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Abstract

One of the main challenges posed by 4G wireless communication systems is achieving
flexible, programmable multi-standard radio transceivers with maximum hardware share
amongst different standards at a minimum power consumption. Evaluating the feasibility
and performance of different multi-standard/multi-band radio solutions at an early stage,
i.e. system level, is key for succeeding in surmounting this challenge. This entails for-
mulation of the transceiver budget for several RF architectures and frequency plans with
different degrees of hardware sharing. This task is complicated by the fact that transceiver
blocks can have different implementations that lead to different performances. The tools
that are available for use at present have only analysis capabilities or address only one
standard and/or receiver architecture at a time.

In the belief that a new approach to this problem is necessary, the work that has
led to this thesis proposes a novel methodology that automates the design-space explo-
ration of integrated multi-standard wireless radio receivers. This methodology has been
implemented in a multi-standard RF Transceiver Architecture Comparison Tool, TACT.
TACT helps surmounting many of the challenges faced by RF system designers targeting
multi-standard/multi-band radio receivers.

The goal of the algorithms TACT is built upon is to find a multi-standard receiver
frequency plan and budget that meets or exceeds the specifications of the addressed wire-
less standards while keeping the requirements of each of the receiver blocks as relaxed as
possible. TACT offers RF engineers a deep insight into the receiver behavior at a very
early stage of the design flow. It models the impact of critical circuit non-idealities using
a high level of abstraction. This reduces the number of design iterations and, thus, the
time-to-market of the solution. The reuse of already available intellectual property (IP)
blocks is also considered in TACT, what can result in a significant cost reduction of the
receiver implementation. A combination of a behavioural-based cooperative multi-agent
optimization and deterministic techniques is proposed.

The capabilities of the proposed techniques and developed tool are illustrated through
case studies addressing different design challenges the design of multi-standard receivers
present.

The last part of this thesis is devoted to one of the key blocks of any communica-
tions receiver: the analog-to-digital converter. This work focuses on modeling and design
methodologies for continuous-time ∆Σ modulators. A method to evaluate the stability
margin of continuous-time ∆Σ modulators as a function of the timing uncertainty effects
is proposed.
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Chapter 1

Introduction

Convergence into 4G wireless communication systems pushes the design of radio re-
ceivers able to deal with different RF bands, range, data rates, modulation schemes,
and applications. As we move beyond third generation (3G), the wireless scenario
is rapidly becoming rather complex as shown in Figure 1.1. A mobile device, be it a
phone, a PDA or a notebook, is expected to be feature-rich, and able to work with
several wireless standards while achieving the highest performance/price ratio. The
existing wireless standards are very different from one another. Moreover, each of
them is fragmented in different operating frequency bands both due to the limited
spectrum availability and the particular regulations in different geographical areas.
Hence, 4G systems need to provide multi-band multi-standard capabilities in order
to be competitive. In the effort of providing the user with an always best connected
experience, handhelds are to roam among these coexisting standards in a seamless
manner. Thus, the system will adapt to the environment offering the best available
quality of service (QoS) and/or price for the different applications (data, voice,
multimedia) the mobile terminal is running at a given time. Future mobile termi-
nals should be able to seamlessly deal with the different services/standards at hand
providing users with an always best connected experience for a given price level.
This situation is highlighted in Figure 1.2, which shows examples of the various
services available in different scenarios. Advances in both integrated circuits design
and process technology permit the higher level of integration these systems require
at a sufficiently low power consumption.

Convergence into 4G wireless communication systems entails an increase in sys-
tem complexity as engineers are asked to integrate the hardware of a number of
wireless systems that have been conceived independently without being meant to
be integrated [1,2]. The requirements these various standards impose on the differ-
ent blocks of the transceiver chain may vary immensely. This variation complicates
their integration since the receiver architectures and block implementations that
suit them best might be very different.

Building a receiver able to handle all these different standards is not an easy

1
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Figure 1.1: Wireless communications standards roadmap

task. So why the effort? The answer comes in the form of product increased
portability and reduced price, which are closely related to a reduction in silicon
area and power consumption.

Three are the main approaches that can be adopted when undertaking the design
of a terminal able to deal with different standards:

• A stacked approach, where there is an independent signal path for every
standard supported in the terminal.

• A Software Defined Radio (SDR) approach, where programmable blocks are
able to handle different standards.

• A Software Radio (SR) approach, where the input signal is digitized right
after the antenna1 and all the processing is carried out in the digital domain
allowing for “concurrent multi-standard”.

