
TERA megafunction altsyncram is used [78]. The initialization of both memories is
done by using pre-generated RAM and ROM data files in Intel-Hex format. In order to
generate the RAM and ROM data files and to be able to read the new data out of them,
the following programs in C have been written:

• intel_hex_data_read:
Input: the initialization data file; Output: Data words split in real and imaginary
part in floating-point.

• intel_hex_data_write:
Quantization of the real and imaginary words, merging to one data word, and
writing into the data file.

• twiddlefactors_data_write:
Calculation and quantization of the twiddle factors, merging the real and imagi-
nary parts to one data word, and writing them into the data file.

5In fact there are four twiddle factors, but the "first" one TF_A is trivial i.e. W 0
N = 1 and can be

ignored.
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Data Input and Data Output. Before starting the computation the samples have to be
loaded into the RAM. Generally, the input samples are provided by the ADC. Here, a
test environment is designed for "feeding" the radix-4 DIF FFT component with input
data. The data is requested when the signal IN_REQ (input request) is set to ’1’. By the
next rising edge the data mined in DATA_IN are written in the RAM address "Zero".
By the following rising edge the data are written into the RAM address "One", and
this procedure is continued until all samples (last address N − 1) are written into the
RAM. After the transmission is completed, the signal IN_REQ is set back to ’0’. The
same is performed for the data output, where the signal DATA_OUT is used. When the
signal OUT_REQ is set to ’1’, by the next rising edge the first DFT coefficient is mined
at DATA_OUT. The procedure is continued, for all output samples by following rising
edges. At the end of the transmission the signal OUT_REQ is set to ’0’ again. When
the FFT computation is finished, no further data may be written into the RAM and the
signal WR_EN (write enable) is set back to ’0’.

Control Unit. The main task of the control unit is to supervise the whole data flow
from the first to the last computation stage by using a FSM, e.g. enabling the in-
place computation. In the control unit the RAM and ROM addresses (RAM_ADR_WR,
ROM_ADR, RAM_ADR_RD) are generated. Between the RAM signals for the writing
address RAM_ADR_WR and the reading address RAM_ADR_RD exist a delay of some
clock cycles. The number of these clock cycles i.e. the delay, depends on the time
period required for the data to complete one computation cycle. In the following the
detailed description of the control unit is presented.
In the control unit the state of the circuits (Fig. 4.21) is determined by the signals
STATUS, STAGE, and CALC_STEP. The signal STAGE corresponds to the variable
S of the binary method presented in Section 4.2.1 and denotes the current computation
stage. For each computation stage N clock cycles are required. The signal CALC_STEP
denotes the number of the current clock cycle per computation stage. By each rising
edge of the system clock CLK the signal CALC_STEP is increased by one. When the
CALC_STEP-Counter takes the value N − 1, the controlling signal CALC_STEP_RST
is reset. At the same time the signal STAGE_CLK_EN (stage clock enable) is activated
for one clock cycle, and the stage counter is increased by one. The two least signifi-
cant bits of the CALC_STEP determine whether IN_A, IN_B, IN_C or IN_D will be
read. The remaining bits of CALC_STEP correspond to the butterfly number R of the
binary method. They are required for calculating the respective RAM and ROM reading
addresses RAM_ADR_RD, and ROM_ADR as depicted in Fig. 4.12. The RAM writing ad-
dress RAM_ADR_WR corresponds to the delay of the RAM reading address. This delay
is generated by using a FIFO (First In First Out) memory element of the length ten. This
value results from the number of the clock cycles required for the data to complete one
computation circle. During the calculation phase the multiplexer MUX1 switches the in-
put B to the output, while the multiplexer MUX2 switches the input A to the input. When
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Figure 4.21: Schematic of the Control Unit Block (CUB); Clock lines are not plotted.

the samples are read in, the multiplexer MUX2 activates the input B and the RAM writing
address RAM_ADR_WR counts from zero to N − 1 by using the CALC_STEP counter.
The data output shall support the quaternary bit reverse order. For this purpose the multi-
plexer MUX2 switches the data output to the input A, enabling the RAM reading address
RAM_ADR_RD at the output. Here, an additional shift register for the serial transmission
of the twiddle factors q, 2q , and 3q to the ROM is used. The signal STATUS is created
by using one Medvedev finite-state machine (FSM) [79] and determines the state of
the circuits. Most of the control signals depend on the signal STATUS. The FSM di-
agram is illustrated in the Fig. 4.22. The bubbles represent the states using the signal
STATUS, while arrows represent the state transitions. The process begins with the state
POWER_UP. If the reset signal RST is activated, the state changes to RESET. If the reset
signal RST is deactivated the computation of the algorithm begins with the next rising
edge. The main states are: DATA_READ, CALCUALTE, and DATA_OUTPUT. Some
other additional transition states helps on better performance during the critical calcula-
tion phases. The state DATA_READ for example needs the transition state PRE_READ,
because the RAM writing address signal RAM_WR_ADR has to be activated one clock
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Figure 4.22: A Medvedev finite-state machine is used to determine the state of the digital cir-
cuits.

cycle before the real writing process begins. The main state CALCULATION needs the
transition states PRE_RUN, and POST_RUN. During PRE_RUN the first data is read
out of the RAM, but the calculated result did not reach the input of the RAM signal
DATA_WR yet. This implies that the signal WR_EN has to be deactivated for avoiding
the writing of not initialized data into the RAM. The first calculation result reaches the
RAM after ten clock cycles. In the transition state POST_RUN the last input values have
been read out of the RAM, but there is still more data located in the shift registers SR1,
SR2, and in the butterfly to be written into the RAM. The same principle is used for
the output states OUT_PRE_RUN, and OUT_POST_RUN. After the data output process
is completed the FSM changes to the state END and becomes inactive until the reset
signal is activated again. In the Tab. 4.14 the control signals given in VHDL notation
are presented.

4.2.3.3 SIMULATION AND VERIFICATION

The software tool ModelSim from Altera is used for the simulation of the designed
VHDL code. Analog to the fixed-point implementation in C, three versions of the radix-
4 FFT with different optimization degree have been implemented in VHDL. In Tab. 4.15
the properties of the radix-4 DIF FFT versions are summarized. The first version
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Control Signal Condition for the Logic State ’1’
CALC_STEP_RST STAGE_DONE = ’1’

or STATUS = RESET
or STATUS = READ_PRE_RUN
or (STATUS = POST_RUN
and CALC_STEP = DELAY)

STAGE_RST STATUS = RESET
or STATUS = DATA_READ
or (STAGE = LOG2_FFT_LENGTH/2-1
and STAGE_DONE = ’1’

STAGE_CLK_EN STATUS = CALCULATE and STAGE_DONE = ’1’
STAGE_DONE CALC_STEP = FFT_LENGTH - 1
OUT_REQ STATUS = DATA_OUTPUT

or STATUS = OUT_POST_RUN
IN_REQ STATUS = DATA_READ

or STATUS = READ_PRE_RUN
WR_EN STATUS = DATA_READ

or STATUS = CALCULATION
or STATUS = POST_RUN

BF_LOAD CALC_STEP(1 downto 0) = ’01’

Table 4.14: Control signals in VHDL notation.

radix-4_vhdl is the non-optimized fixed-point implementation of the analytical
approach in VHDL. The second version radix-4_vhdl_rnd includes optimized
rounding i.e. alternate up- and off-rounding. In the third step radix-4_vhdl_tf
the multiplication operations with twiddle factors are optimized. In order to facilitate
simulation, test and verification in Matlab, the input and output interfaces are imple-
mented in floating-point. As a consequence the input and output samples have to be
converted into a fixed-point and floating-point format, respectively.

Algorithm Version Rounding Optimization Twiddle Factor Optimization
radix-4_vhdl
radix-4_vhdl_rnd �
radix-4_vhdl_tf � �

Table 4.15: List of the radix-4 DIF FFT algorithm versions implemented in VHDL.

In order to test and verify the radix-4 DIF FFT in VHDL following steps are performed:

1. Generate the input signals and twiddle factors using Matlab.
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2. Initialize test bench and memory megafunctions in ModelSim.

3. Simulate the radix-4 DIF FFT algorithm in ModelSim.

4. Read out the FFT output data using the test bench in Modelsim.

5. Analyze the output data and verify the radix-4 DIF FFT algorithm in Matlab.

To enable the simulation process the radix-4 FFT VHDL component is embedded in a
test bench. With the help of this test bench simulated signals for the clock CLK and the
reset RST can be generated. The first step is to create the fixed-point input signal using
Matlab and to write it in a binary .txt file. The test input signals can be written into the
RAM memory using ModelSim. The same is done for the pre-calculated look-up table,
which is written in the ROM before the FFT computation begins. The memory VHDL
components need to be initialized in ModelSim before starting the FFT computation.
The test bench reads out the fixed-point input samples and twiddle factors, and feeds
the radix-4 FFT butterfly data input. The same happens after the FFT computation
is completed. The test bench reads out the FFT output samples and writes the result
in another binary .txt file. This .txt file can be then used by Matlab for verifying the
algorithm.

The VHDL design has been verified for different word and transform lengths. The
results match with the C-versions and the Matlab fft-function. In Fig. 4.23 are illustrated
the real parts of the FFT for the test signal ➄ of a transform length N = 64 and word
length of w = 8 bit 6. Here the radix-4 versions implemented in C and VHDL have
been compared to each other. As the arithmetic design is the same, the results in VHDL
match with those verified in C.

4.2.4 Test and Verification on FPGA

So far, the radix-4 DIF FFT programs in VHDL have been simulated with ModelSim
and verified with Matlab. The next step is the implementation in FPGA hardware. In
this work the DSP Development Kit "Stratix III Edition" from Altera has been used [80].
The main component is the FPGA chip EP3SL150 of the Stratix III product group [81].
The development kit includes clock generators, memory blocks, switches, LEDs, LCD
display, and various interfaces. The most important is the USB interface required for
the connection between the PC software and the FPGA board [82]. In order to perform
the simulation, synthesis, and implementation of the designed VHDL code the Model-
Sim and Quartus II software from Altera for the Stratix III FPGA have been used. The

6Note that here the same word length is used for the input samples, for the twiddle factors as well as
for the internal FFT processing.

75



CHAPTER 4. FFT COMPONENT: DIGITAL DESIGN AND IMPLEMENTATION

0 10 20 30 40 50 60

−6

−4

−2

0

2

4

6

8

10

Discrete Frequency variable k

FF
T 

of
 R

ea
l P

ar
t R

e{
X

(k
)}

matlab: fft
C: radix−4_fxp
modelsim: radix−4_vhdl

Q
ua

nt
iz

at
io

n 
st

ep

(a)

0 10 20 30 40 50 60

−6

−4

−2

0

2

4

6

8

10

Discrete Frequency Variable k

FF
T 

of
 R

ea
l P

ar
t R

e{
X

(k
)}

matlab: fft
C: radix−4_fxp_rnd
modelsim: radix−4_vhdl_rnd

Q
ua

nt
iz

at
io

n 
St

ep

(b)

0 10 20 30 40 50 60

−6

−4

−2

0

2

4

6

8

10

Discrete Frequency Variable k

FF
T 

of
 R

ea
l P

ar
t R

e{
X

(k
)}

matlab: fft
C: radix−4_fxp_tf
modelsim: radix−4_vhdl_tf

Q
ua

nt
iz

at
io

n 
St

ep

(c)

Figure 4.23: Selected verification figures of FFT implementations in VHDL. The test signal ➄
has a transform length of N = 64, and a word length of w = 8 bit. (a) The non-optimized
version of the radix-4 DIF algorithm. (b) The optimized rounding version of the radix-4 DIF
algorithm. (c) The version with twiddle factor optimization of the radix-4 DIF algorithm.
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Quartus II software suit includes additional tools: "Mega Wizard Plug-In Manager" is
applied for configuring and embedding the Altera IP cores or specific megafunctions;
"In-system Memory Content Editor" is applied for initializing and reading out the data
from the memory blocks using data files; "Chip Planner" is applied for allocating sig-
nals to FPGA pins; Timing analysis and power consumption simulations are performed
by applying the "Time Quest Timing Analyzer" and "Power Play Power Analyzer", re-
spectively.

4.2.4.1 TEST ENVIRONMENT

The test bench designed in VHDL and used in ModelSim to verify the functionality
of the algorithm (as shown in the previous section) cannot be synthesized. In order to
verify the FFT implementation on the Altera Stratix III FPGA, a special test environ-
ment has been implemented in Quartus II. The block diagram of the test environment
is depicted in Fig. 4.24. It consists of the following elements: radix-4 DIF FFT compo-
nent, additional RAM block, anti-bounce circuit, reset switch, and PLL circuit (Altera
megafunction). The test environment generates the system clock CLK with the help of
an internal FPGA PLL circuit. The external reference clock CLK_EXT of the PLL is
generated from the oscillator on the development board at 50 MHz. The use of the PLL
enables the variation of the system clock. The reset signal is generated manually by a
push button switch. The anti-bounce circuit for the digital switch has been implemented
on an FPGA with a dead time of 20 ms, helping to filter the reset signal RST from the
original external signal RST_EXT.

Figure 4.24: Test environment for the radix-4 DIF FFT hardware design.

In order to test the FFT FPGA design, a data transmission between the PC and the
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FPGA test environment is required. In this case a USB connection and the mentioned
internal Quartus II tool "In-System Memory Content Editor" have been used. With the
help of this software tool is possible to load Intel-Hex formatted data from the PC into
the FPGA RAM or to read out the data from the FPGA RAM and to store it back in the
PC. Nevertheless, this software tool supports only data transmission into a single-port
RAM. Since in this design a dual-port RAM is used, an additional single-port RAM
RAM_VER is required for enabling the data transmission from the PC into the FPGA
test environment and vice versa.

4.2.4.2 FUNCTIONAL VERIFICATION

Using the developed test environment the functional verification of the radix-4 DIF FFT
on FPGA for different transform lengths N and word lengths w has been performed.
The simulation results match with the reference signals and the correct function of the
radix-4 DIF FFT algorithm is verified. In Fig. 4.25 the FFT of the real part of a test
signal ➄ for the exemplary transform length N = 64 and word length w = 8 bit 7

is illustrated. The verification diagrams show the comparison of all three radix-4 DIF
FFT designs with different optimization degree: simulated in ModelSim, measured in
FPGA and compared to the Matlab reference fft-function. It can be noticed again that
the optimized versions (rounding, twiddle factors) of the radix-4 DIF algorithm have a
lower quantization error than the non-optimized version. Nevertheless, the additional
optimization of the twiddle factors leads to even lower quantization error than in case
when only rounding operations are optimized. Furthermore, as expected the simulation
results in ModelSim match exactly with the measurements in FPGA, due to the identical
arithmetic architecture. It can be concluded that the radix-4 DIF FFT VHDL design has
been successfully implemented and verified on the Altera Stratix III FPGA board. In
the following sections the most important implementation aspects are evaluated.

4.2.4.3 TIMING ANALYSIS

The main goal of the timing analysis is to check the correct functionality of the digital
circuits at a given system clock. In addition the maximal operating frequency fmax of
the system clock CLK can be determined. Here, three different timing models for the
analysis are used : "Slow 1100mV 85C", "Slow 1100mv 0C", and "Fast 1100mV 0C".
All three models provide different fmax value, depending on the setup of the physical
conditions for simulated digital circuits.

7Note that here the same word length is used for the input samples, for the twiddle factors as well as
for the internal FFT processing.
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Figure 4.25: Selected verification figures of FFT implementations on FPGA. The test signal ➄
has a transform length of N = 64, and a word length of w = 8 bit. (a) The non-optimized
version of the radix-4 DIF algorithm. (b) The optimized rounding version of the radix-4 DIF
algorithm. (c) The version with twiddle factor optimization of the radix-4 DIF algorithm.
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Transform Length N 64 256 1024 4096 16384 65536
fmax, radix4 [MHz] 137 135 135 133 135 132

Table 4.16: Given fmax for different transform lengths N and a word length of w = 8 bit.