At present, most commercial solutions implement a stacked approach, which is
the most conservative and silicon proven way of attacking the problem.

Even though we are getting closer to the Software Radio (SD) paradigm, there
are still a number of major practical problems associated with placing the ADC
right after the antenna [3]. It will take some time before we can carry a true
Software Radio in our pocket.

1A Low Noise Amplifier (LNA) might be present between the antenna and the Analog-to-
Digital Converter (ADC).



3

 

Hotspot 

Home Environment 

 Satellite 
Network 

Cordless 
Telephony 

Office 
Environment 

Hotspot  

Cellular 
Network 

On the move 
scenario 

Figure 1.2: Different wireless scenarios and the connectivity options they provide.

Software Defined Radios (SDR), where digital techniques are applied to the ana-
log world by means of digitally programmable analog circuits, can provide multi-
standard capabilities with reasonable block requirements using today’s technolo-
gies [4, 5].

Finding a programmable architecture where most of the blocks can be reused for
different standards has become pretty popular in recent years [6]. However, block
sharing should not be performed indiscriminately. Not only technical considerations
should be taken into account when deciding which standards could share some of
the receiver blocks. The target applications should be one of the main drivers when
allocating which blocks should be subject to hardware sharing. Let us illustrate
why the standard applications could be an obstacle to hardware sharing with an
example: A programmable RF filter intended to be shared by Bluetooth and GSM
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in a mobile terminal would not make sense2. Although building such filter is tech-
nically possible, terminal owners are likely to want to use their Bluetooth headset
while making calls over GSM. Nevertheless, there are cases of standards that lend
themselves nicely to SDR solutions from both the technical and application point of
view. Such is the case of WiMAX and LTE for example. These two standards have
very similar technical characteristics and are not likely to be deployed in the same
geographical area, which means that they are not likely to be used concurrently by
the same user.

Software Defined Radios (SDR), where digital techniques are applied to the
analog world by means of digitally programmable analog circuits, can provide multi-
standard capabilities with reasonable block requirements using today’s technologies.

1.1 Receivers for Handheld Applications

Building a receiver in a mobile terminal is a very challenging design task. As
opposed to the transmitter, the receiver’s input signals lie in an uncontrolled envi-
ronment full of interferers. The receiver’s selectivity measures its ability to select a
(possibly) weak desired signal channel in the (possible) presence of much stronger
interferers (blockers, adjacent channels, etc.). The desired channel is quite likely to
be a weak signal in a fairly hostile environment. This makes detecting the desired
signal in a receiver a David vs. Goliath type of situation.

This fact is aggravated by the power constraints inherent to handheld devices.
In mobile terminals low power consumption is a must in order to ensure as long
a battery life time as possible. Therefore, asking a mobile terminal receiver to
perform its task is like asking David to fight Goliath on an empty stomach: High
performance level with a smart management of the available resources is required
in all operation modes.

1.2 Design-Space Exploration

Some of the major decisions to be made when designing a receiver are the receiver
architecture, the frequency translation scheme, the way to distribute the radio
specs among the individual receiver blocks, and the analog-digital partitioning of
the system [7,8]. These decisions have to be made at a very early stage of the design
cycle and will strongly determine the overall performance of the receiver as well as
its cost and time-to-market. The higher the level a bad decision is made, the more
time consuming and costly fixing the problem will be [9]. Hence, a thorough study
of the different possibilities is crucial at the system level in order to ensure that the
market window for a product is not missed.

When aiming at a multi-standard receiver the problem is further complicated in
comparison with the single standard case. Obviously, a high level of performance

2This statement holds when hardware sharing is defined in the XOR sense as opposed to the
concurrent approach.



1.3. RF SYSTEMS EVOLUTION 5

is desired in all modes of operation while keeping area and power consumption
small. However, it is no longer adequate or possible to tweak the design of the re-
ceiver blocks until they satisfy an optimal performance for a particular application.
Flexibility has to be provided both at the architectural and block levels so as to
increase the level of hardware sharing. Being able to digitally tune and program
the receiver at different levels is key in order to succeed in achieving the selectivity
and sensitivity levels required by the ever changing target applications.