Word Length w [bit] 8 10 12 14 16
fmax, radix4 [MHz] 135 131 126 128 127

Table 4.17: Given fmax for different word lengths and a transform length of N = 32768.

In order to analyze the worst case scenario, the lowest fmax value out of three applied
timing models has to be determined. In Tab. 4.16 the fmax value for different transform
lengths N at a constant word length of w = 8 bit is shown. In Tab. 4.17 the fmax

value for different word lengths w at a constant transform length N = 32768 is given.
It can be seen that in this case the fmax value does not have a big impact on the word
length. This happens due to the fact that Quartus II automatically uses the internal 18-bit
DSP blocks, even if less bits could be required for the implementation of the arithmetic
operator (MUL and ADD) in digital circuit design. Thus, the fmax value can only be
determined for the used specific hardware and no general statement can be given. The
same applies for the transform length N .

4.2.4.4 RUNTIME

The time required for the calculation of the radix-4 DIF FFT algorithm depends on the
maximum supported system clock in the used hardware and on the number of required
clock cycles for performing all arithmetic operations. Here, each computation stage
needs N clock cycles. As mentioned before, there are 1

2
log2 N computation stages in

total. Morevoer, ten additional clock cycles are required for one complete computation
circle. The process to read in the input data into the radix-4 FFT component takes
N + 1 clock cycles. The process to output the data after the radix-4 FFT computation
is completed takes N +2 clock cycles. Hence, the total number Z of the required clock
cycles can be given as:

ZRadix-4 =
1

2
N log2 N + 2N + 13. (4.19)

The runtime T can be calculated based on the total number of the required clock cycles
Z, and the system clock frequency fsys as follows:

T =
Z

fsys
. (4.20)

80



4.2 DIGITAL IMPLEMENTATION OF THE RADIX-4 FFT

With the help of the equations (4.19) and (4.20), the minimal possible runtime for the
radix-4 FFT implementation can be calculated based on the maximum system clock
frequency fmax. The result is depicted in Fig. 4.26a and 4.26b for the word length of
w = 8 bit.
In the Fig. 4.26a the minimal runtime based on the fmax value of the used FPGA is
depicted in logarithmic representation, while in the 4.26b the same result is scaled to
N log2 N for better illustration.

4.2.4.5 HARDWARE REQUIREMENTS

For the internal digital design, the FPGA software Quartus II makes use of three ele-
ments: "logical elements", "DSP blocks", and "tri-matrix memory blocks". The hard-
ware resources needed for the digital implementation of the radix-4 DIF FFT on an
FPGA can be estimated by the requirements for these elements. This estimation can be
found in the Quartus II in the "Fitter Summary Report". There, the need for the DSP
blocks is given by the number of the required 18-bit elements. It became clear that the
number of the required DSP 18-bit elements does not depend neither on the transform
length N nor on the word length w = B + 1 8.

Implementation 18-Bit Elements Percentage
radix-4_vhdl 12 3%
radix-4_vhdl_rnd 12 3%
radix-4_vhdl_tf 12 3%

Table 4.18: Number of required DSP 18-bit elements.

In Tab. 4.18 the requirements on DSP 18-bit elements for three different FFT optimiza-
tion versions are given. It can be noticed that the optimization of the arithmetic design
does not play any important role on the need for the DSP 18-bit elements if Altera
Stratix III FPGA is used.

The RAMs, and ROMs are realized by using tri-matrix memory elements. The memory
requirements SRadix-4 in [bit] can be calculated using the transform length N , and the
word length w = B + 1 as follows:

SRadix-4 = 4N(B + 1). (4.21)

In Fig. 4.26c and 4.26d the memory requirements depending on the FFT transform
length N , and on the word length w are presented.

8Here, only word lengths of 8, 10, 12, 14, and 16 bit have been analyzed.
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Figure 4.26: Minimal runtime of the radix-4 FFT algorithms on the FPGA for different trans-
form lengths N at a constant word length w = 8 bit: (a) Logarithmic; (b) Scaled to N log2N .
Memory requirements of the radix-4 FFT realizations: (c) Different transform lengths N at a
constant word length w = 8 bit; (d) Different word lengths w at a constant transform length
N = 16384. The requirements for register elements: (e) Different transform lengths N at a con-
stant word length word length w = 8 bit; (f) Different word lengths w at a constant transform
length N = 16384.
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Logic elements are used for the design of the control unit. These elements are given in
the Quartus II "Fitter Summary Report" by the number of the required register elements.
In Fig. 4.26e and 4.26f the register requirements depending on the FFT transform and
word length are presented.

4.2.4.6 POWER CONSUMPTION

The power consumption of the FPGA design can be simulated with the Quartus II tool
"Power Play Power Analyzer". In Fig. 4.27a and 4.27b are depicted simulation and
measurement results for the test signal➂ (normal distributed white noise). The problem
here is that measurement results include the not utilized logic elements in FPGA as well.
Hence, it is not feasible to measure the real power consumption of the radix-4 DIF FFT
component only. But at least the simulated power consumption of the radix-4 DIF FFT
component can be calculated as illustrated in Fig. 4.27c and 4.27d.
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Figure 4.27: Comparing the measured versus simulated power consumption: (a) Word length
w = 8 bit; (b) Transform length N = 16384. The dynamic power consumption of the imple-
mented radix-4 DIF FFT algorithm: (c) Word length 8 bit; (d) Transform length N = 16384.
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4.2.4.7 COMPARISON TO ALTERA FFT IP

In the last section the radix-4 DIF FFT designed in VHDL has been implemented and
verified on FPGA. The outcome is the own developed FFT IP core in VHDL, which
has been designed by taking in consideration the design constraints and the system
parameters for the LOWILO project. It includes a memory-based design by support-
ing the in-place computing technique i.e. only one dual-port RAM and one ROM are
required. This implies low memory requirements. Furthermore, by applying the signal-
zero method and the alternate up- and off-rounding the quantization error has been min-
imized, mainly by avoiding the multiplication operations with trivial defined twiddle
factors. In order to verify the competitiveness with the universal commercial FFT IP
cores, the developed radix-4 DIF FFT IP core has been compared to the Altera provided
FFT megafunction [83]. In order to provide a proper comparison, the Altera megafunc-
tion has been configured to be as close as possible to the own developed design, i.e.
radix-4 engine and one butterfly based computation have been configured. Note that
Altera uses block-floating technique for the FFT computation [57, 83]. The configura-
tion has been done with the help of the Quartus II tool "Mega Wizard Plug-In Manager".
Very positive is the fact that for the Altera FFT IP a simulation model for ModelSim
and Matlab is automatically provided. The only limit of the Altera megafunction is that
only FFTs of a transform length up to N = 16384 at a word length up to w = 24 bit can
be computed. But these limitations are feasible with our design constraints and system
parameters, so that no problem occur.

The design is verified by testing different input signals and comparing the results with
the simulated Altera FFT IP in Matlab. In Fig. 4.28 the average quantization error em
normalized to the quantization step qs related to different word lengths is exemplary
shown for the test signal ➄. The Altera FFT IP is compared to all versions of the imple-
mented radix-4 DIF FFT. In order to demonstrate the achieved optimization and taking
in consideration the error accumulation with increasing transform length N , the quanti-
zation errors for N = 64 in Fig. 4.28a and N = 16384 in Fig. 4.28c have been illustrated.
It can be noticed that the optimized versions of the radix-4 DIF FFT can achieve similar
precision as the Altera FFT IP. The average quantization error em10 of the 10 highest
DFT coefficients is depicted in Fig. 4.28b and Fig. 4.28d. It becomes apparent that in
this case the own developed radix-4 DIF FFT program versions are even more precise
than the Altera FFT IP.

Conclusion. The presented results show that the quantization error for the implemented
optimized versions of the radix-4 DIF FFT approach in this work can be minimized
almost by factor of 2 and if the word length is w = 16 bit even by factor of 3 compared
to the non-optimized radix-4 DIF FFT version. As shown in Fig. 4.28 this approach is
competitive with the Altera FFT IP for the Stratix III FPGA.
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Figure 4.28: Altera FFT IP is compared to the own implementation versions of the radix-4 DIF
FFT. The average quantization error scaled to the quantization step em/qs is illustrated for the
test signal ➄: (a) For different word lengths w at a constant transform length N = 64; (b)
Only the quantization error of the 10 highest DFT coefficients for different word lengths w at a
constant transform length N = 64; (c) For different word lengths w at a constant transform
length N = 16384; (d) Only the quantization error of the 10 highest DFT coefficients for
different word lengths w at a constant transform length N = 16384.
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CHAPTER 5

NOVEL BASEBAND SYSTEM CONCEPT

In Chapter 2 the specification of the LOWILO positioning system has been presented.
The approach is to use an onboard FMCW secondary radar for distance measurements
between wireless sensor nodes. The basic localization principle has been presented in
Section 2.1. The detailed LOWILO sensor node architecture has been introduced in
Section 2.2. In this work the focus is with the digital design and implementation of
the baseband signal processing core for the LOWILO sensor nodes, by considering the
general project goals defined in Section 1.2. The baseband signal processing flow is
described in Section 2.3. In more detail, the LOWILO system parameters are shown in
Tab. 2.1, while the BPC design and signal processing constraints are defined in Tab. 2.2
and 2.3.

In Section 2.3.3 two basic problems to be solved in this work have been defined. The
analysis, design and implementation of the FFT block was part of Chapter 4. In this
chapter the system-oriented and application scenario-specific digital hardware imple-
mentation of the baseband processing core (BPC) is presented. The design goals are
defined as follows:

• Digital design and implementation of the BPC for the LOWILO scenario.

• Energy- and cost-efficient hardware design.

• System optimization regarding an ASIC design.
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As the digital BPC implementation should be applicable in both, FPGA-s and ASIC-s,
the energy- and cost-efficient hardware design cannot be generally admitted. Neverthe-
less, both hardware approaches have in common that reducing memory requirements
would help to save energy and costs in terms of power consumption and chip area. Re-
garding the LOWILO project goals the system miniaturization plays an important role.
Therefore, the developed digital IP core for the LOWILO BPC should be optimized
towards a possible ASIC design and verified on an FPGA board.

This chapter is divided into three parts. In Section 5.1 the LOWILO application scenario
presented in Chapter 2 is summarized. Different approaches for the digital design of the
BPC architecture by considering the design goals are discussed in Section 5.2. More-
over, the novel BPC system concept is presented. The digital implementation of this
BPC system is the topic of Section 5.3 and is performed in three steps: VHDL design,
test and verification on an Altera FPGA Stratix III, and ASIC layout in 130 nm IBM
CMOS 8RF technology.

5.1 Application Scenario

The block diagram of the exemplary LOWILO application scenario with two wireless
nodes is depicted in Fig. 5.1.

Figure 5.1: LOWILO FMCW radar-based positioning system. [84].

In [31] the detailed synchronization and measurement process for such systems is de-
scribed. The Roundtrip-Time-of-Flight local positioning technique is used to synchro-
nize the wireless nodes. The first node generates a linear frequency modulated sweep.
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Upsweep and downsweep will be sent directly one after another for increasing the mea-
surement accuracy. Then, the reflected signal from the second node (first upsweep, then
downsweep) is received in the first node and multiplied by the locally generated signal.
In order to determine the distance between two sensor nodes, the mixing frequency of
the IF signal has first to be estimated. Based on the FMCW radar principle the distance
is calculated [31, 37]. The given system parameters as sampling length or time and the
implementation of the baseband signal processing have influence on the quality of the
frequency estimation and thus, on the distance/velocity measurement.

As mentioned above, here the focus lies on the BPC for LOWILO wireless nodes. The
digital signal processing tasks in baseband are: windowing the time-discrete input sig-
nal coming out of the ADC, zero-padding to support post-processing steps, FFT to trans-
form the samples from the discrete time into the discrete frequency domain, searching
for the peaks in the frequency domain and interpolating them for better frequency esti-
mation. The most critical task, the execution of the FFT algorithm has been discussed
and presented in Chapter 4. Note that the post-processing step "interpolation" of the
peaks is not part of the digital BPC design. This step is performed in the microcontroller
as described in Chapter 2. Designing the digital hardware architecture, the hatched com-
puting blocks depicted in Fig. 5.2 are considered: windowing, zero-padding, FFT and
peak detection. In the following, each block and the system concept are presented in
detail.

Figure 5.2: Signal processing flow: the hatched blocks are part of the BPC digital design.

WINDOWING

The ADC output signal is the input of the windowing block. Every sampled word com-
ing out of the ADC is real-valued and has the length of 10 bit. In order to achieve the
specified BPC word length of 16 bit for the real parts, we have to perform bit-padding by
adding six zero LSB-s to every input sample. Afterwards, the bit-padded samples will
be multiplied with the corresponding window values, which are pre-stored in a separate
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ROM. Here, a Blackman window is used, due to its good characteristics for localization
purpose (see Tab. 3.4). After the last ADC sample has been processed, the 8192-points
(windowed) discrete sequence is stored in the main RAM of the system.

ZERO-PADDING

As the word length for BPC internal operations is specified by 32 bit and because the
input signal is only real, the other 16 bits of the RAM cells for the imaginary part are
initialized with zeros. In order to yield higher interpolation-density in the frequency
domain zero-padding 1 in the time domain is applied. This way, applying the given
zero-padding factor of 2, the original discrete sequence is extended to 16384 points.
Consequently, the RAM (for only one sweep) must have the dimension 16384 [words]
x 32 [bit].

RADIX-4 DIF FFT

The radix-4 DIF algorithm has been used for calculating the FFT. Due to the fixed
zero-padding factor of 2, the required transform length is 16384 samples per single
sweep. Regarding the application scenario using two consecutive sweeps, upsweep
and downsweep to be transformed in direct succession, the total signal length to be
transformed for one single measurement cycle is 32678 samples. The digital hardware
design and implementation was part of Chapter 4 and has been firstly published in [40].
Here, the same FFT processing core, rescaled for transforming 16384 points, has been
integrated in the BPC. Before starting the FFT, every sample of the complete single
sweep sequence should have been stored in the RAM. After finishing the transformation
process and using in-place computing technique, the output FFT data is stored back in
the same RAM cells.

PEAK DETECTION

When the FFT output data is available, using a given threshold, the maxima are detected.
In this case, the peak with the highest value is required. After the successful detection,
the RAM addresses of this peak, and from its left and right neighbor are stored. De-
pending on the test or use case request, either the peak values or the complete spectrum
can be transmitted to the output and forwarded to the microcontroller for further post-
processing steps.

1If there exists higher density of FFT result bins, the peak magnitude bin is most likely closer to the
frequency of a input signal.
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5.2 System Architecture

In the practice we commonly face pure real input signals. In the LOWILO use case, the
upsweeps and downsweeps are real-valued, too. As mentioned above, computing the
FFT of the upsweep and downsweep is the main task of the BPC. In order to use FFT
algorithms for computing the DFT it is required to multiply every intermediate FFT-
point at every stage with their corresponding twiddle factors depending on the chosen
architecture. As the twiddle factors have an imaginary part, starting with the second
computing stage, every intermediate FFT-point and the final transformation result are
complex-valued. In terms of hardware implementation this implies that the memory re-
quirements have to be specified for the final complex-valued FFT result. Before starting
the computation only the real input signal has to be stored in the RAM. But the RAM di-
mension has to be considered for the later appearing imaginary parts, even though in the
first computation stage the half of the planned memory is left empty and initialized with
zeros. In order to design the digital system architecture of the BPC for the LOWILO sen-
sor nodes, the presented application scenario in Section 5.1 and the project goals have
to be considered. In the following two approaches to design the system architecture are
presented:

Standard approach: The single sweeps, upsweep and downsweep, can be computed
one by one, by utilizing the same architecture twice. Alternatively, two RAM-s can be
used to enable the computation of the upsweep and downsweep in direct succession.
Therefore, a trade-off between the throughput i.e computation speed on the one hand,
and the memory requirements i.e. chip area on the other hand, has to be achieved.