1.3 RF Systems Evolution

Advances in both integrated circuits design and process technology permit the
increasing level of integration communication systems require at a sufficiently low
power consumption [10]. Much of this evolution is due to the appearance of CMOS
circuits suitable for RF [11, 12]. RF CMOS changed completely the landscape of
radio transceivers. It produced a shift from systems assembled from discrete blocks
built in different technologies and mostly based on the superheterodyne architecture
to levels of integration that could only be dreamed of only few years ago [11–13].
Different technologies suit best the needs of the different parts of the system (RF
front-end, digital baseband, etc.) leading to a high chip count and, therefore, larger
area and cost. Even if CMOS did not look like a winner in the RF battlefield due to
its inferior RF performance levels with respect to other technologies, it is becoming
the technology of choice in the interest of integrability and cost.

Technology scaling has benefited enormously the digital world this far. Nev-
ertheless, scaling related effects entail also some drawbacks, especially in the case
of analog and RF circuits. Performing the analog-to-digital conversion as close to
the antenna as possible sounds desirable considering that RF and analog circuits
do not scale as well as their digital counterparts. Then the radio, which would
be a Software Radio (SR) [14, 15], would also take full advantage of the flexibility
and programmability digital circuits provide. The system could even evolve into a
cognitive radio [16] where user needs are better satisfied with a more efficient use
of the available radio spectrum.

1.4 Reliability and Yield in Fully Integrated Radios

Providing a “true single chip” solution is in the interest of area and power save.
However, full System-on-Chip (SoC) where digital, mixed signal and RF blocks are
put together presents serious reliability and yield issues. In a SoC solution the low
yield of the analog and mixed signal (AMS) and RF blocks would affect immensely
the yield of the overall system.

The level of uncertainty between simulated and fabricated circuits and the limi-
tations of available automated design tools for analog circuits pose a serious limita-
tion when trying to control or increase the yield of fabricated AMS and RF circuits.
Moreover, in contrast with their digital counterparts, analog and RF blocks have an
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extremely large design cycle. This limits the viability of devoting an extra silicon
spin to alleviate yield related issues.

Intellectual Property (IP) block reuse is, therefore, very important not only due
to the time saving it entails but also due to reliability issues. Including silicon
proven blocks in a new design increases the chances of first pass success [17].

Autocalibration techniques can also help increasing the yield of integrated solu-
tions, especially when it comes to compensating process variations. Autocalibration
techniques require in general digital programmability of the blocks.

1.5 Challenges in Multi-standard Systems

Even in the single standard case, the level of complexity of a wireless communica-
tions receiver is enormous. When the multi-standard case comes into the picture,
this problem is aggravated. The design of a multi-standard system is substantially
more complex than the combination of the system level design of separate single-
standard systems. One of the main challenges multi-standard systems have to
overcome is interference. The increasing complexity of multi-mode systems entails
the presence of many on-chip signals3 that may act as potential interferers to the
neighbouring systems. Therefore the need of designing a careful frequency planning
that takes into account the signals coming from all the standards. Careful layout
and on-chip isolation mechanisms should not be forgotten later in the design cycle.

The advantage of programmable blocks and architectures comes in terms of re-
usability, flexibility, and area and power consumption. Moreover, using digitally
tunable blocks allows to compensate for process variations and other effects that
greatly affect analog circuits increasing, thus, the reliability of the overall system
[17]. However, adding programmability entails an extra design effort that may not
pay off in terms of performance. As opposed to a fully stacked solution, hardware
reuse favours in principle the area reduction sought in multi-standard systems.
But... shall we use programmable blocks that can handle several operation modes
in all cases or is there any block that should be duplicated? Is a stacked solution
that bad? In some cases, it may actually pay off having a completely independent
signal path for some of the target standards. How do we decide that?

1.6 The Need for EDA Tools

There is a clear need for design automation and advanced simulation techniques
at the different levels that go from the system idea to chip fabrication. Reducing
the number of design iterations between these levels is key in meeting the increas-
ingly tight time-to-market constraints. As of today, there is not a single tool that
covers the complete design flow. Instead, there is an intricate puzzle of design and
simulation tools that focus on the various steps that go from system to silicon.

3These signals might be generated on-chip or come from external sources.
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Figure 1.3: Generic design flow.

Figure 1.3 highlights the complexity of the different abstraction levels a system can
be described at. Both the flow (design and verification) and the possible errors can
go in the top-down or bottom-up direction.

As of today, there is no design environment that handles all these abstraction
levels. Most EDA tools can handle only few of these levels. This entails problems
when running a complete design flow even when there are fully working interfaces
between the different tools, which is not always the case anyway. Many errors occur
when going between levels, especially if humans are in charge.