Area-efficient BPC concept: A novel BPC hardware architecture is proposed, in order
to fulfill the design goals and achieve the system optimization towards a possible ASIC
design.

5.2.1 Standard Approach

Due to the LOWILO application scenario it is required to transform both, upsweep and
downsweep in direct succession. Note that there exist no commercial digital IP cores,
neither for FPGA nor for ASIC design, that can be configured to be used one-to-one as
a BPC for the LOWILO sensor nodes. But it is possible to design the single subcom-
ponents and to utilize them for building the system architecture. Generally, the BPC
digital architecture comprises of following blocks: the FFT block - using either existing
commercial IP cores or the developed LOWILO radix-4 DIF FFT IP core presented in
Chapter 4; the pre-processing block - including the windowing and zero-padding func-
tion; the post-processing block - including the peak detection; the control unit - here
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the memory address generation, the finite state machine and the system control is per-
formed; two ROM memory blocks for the pre-calculated values - one for the window
values, one for the twiddle factors; the RAM memory block - the size depends on the
system scenario. Depending on the focus of the design goals, utilizing the standard
architecture two solutions can be provided: "Single-Sweep" and "Double-RAM".

"SINGLE-SWEEP" SOLUTION

In Fig. 5.3 is depicted the system architecture for the "Single-Sweep" solution. If the
design goal is to compute the FFT of two successive single sweeps by saving energy and
costs, then the solution with only one dual-port RAM of the dimension 16384 [words]
x 32 [bit] is preferred. However, this solution can only be applied if the time period
between the computation of the upsweep and downsweep can be set to be larger than
the time required for the complete computation of one sweep signal. This way, first the
sampled upsweep signal is windowed, zero-padded and then written to RAM. Then the
FFT of the upsweep is computed. The intermediate results and the final output samples
are written directly to RAM. Here the peak detection is applied and the required output
samples are transmitted to the microcontroller (μC) for further post-processing. Only at
this time point the sampled downsweep signal can be written to RAM by overwriting the
previous upsweep samples, and the FFT computation of the downsweep signal begins.
The same procedure as for the upsweep computation is applied. The advantage of this
architecture are the low memory requirements. The total number of the memory size is
only 16384 [words] x 32 [bit] resulting on 524288 1-bit RAM cells. The disadvantage
is that both sweeps can only be computed if between them a sufficient "dead" time
interval exists. This decreases the overall computation speed by factor of 2 and is (in
the described implementation) not directly applicable for the LOWILO system scenario.

"DOUBLE-RAM" SOLUTION

In Fig. 5.4 is depicted the system architecture for the "Double-RAM" solution. If the
design goal is to compute the FFT of two successive single sweeps as fast as possible,
then generally two dual-port RAM-s of the dimension 16384 [words] x 32 [bit] are
required. This way, first the sampled upsweep signal is windowed, zero-padded and
then written to RAM 1, while the downsweep is written to RAM 2. Then the FFT of
the upsweep is computed. The intermediate results and the final output samples are
written back to RAM 1. Here the peak detection is applied and the required output
samples are transmitted to the microcontroller (μC) for further post-processing. After
the FFT computation of the upsweep signal is completed, the control unit switches from
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Figure 5.3: Baseband processing core: block diagram of the "single-sweep" architecture.

RAM 1 to RAM 2 and the FFT computation of the downsweep signal begins. The
sampled downsweep signal is then written back to RAM 2. The same post-processing
procedure as for the upsweep computation is applied. The advantage of this architecture
is based on the fact that both sweeps can be computed in direct succession, and thus the
maximum computation speed in terms of system latency is achieved. The disadvantage
is with the increasing memory requirements. The total number of the memory size is
doubled to 32768 [words] x 32 [bit] resulting on 1048576 1-bit RAM cells. Moreover,
in order to enable in-place and parallelized computing in this work the use of dual-port
RAM-s is preferred. A dual-port memory cell however, takes more chip area as a usual
single-port RAM cell, resulting on more consumed energy and increased costs.

Figure 5.4: Baseband processing core: block diagram of the "double-RAM" architecture.

93



CHAPTER 5. NOVEL BASEBAND SYSTEM CONCEPT

5.2.2 Area-Efficient BPC Concept

The goal of this concept is to reduce memory requirements for the baseband processing
core towards an area-efficient ASIC design, while keeping the throughput i.e computa-
tion speed. In order to implement the FFT of two consecutive real-valued input signals
in an area-efficient way, the symmetry properties of the DFT are used. Moreover, the an-
alytical approach introduced in [49] is applied, as it is shortly presented in the following
section.

5.2.2.1 ALGORITHMIC BACKGROUND

Let the upsweep and downsweep be denoted with u[n] and d[n] being real N-point
sequences. The idea is to build the complex sequence

x[n] = u[n] + jd[n]. (5.1)

The DFT of x[n] is defined as given by the equation (3.22)

X[k] =
N−1∑
n=0

x[n]W nk
N , k = 0, 1, 2, . . . , N − 1, (5.2)

where the twiddle factor WN is given by the equation (3.23)

WN = e−j2π/N . (5.3)

After the DFT computation is completed, the challenge is to regain the single spectra
U [k] and D[k] of the single input sequences u[n] and d[n] from the mixed spectrum
X[k]. Based on the description in [49] the single spectra can be obtained by using the
following equations:

U [k] =
1

2
(X[k] +X∗[N − k]) (5.4a)

D[k] =
1

2j
(X[k]−X∗[N − k]), (5.4b)

whereby the symmetry properties are fulfilled as follows

U∗[N − k] = U [k] (5.5a)
D∗[N − k] = D[k]. (5.5b)
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Now, a single N-point complex-valued FFT can be used to compute a two N-point real-
valued input signals in parallel. The side effect is enormous: the memory requirements
can be abruptly reduced to the half of the original demand. Furthermore, compared to
the standard approach in Section 5.2.1 only one dual-port RAM of the dimension N
[words] x 32 [bit] is required.

5.2.2.2 NOVEL BPC HARDWARE DESIGN

The new enhanced area-efficient architecture of the BPC is depicted in Fig. 5.5. Firstly,
the real-valued 8192-points upsweep sequence sampled by the ADC comes into the pre-
processing block. There, every sample is windowed and stored in the dual-port RAM.
Using the symmetry properties of the Blackman window, only 4096 window values for
the 8192-point input signal are required. Thus, one half of the window ROM area 4096
[words] x 16 [bit] = 65536 1-bit ROM cells can be saved. Then, zero-padding is applied
and the remaining 8192 32-bit RAM words are internally marked as zeros. As the input
signal is real-valued and the word length of the real part is 16 bit, only the first 16 MSB
of the 32-bit RAM word lines are written. Without break, while the last upsweep sample
is being written to RAM, the downsweep sequence will start passing the ADC. In the
BPC for the upsweep sequence the same procedure is performed. The only difference
is that now the 16 LSB of the 32-bit RAM word lines are written. This way the memory
place reserved for the imaginary parts of the complex-valued FFT-points is fully utilized
and not left unused in the first computing stage. Moreover, both input sweeps are stored
in only one RAM. The next step is to transform the mixed complex-valued time discrete
sequence x[n].

Figure 5.5: Baseband processing core: block diagram of the novel area-efficient architecture.

Hence, the FFT of x[n] is performed and 16384 complex-valued words are transformed
into the discrete frequency domain. The required twiddle factors from the equation
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(5.3) are pre-stored in another separate ROM. For the implementation of the radix-4 DIF
FFT algorithm, as described in Section 4.1.2.1, in-place and parallelized computing is
used. The final FFT result X[k] is complex-valued and will be written in the dual-port
RAM. Note that after the FFT computation is completed, the mixed spectrum X[k] is
kept in the RAM. Starting from here, only reading operations from the dual-port RAM
are performed. Depending on the controlling unit either the detected peaks of each
spectrum or the single spectra of the up- and downsweep can be requested from the BPC.
Regardless of whether only the peaks or single spectra are requested, U [k] and D[k] have
to be calculated from X[k]. However, due to the equations (5.5a-b) just one half of the
up- and downsweep from the mixed spectrum has to be calculated, respectively. For
further processing, an additional component, the spectrum decomposer is needed.

5.2.2.3 SPECTRUM DECOMPOSER

The main function of the spectrum decomposer is to apply the equations (5.4a-b) in
order to calculate the single spectra U [k] and D[k]. The main spectrum decomposition
steps are shown in Fig. 5.6.

Figure 5.6: Spectrum decomposing steps: regain single spectra from the mixed spectrum.

The decomposition happens in four clock cycles:

1. Reading the data from the RAM using two ports simultaneously. Separate the real
and imaginary parts.

2. Calculate the bracket terms of the equations (5.4a-b). Complex conjugation is
realized with simple sign swap.
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3. Division by 2, corresponding to a SRL (shift right logical) by 1 bit.

4. For D[k] in (5.4b) the division by j is required. Swap the real and imaginary
signal parts.

Hence, by using the dual-port RAM U [k] and D[k] can be calculated at the same time
and ’on-the-fly’. If requested, every calculated sample will pass through the peak de-
tector for checking the given threshold. If the peak criteria is fulfilled, the peak detec-
tor contains a register, where the found peak (address, squared-magnitude) and its two
neighbor samples are stored and forwarded to the output. Here, applying the symmetry
properties, only one half of the single spectra U [k] and D[k] (4096 instead of 8192 sam-
ples) has to be calculated and checked for the peak detection, respectively. The next side
effect is that the number of clock cycles needed for spectrum decomposition and peak
detection can be decreased by factor of 2 as well. If peak detection is not requested, only
the sequences U [k] and D[k] are directly transmitted to the output. The transmission of
the output data is performed using a SPI slave module. SPI master is the controlling
unit.

As noted before, the last step, the interpolation of the peaks [85] and the distance mea-
surement itself, are not part of the BPC design. These processing steps have to be
computed by a microcontroller or DSP included in the controlling unit as specified in
the LOWILO system architecture.

5.3 Digital Implementation of the LOWILO BPC

In Section 5.2.2.2 the general data flow of the BPC hardware design has been presented.
Furthermore, in Fig. 5.5 the block diagram of the novel BPC archtecture has been illus-
trated. For the VHDL implementation a modular design has been chosen. The single
processing blocks: windowing with zero-padding, radix-4 FFT, spectrum decomposi-
tion with integrated peak detection and the data output control have been designed as
independent VHDL entities.

5.3.1 VHDL Implementation

The central element of the VHDL design builds the RAM memory block depicted in
Fig. 5.7, which can be accessed by all other entities. Here, a dual-port RAM type has
been used. In order to enable the memory access to the other components a memory
multiplexer with four different ports has been designed. Two control signals decide
which port is currently active. Each single component is connected to the memory mul-
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Figure 5.7: BPC architecture: VHDL design of the RAM memory block.

tiplexer through one of the four designed ports. Through the first port the windowed and
zero-padded samples are written to RAM in natural order. From here, through the sec-
ond port the radix-4 FFT butterfly is fed with the input data, which are then transformed
into the frequency domain. Through the same port, the FFT output data are written back
to RAM in quaternary reversed order. Using the third port, the spectrum decomposer
filters out the FFT output of the upsweep and downsweep and enables afterwards the
peak detection. Here the peak with the highest value is searched, detected and the ad-
dress is stored. The fourth port is used for controlling and performing the data output
towards the post-processing block. The memory multiplexer grants the single functional
entities an exclusive access to the RAM block. This way the single components, like
windowing, FFT or peak detection can be tested and optimized independently from each
other. Hence, from the single components point of view the memory multiplexer acts
as a dual-port RAM. This design considers the digital implementation on both, FPGA
and ASIC. This is the reason why the memory demultiplexer is designed. The goal
is to cope with the limitations regarding the memory IP cores in terms of generating
memory sizes for supporting very large transform lengths N . In this work the original
sized dual-port RAM has been created by using two half-sized dual-port RAM-s. The
memory demultiplexer filters the data based on the address MSB. Samples with MSB =
0 are written to the dual-port RAM 0, while the samples with MSB = 1 are written to
the dual-port RAM 1.
In Fig. 5.8 the VHDL design of the pre-processing block including the windowing and
zero-padding is depicted. The input data coming from the ADC enters the multiplier
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Figure 5.8: BPC architecture: VHDL design of the windowing and zero-padding pre-processing
block.

entity. The pre-calculated window values are stored in the special Window ROM and are
ready for request. In the multiplier, the input samples are multiplied with the respective
twiddle factors. The address generation and the multiplier control is performed by an
extra control unit. This unit performs the zero-padding as well. Finally, the output
sequence is written to the dual-port RAM through the port 1.
In the Fig. 5.9 the VHDL design of the radix-4 DIF FFT architecture is depicted. The
detailed digital implementation of the radix-4 DIF FFT has been presented in Section
4.2. Here the only difference is that the dual-port RAM is accessed through port 2 of
the memory multiplexer. The FFT controller is the modified version of the control unit
presented in Section 4.2. The pre-calculated twiddle factors are stored in the special
ROM. The shift registers are utilized for serial and parallel data transmission.
The separation of the single spectra is performed in the spectrum decomposer block as
shown in Fig. 5.10. Here the dual-port RAM is fully utilized and the real-valued spec-
trum values are separated in sweep 0 (upsweep) and sweep 1 (downsweep) respectively.
Using the symmetry properties of the DFT it is sufficient to process only half of the sin-
gle spectra for detecting the peaks with the highest values. As the samples are stored in
real and imaginary parts, the square of the absolute value is calculated and is compared
to the last detected maxima until the peak with the highest value is detected.
The last component of the BPC architecture, the output control unit, is depicted in
Fig. 5.11. The output block communicates with the dual-port RAM using port 4. De-
pending on the test or use case, the complete spectra or only the detected peaks can
be requested for further post-processing. In the first case, the output unit is fed with
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Figure 5.9: BPC architecture: VHDL design of the radix-4 DIF FFT block as presented in
Section 4.2.

Figure 5.10: BPC architecture: VHDL design of the spectrum decomposer with integrated peak
detection block.
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Figure 5.11: BPC architecture: VHDL design of the output control block.

the output data from the dual-port RAM. In the second case, the detected peaks are
calculated "on-the-fly" and are transmitted to the output control unit directly. For the
communication between the output control and the microcontroller a common SPI is
used. The SPI design is part of the BPC architecture and is acting as a SPI slave, while
the microcontroller acts as a SPI master.

5.3.1.1 SIMULATION AND VERIFICATION

The software tool ModelSim from Altera is used for the simulation of the designed
VHDL code. Analog to the digital implementation of the radix-4 DIF FFT in VHDL,
in order to facilitate simulation, test and verification in Matlab, the input and output
interfaces are implemented in floating-point. As a consequence the input and output
samples have to be converted into a fixed-point and floating-point format, respectively.

In order to test and verify the BPC IP core in VHDL following steps are performed:

1. Generate the input signals, window values, and twiddle factors using Matlab.

2. Initialize test bench and memory megafunctions in ModelSim.

3. Simulate the BPC IP core in ModelSim.

4. Read out the output data using the test bench in Modelsim.

5. Analyze the output data and verify the BPC IP core in Matlab.

To enable the simulation process the BPC IP core component is embedded in a special
test bench. The procedure is based on the test bench design for the radix-4 DIF FFT.
With the help of the test bench, simulated signals for the clock CLK and the reset RST
can be generated. The first step is to create the fixed-point input signals, window values
and twiddle factors using Matlab and to write them in binary .txt files. The test input
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signals can be written to the RAM memory using ModelSim. The same is done for the
pre-calculated look-up tables for window values and twiddle factors, which are written
to special ROM-s before the radix-4 FFT computation begins. The memory VHDL com-
ponents need to be initialized in ModelSim before starting the FFT computation. The
test bench reads out the fixed-point input samples, window values and twiddle factors,
and feeds the input of the single components like the multiplier of the window entity or
the butterfly of the radix-4 FFT. The same happens after the FFT computation, spectrum
decomposition and the peak detection are completed. The test bench reads out the out-
put samples and writes the results in other binary .txt files. These .txt files can be then
used by Matlab for verifying the algorithm.