Another serious difficulty lies in the fact that the low level simulation of large
systems is very time consuming and might present convergence problems. System
verification can become a real nightmare, especially in mixed signal systems. The
usual procedure is to build behavioural models of the different system blocks in-
creasing, thus, the abstraction level of the circuit description. Ensuring the quality
of the behavioural models is vital if first pass silicon success is desired.

The amount of RF and analog EDA tools available is certainly scarce in com-
parison with their digital counterparts. Most of the design work still depends on
the radio engineer, making the process less than optimal. The system level design
is still nowadays done in many instances using the help of spreadsheets. Besides
being error prone, this method is very limited in the number of different design
possibilities that can be explored within a given time [18,19].
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EDA tools are clearly needed at different levels [7, 10, 13, 15, 20–23]. Different
tools or methodologies focus on different aspects of RF receiver design. Tools con-
necting all the design stages from system level design to measurement of fabricated
circuits are key for system verification purposes and fast time-to-market [24, 25].
There is a number of EDA tools [9,24,26–39] that automate parts of the RF system
design process. Most of these tools help engineers in the design process, but the
tools themselves focus on analysis [22, 26, 27, 30–32, 37–39]. They may provide ac-
curate models for the blocks, the frequency behavior of certain parts of the circuit,
or focus on the effect of parasitics in the performance of RF systems. In general,
most of these tools focus on analysis and leave the design issues in the hands of
the RF engineer. Other reported tools [9, 29] and methodologies [40] help in the
design process, but they only address the single-standard case [28] or are ad hoc
tools [34,35]. There is an enormous number of tools and methodologies that address
the design of specific blocks of the receiver chain down to the layout level. They
are not mentioned here since they are out of the scope of this part of the thesis.

1.7 Aim of this Thesis

The work described in this thesis is aimed at easing the RF engineer’s job as it
fills a gap left by the already available CAD tools that address the receiver design
problem: the automation of the design-space exploration of multi-standard receivers
at RF system level.

A multi-standard RF Transceiver Architecture Comparison Tool, TACT4, in-
troduced in [41], has been devised to this end. TACT is an attempt to automate the
know-how of an experienced RF system designer. Automating this design process
reduces the design time since it replaces expensive manpower with cheap compu-
tational horsepower and evolutionary techniques.

This thesis describes TACT and its underlying methodology. TACT is a hi-
erarchical, user friendly, MATLAB based tool. It automates the design-space ex-
ploration procedure for 4G wireless receivers at a high abstraction level [42]. This
allows to explore a large design-space at the beginning of the design cycle. Thus,
RF system engineers can get “the big picture” of what performance levels can be
expected when making different choices along the design process [43]. Already avail-
able tools addressing other design levels, such as the ones mentioned in Section 1.6,
can use the results produced by TACT in order to complete the design cycle as
in [44].

TACT proposes an interference oriented approach when evaluating the perfor-
mance of each possible frequency in order to find the most suitable frequency plan.
This evaluation takes into account both signals belonging to the standards as well
as out-of-band interferers. As far as the budget design is concerned, TACT finds
a multi-standard receiver budget that meets or exceeds the specs of the addressed

4For the time being, only the receiver side is implemented in TACT.
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wireless standards while keeping the requirements of each of the receiver blocks as
relaxed as possible.

The main differentiators of TACT in comparison with other published tools are:

• TACT is a design tool, as opposed to tools focused on simulations.

• It performs an automatic search of the design-space comprising the system
level specifications of RF receivers, as opposed to tools addressing lower ab-
straction levels.

• It addresses the multi-standard case, as opposed to tools addressing single
standard.

1.8 Organization of this Thesis

This thesis is organized as follows: Chapter 2 goes through some communication
systems basics and communications receiver design considerations focusing on the
blocks located between the antenna and the analog-to-digital converter, Chapter 3
introduces TACT, its components and simulation flow, Chapter 4 discusses fre-
quency planning issues and the approach implemented in TACT’s Frequency Plan-
ning Tool, Chapter 5 describes the budget design methodology proposed for and
implemented in TACT, Chapter 6 shows example design applications involving dif-
ferent multi-standard receiver design aspects where the case studies are carried out
using TACT in order to show the usefulness of the tool, Chapter 7 gives a brief
overview of one of the key receiver blocks, the analog-to-digital converter, focusing
on continuous time ∆Σ modulators, whose stability with respect to timing non-
idealities is studied in Chapter 8, and, finally, Chapter 9 draws some conclusions
based on the previous chapters, and describes briefly the future work.