5.3.2 Test and Verification on FPGA

Now the BPC design in VHDL has been simulated with ModelSim and verified with
Matlab. The next step is the implementation in FPGA hardware. Analog to the Section
4.2.4 the same DSP Development Kit "Stratix III Edition" from Altera has been used. In
order to perform the simulation, synthesis, and implementation of the designed VHDL
code Quartus II software from Altera for the Stratix III FPGA has been used. Here the
same testing procedure as presented in Section 4.2.4 has been applied.

5.3.2.1 TEST ENVIRONMENT

The test bench designed in VHDL and used in ModelSim to verify the functionality of
the BPC design generally cannot be synthesized directly. In order to verify the BPC
hardware concept on the Altera Stratix III FPGA, a similar test environment as for the
radix-4 DIF FFT component has been implemented in Quartus II. The block diagram of
the test environment is depicted in Fig. 5.12.

5.3.2.2 FUNCTIONAL VERIFICATION

Using the developed test environment the functional verification of the BPC on FPGA
has been performed. The functional verification of the most important component, the
radix-4 DIF FFT, has been presented in Section 4.2.4.2. Here the complete BPC system
has to be tested. As the illustration of the BPC verification with original parameters
(e.g. N = 16384 points per sweep) is difficult, here an exemplary test input signal
of a very small length N = 32 has been chosen. In Fig. 5.13 the complete baseband
processing flow is shown. In Fig. 5.13a the quantized input signal x[n] coming from
ADC with a word length of w = 10 bit is depicted. In Fig. 5.13b the signal xwz[n] of a
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Figure 5.12: Test environment for the BPC hardware concept.

length N = 64 with a word length of w = 16 bit is obtained, by multiplying x[n] with a
Blackman window function followed by zero-padding with factor 2. This way the same
relation as for the original system parameters is applied. In Fig. 5.13c is shown the
simulated (ModelSim) and measured (FPGA) signal X[k] after the radix-4 DIF FFT is
computed. In the last step, in Fig. 5.13d it can be seen the result of the peak detection, as
it is performed by the BPC design: using the spectrum decomposer, the peak detection is
performed. Due to the symmetry properties only one half of the sweep spectrum has to
be analyzed. Finally, the highest peak, and his two neighbor values are detected, stored
and ready for forwarding to the next post-processing step.

5.3.2.3 RUNTIME

The time required for the calculation of the BPC function depends on the maximum
supported system clock in the used hardware and on the number of required clock cy-
cles for performing all arithmetic operations. Compared to the radix-4 DIF FFT design
in Section 4.2.4.4, additional clock cycles for windowing, and spectrum decomposition
with integrated peak detection are required. Moreover, the pre-processing step of read-
ing in and windowing the input signal, has to be applied twice, for the upsweep as well
as for the downsweep. In the LOWILO scenario, the digitized single sweep signal com-
ing from the ADC has a length of N = 8192 samples. As the windowing process takes
four clock cycles, for upsweep and downsweep 8192 + 4 clock cycles are required, re-
spectively. The number of clock cycles for the computation of the radix-4 DIF FFT is
given with (7 ∗ 16384) + 10. Four clock cycles are required for the decomposition step,
while the peak detection takes six clock cycles. This is performed for 4096 samples in
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Figure 5.13: (a) Test input signal x[n] with N = 32. (b) The windowed and zero-padded signal
xwz[n] with N = 64. (c) The simulated and measured FFT signal X[k]. (d) In red are marked:
the detected highest peak and its left and right neighbor.
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total. Hence, the total number ZBPC, LOWILO of the required clock cycles related to the
BPC design for the LOWILO scenario can be given

ZBPC, LOWILO = 2 ∗ (8192+ 4)+ ((7 ∗ 16384)+ 10)+ (4096+ 6+ 4) = 135196. (5.6)

The total number ZBPC, N related to the transform length N is given

ZBPC, N = 2 ∗ (N
2

+ 4) + (
1

2
N log2 N + 10) + (

N

4
+ 10). (5.7)

The runtime T can be calculated based on the total number of the required clock cycles
ZBPC, and on the system clock frequency fsys

T =
ZBPC

fsys
. (5.8)

5.3.3 ASIC Layout in 130 nm CMOS Technology

Finally the BPC system is prepared for an implementation on chip. The ASIC design
flow (synthesis, gate level simulation, place and route, layout) has been realized with
Cadence Tool Kit [86]. The layout of the ASIC design is depicted in Fig. 5.14.

Figure 5.14: ASIC Layout of the LOWILO BPC design in IBM 130 nm CMOS 8RF technology.
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Operating frequency range 32-64 MHz
Chip area 11.2 mm2

Operating voltage - Chip core 1.5 V
Operating Voltage - I/O Pads 2.5 V
Data interface to ADC parallel
Data interface to controlling unit SPI module
Word length (BPC) 32 bit
Windowing function Blackman
FFT length 16384 points
Total transformation length 32768 points
Total saved 1-bit SRAM cells 524288
Saved chip area of the dual-port SRAM 3.50 mm2

Saved chip area of the window ROM 0.07 mm2

Total saved chip area approx. 40 %

Table 5.1: 130 nm CMOS ASIC parameters [84].

For the chip design the IBM 130 nm CMOS 8RF technology [87] and standard cell li-
braries from Artisan [88] have been utilized. The layout design integrates all baseband
operations that are required for the frequency estimation i.e localization in presented
wireless sensor network: windowing, zero-padding, FFT and peak detection [84]. All
system parameters have been considered. The data interface to the ADC is parallel,
while for the communication with the controlling unit a SPI module has been integrated.
Because of the FFT transform length, which is quite long with 16384 points, and apply-
ing the word length with 32 [bit] the chip area takes 11.2 mm2. The system has been
clocked for the frequency range 32-64 MHz. The pure chip core is operating at a voltage
level of 1.5 V, whereby the pads need an I/O voltage of 2.5 V.

In Tab. 5.1 the parameters of the ASIC layout have been summarized. Here, compared
to the standard approach with the "Double-RAM" solution 524288 1-bit SRAM cells
have been saved. This corresponds to an area of 3.50 mm2 or 50 % of the total dual-port
SRAM area. This was only possible by adding the new element, the spectrum decom-
poser, in the overall architecture. The window ROM area has also been reduced by
a factor of 2 using the symmetry properties of the window function. For the window
values 65536 1-bit ROM cells have been saved, corresponding to an area of 0.07 mm2

or 50 % of the total window ROM area. Furthermore, for the total area should be con-
sidered the decreased passive area around the chip core including the fill pads and the
chip edges. Consequently, the total chip area is reduced by approximately 40 %. Hence,
reducing the memory requirements provides a power- and cost-efficient design of the
BPC [84].
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LOWILO DEMONSTRATION SYSTEM

The goal of the project LOWILO was to build up a demonstration system comprising
of wireless sensor nodes capable of measuring the distance to the other nodes of the
network. The LOWILO system demonstrator has been built up together with the other
project partners 1. The following demonstration system description and measurement
results are part of and have been published in the final LOWILO project report [34]. The
demonstration system is shown in Fig. 6.1 and consists of three main parts:

• 24 GHz transceiver with integrated fractional-N-PLL, Tx-Rx-switch, VCO, filter
and receive amplifier.

• 2.4 GHz communication unit based on IEEE 802.15.4 PHY Layer for the synchro-
nization.

• DSP board for the baseband signal processing including FPGA, microcontroller
and memory block.

The main parameters of the demonstrator sensor node are summarized in Tab. 6.1. The
BPC design presented in this work has been integrated on the demonstration board for
performing the baseband signal processing required for the distance measurements.