Chapter 2

Communications Receiver Design in
a Nutshell

“Speech is civilization itself. The word, even the most contradictory word,
preserves contact - it is silence which isolates”

Thomas Mann

As many philosophers have pointed out, “Man is by nature a social animal”1

[45–47]. Communication seems to be a basic need, not only for human beings, but
also for most living organisms [48]. Communication can happen in the form of
exchange of words, both written and spoken, body language, signs, smoke, sounds,
smells, etc. [48]. Information can be coded (ex., Morse code) or encrypted (ex.,
using different languages).

The objective of a communications system is to transmit information between a
transmitter and a receiver. In order for communication to actually take place both
the transmitter and the receiver must be able to interpret the signals, i.e. “speak
the same language”, the signal level has to be adequate, and the communications
scenario has to be such that disturbances coming from the channel do not prevent
the message detection at the receiving side.

Information loss might be an issue as Figure 2.1 highlights. The physical chan-
nel that lies between the transmitter (Tx) and the receiver (Rx) and that is used
as a physical support for the information transmission is unfortunately not ideal.
Depending on the nature of the physical channel, the waveform carrying the infor-
mation can be affected by a number of different non-idealities: attenuation, fading,
non constant group delay, non-linear distortion, multi-path fading, etc. [49–51].
In the case of the wireless environment this is aggravated since the spectrum is
shared among different communication systems, which causes interferences. The
non-idealities of the transmission channel are not the only problem. The Tx and

1Woman too.
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Figure 2.1: Abstract representation of a communications system.

Rx themselves are not ideal either. Each of their components add noise, distortion,
etc.

A lot of innovations have allowed humankind to go from sending short distance
messages using a tam-tam to making a video call over a mobile phone to another
continent. This keeps us connected and... that is why we are in this business, isn’t
it?

2.1 Analog vs. Digital Communication Systems

In the race for providing high performance services to the subscribers digital sys-
tems have been ahead of analog systems for several years [50]. Digital systems
show higher levels of performance than analog systems for wireless communications
purposes.

Wireless communications require larger and larger system capacity due to the in-
creasing number of subscribers and the evolution towards applications that require
larger data transfers. Digital communications allow for Time Division Multiple
Access (TDMA) and Code Division Multiple Access (CDMA) besides Frequency
Division Multiple Access (FDMA), which is the only multiple access technique
supported by analog systems. This, together with their superior spectrum utiliza-
tion efficiency, gives them a competitive advantage when it comes to increasing
the system capacity. Another advantage of digital systems is that error detec-
tion/correction techniques can be applied to digital communications. The ease of
implementation of security mechanisms on digital platforms and their high flexibil-
ity when it comes to implementing new services that generate additional revenues
for the operators without requiring big investments contribute to making them the
leading technology.

We live in an analog world, though. Therefore, analog-to-digital (A/D) and
digital-to-analog (D/A) conversion processes are necessary if digital communication
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Figure 2.2: Multiple Access Schemes.

is chosen. Where and how this conversion is carried out determines the specs of
the different components of the system.

2.2 Baseband vs. Modulated Communications

Normally, the information source generates the information at baseband, that is,
in the band that goes from DC to the maximum frequency occupied by the signal.
Although baseband communication is used in some systems, such as fixed telephone
lines, it is not practical in most communication systems. Particularly, that is the
case of wireless communications where the physical channel is shared by a multitude
of actors. Applying a modulation technique to the signal band allows to send several
signals over the same channel.

2.3 Multiple Access Techniques

The basic strategies, shown in Figure 2.2 that allow several users to share a fixed
spectrum resource are [51,52]:

• Frequency-Division Multiple Access (FDMA)

In FDMA users are assigned different frequency bands in the available spec-
trum leaving guard bands between adjacent channels in order to minimize
crosstalk. Once all the frequencies have been assigned, it is not possible to
add more users to the system until one or more of the frequencies are liberated.
This is the only possibility for analog systems.

• Time-Division Multiple Access (TDMA)

In TDMA users are assigned different time slots for the same transmission
frequency. Once all the time slots have been assigned to different subscribers
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it is not possible to add more users to the system until one or more time slots
are liberated. It requires digital transmission. In practice, it is nearly always
combined with FDMA.