1The main contribution however has been given by the group at TUC-IEI (Technische Universität
Clausthal: Institut für Elektrische Informationstechnik), later with FAU-LHFT (Friedrich-Alexander-
Universität Erlangen-Nürnberg: Lehrstuhl für Hochfrequenztechnik).
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Operating frequency 24 GHz
System bandwidth 250 MHz
Ramp duration 1 ms
Tx output power 0 dBm
Phase noise @ 250 KHz -86 dBc/Hz
Antenna gain (Tx and Rx) 14 dBi
IF bandwidth 4 MHz
ADC sampling frequency 8 MHz
FFT length 16384 points
Measurement rate 100 Hz

Table 6.1: The demonstrator system parameters for the LOWILO positioning scenario [34].

Figure 6.1: LOWILO demonstration system: wireless sensor node with localization capability.
(This photograph is taken from [89].)

As presented in Chapter 2 the distance measurements should be performed by using an
onboard secondary FMCW radar. The LOWILO wireless node performs the localization
by taking the following steps:

• Clock pre-synchronization of network nodes based on [90] and the IEEE 802.15.4
standard.

• Synchronization process, as described in in Section 2.1.1.

• Distance measurement process based on the FMCW radar principle as described
in Section 2.1.2.

• Localization using the localization algorithm as presented in [91].
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The detailed process of synchronization and distance measurement has been depicted
in Fig. 6.2 [34]. The single measurements are performed based on the TDMA principle.
The master node controls the measurement process.

Figure 6.2: Detailed process of the distance measurement: the master node controls the distance
measurement. (This plot is taken from [34].)

A measurement setup consisting of two network nodes was built up to analyze the dis-
tance measurement error. The functional verification of the developed LOWILO sensor
node is achieved by comparing a known reference distance with the measured distance
between two network nodes. To estimate the ranging precision, 10000 measurements
are performed at a fixed 2 m distance. The absolute distance error related to the refer-
ence distance is depicted in Fig. 6.3.

The histogram of the measurement results is shown in Fig. 6.4. The standard deviation
of approx. 11.8 mm was determined. This result comes close to the theoretical perfor-
mance limit of around 8 mm [37]. A more detailed analysis about the lower bound of
the ranging uncertainty in secondary FMCW radar-based local positioning systems can
be found in [92].
The second setup considered ranging measurement error in a moderate multipath chan-
nel [34, 89, 93]. For this purpose, two sensor nodes have been positioned on a linear
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Figure 6.3: The absolute distance error related to the reference distance. (This plot is taken
from [89].)

Figure 6.4: Histogram of ranging error: at 2-m distance (blue); at 50-m distance (red); Gaussian
fit (gray). (This plot is taken from [89].)

rail guide. The distance between them have been changed in steps of 20 mm over 5.5 m.
The absolute ranging error was around 20 mm, with some few exceptions due to the
multipath distortions.

The maximum usable distance was verified with a third setup. There, two nodes have
been placed at each end of a 50 m hallway [34, 89, 93]. Based on previous experiments,
in order to perform a successful synchronization between the two nodes, the minimal
SNR should not drop below 15 dB. As the SNR using only 1 ms integration time was
still high enough to get robust range estimates, it could be concluded that stable mea-
surements at the maximum tested distance of 50 m can be achieved [34, 89, 93].
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CONCLUSION

This doctoral thesis presents the digital design of a chip-area-efficient baseband process-
ing core for FMCW radar-based localization in wireless sensor networks.

Achievement of the Goals

In this work an overview of the most challenging tasks regarding the baseband pro-
cessing core for sensor-based localization has been given. Two main objectives have
been achieved: the digital implementation of the baseband processing core has been
optimized in both, component and system level.

Since the most critical task in baseband is to perform the DFT in an efficient way, the
digital implementation of the FFT component was the first step to take. Several ana-
lytical approaches for implementing the FFT algorithm have been analyzed. The best
suitable FFT algorithm has been identified and the most appropriate architecture has
been selected, by considering the trade-off between the arithmetic operations, mem-
ory requirements and quantization error. The quantization error is minimized using
rounding strategy for the computed overflow data and using pre-scaling by the intro-
duced signal-zero method for the twiddle factors. Finally, the memory-based in-place
computing radix-4 DIF FFT algorithm has been digitally implemented in software and
hardware. Firstly, the algorithm has been implemented in C and then in VHDL. Then
the functional verification has been performed by taking the Matlab fft-function as a
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reference. The developed FFT IP core has been implemented on an FPGA board and
the results have been compared to the existing Altera FFT IP core.

The second step was to go from the component to system level design. Here all digi-
tal processing baseband components have been integrated into one single digital design.
The BPC design, beside the FFT component, includes the windowing, zero-padding and
peak detection components as well. The baseband hardware concept fulfills the system
parameters and has been customized for the LOWILO application scenario based on
the two-sweep-measurement system for the distance calculation. The focus of the de-
sign goals has been with an energy- and cost-efficient hardware design, reduced area
and memory requirements of the digital architecture, development of a multi-applicable
VHDL-Core, FPGA-based verification and system optimization towards an ASIC de-
sign. The verification of the BPC system has been attained by using the presented
hybrid FPGA-based LOWILO positioning demonstrator.

Contribution of This Work Regarding Innovation Aspects

The presentation of a novel area-efficient digital BPC IP core, that is customized for the
LOWILO application scenario and is applicable in both FPGA and ASIC, is the core
contribution of this work. The main innovation aspects are listed below:

• Chip-area-efficient implementation of a BPC customized for LOWILO.

– Integrate all baseband processing functions on a single digital IP core.
– Saving 50 % of the total dual-port RAM area.
– Saving 40 % of the total chip area1.

• Novel Hardware Design of the Spectrum Decomposer

– Enable the computation of two N-point real-valued input signals using one
N-point complex-valued FFT.

– Increase the computational speed of the two-sweep-measurement system by
the factor of 2.

• Optimization regarding the digital implementation of the FFT component

– Utilize the proposed signal-zero method, for maximum accuracy in the rep-
resentation of the twiddle factors, and alternate rounding for minimizing the
quantization error.

1Here the IBM 130 nm CMOS 8RF technology is used.
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The novel hardware design fulfills the criteria of reducing memory requirements, while
keeping the system constraints. Using the mathematical approach for computing two
real-valued 16384-point input signals in parallel, with one single complex-valued 16384-
point FFT enabled the realization of an area-efficient concept in hardware for the given
localization scenario. The design and integration of the novel spectrum decomposer
into the overall system architecture provides the reduction of memory requirements by
factor of 50 % compared to the presented standard approach. If taking in consideration
an ASIC design, the total chip area can be even reduced by approximately 40 % 2. Addi-
tionally, considering the symmetry properties of the DFT in the digital implementation,
only the computation of the relevant half of the spectra is needed. Thus, for the separate
steps of calculating the single sweeps and detecting their peaks the computational speed
has been increased by a factor of 2 as well. The digital core has been further optimized
and compiled as Intellectual Property (IP), with the flexibility of implementing it on an
FPGA or fabricating it as part of a dedicated BPC ASIC.

Outlook: Open Issues and Future Work

In this work special attention is paid to the customized design of the BPC for the LOW-
ILO positioning system. Future local positioning systems will operate at higher system
bandwidths (e.g. 500 MHz at 61 GHz), thus a fast computation (e.g. less than 2 ms)
of increased FFT lengths is required (e.g. 64 k FFT). On the other hand, the design
and implementation of energy- and cost-efficient digital architectures is becoming more
and more important. Regarding a pure FPGA design the digital implementation and
further optimization of pipelined FFT architectures should be one of the most promis-
ing approaches towards the future applications. The pipeline architectures offer great
advantages in terms of computation and throughput speed and support streaming fea-
tures. In case of an ASIC design the area efficiency has a big impact on the energy-
and cost issues. Here future work could be targeting reconfigurable systems-on-chip by
integrating the complete system control in one single chip.

Beside the existing approaches utilizing WiFi, Bluetooth or NFC (Near Field Commu-
nication), FMCW radar-based sensor network localization could become one of the key
technologies in the era of IoT (Internet-of-Things) and Fourth Industrial Revolution
(Industry 4.0). The capability to enable precise indoor localization in factories and in-
dustrial environments, i.e. tracking of sensors, actors, devices and machines, is a key
requirement for future user scenarios like remote controlled process management and
predictive or preventive maintenance.

2Here the IBM 130 nm CMOS 8RF technology is used.
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