• Code-Division Multiple Access (CDMA)

CDMA is a Spread Spectrum (SS) system technique where users are separated
by codes. The number of CDMA users that can be active at the same time
sharing the same spectrum depends on the interference level the system can
tolerate. Since the system can admit some interference level users can be
added as long as the maximum tolerated interference is reached. It requires
digital transmission. It may be combined with FDMA with few carriers.

2.4 Spread Spectrum Systems

In spread spectrum systems, the signal is transmitted on a bandwidth consider-
ably larger than the information bandwidth [51, 52]. The different types of spread
spectrum (SS) systems that can be used are:

• Frequency-Hopping Spread Spectrum (FHSS)

In FHSS a code sequence determines the discrete increments by which the
carrier frequency is shifted and when this shift happens. The time in which
the carrier frequency is kept constant is called time chip Tc.

In fast-hop systems the frequency hopping rate is larger than the message bit
rate. In slow-hop systems the carrier hopping rate is smaller than the message
bit rate.

The spreading codes can be chosen so as to avoid interference to or from other
systems.

FHSS system are subject to occasional bursty errors due to fading or single-
frequency interference (which is time and frequency dependent).

• Time-Hopped Spread Spectrum (THSS)

In THSS the transmission time is divided into time frames and each frame is
divided into time slots. During each frame the message modulates one and
only one time slot. The modulated time slot can be different for different
frames.

• Direct Sequence Spread Spectrum (DSSS)

In DSSS systems the whole wideband transmission channel is made available
to all users at the same time. Users are separated by a code that is used to
spread and de-spread the data. The DSSS technique spreads the information
in both the time and the frequency domains minimizing, thus, the effects of
fading and interference.
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(a) (b)

Figure 2.3: Example of a wireless receiver input 2.3(a) and desired RF and analog
front-end output 2.3(b).

The errors present in a DSSS system are continuous and low level random
errors. Single errors are randomly distributed over time whereas in FHSS
systems the errors are distributed in clusters.

All spread spectrum systems have in common their relatively high interference
rejection. The degree of interference rejection is measured through the system
processing gain PG

PG =
Bw

R
(2.1)

where Bw is the RF bandwidth and R is the information rate.

2.5 Wireless Receivers Key Requirements

In a wireless communications system, information is coded, compressed, sometimes
encrypted, modulated and sent over the air interface between the transmitter and
the receiver. The goal of a communications receiver is to retrieve the information
contained in a given channel. This is a very challenging task. The wireless environ-
ment is very hostile. At the input of the receiver the desired channel might be a very
weak signal surrounded by high power interferers as illustrated by Figure 2.3(a).

The key figures of merit that fix the specifications of a receiver are the sensi-
tivity and the selectivity. The sensitivity refers to the minimum detectable signal
power required from a receiver in the presence of noise. It can be quantified as
the noise figure of the receiver needed to achieve a certain bit error rate (BER).
The selectivity measures the ability to select a weak desired signal channel in
the presence of much stronger adjacent interferers (blockers). It depends not only
on the filtering characteristics, but also on the linearity and dynamic range of the
receiver blocks and the phase noise of the local oscillator(s). When sensitivity and
selectivity requirements are properly addressed the output of the receiver RF and
analog front-end shows a strong desired signal and weakened undesired blockers
and adjacent channels as shown in Figure 2.3(b).
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Many factors affect the sensitivity and selectivity of a receiver (such as receiver
architecture, analog-digital partitioning, noise figure, phase noise, linearity, etc.).
The following sections will discuss these issues and will walk us through the pro-
cedure to follow in order to find the specs the receiver has to meet in order to be
compliant with a certain standard. They comprise receiver noise figure, local os-
cillator phase noise, non-linearities, and selectivity requirements. The parameters
needed to compute them can be obtained in most cases from the radio specs of the
standard. Some of them may not be specified for certain standards. Common sense
and values used in similar commercial products can be used in that case.

2.6 Multi-standard Receiver Design Considerations

The general considerations to follow when designing a multi-standard receiver could
be summarized as follows:

1. Choose the target standards.

2. Obtain the standard specifications from the corresponding standardization
body (IEEE, ETSI, etc.).

3. Develop a detailed list of requirements the receiver should meet based on
the specs. Some of them have to be worked out based on the information
given in the standard, others are given directly. These specifications include
parameters such as LO’s phase noise limits, required noise figure, second
and third order intermodulation, filtering characteristics, etc. The following
section give detailed information on how to map the standard specs into
receiver specs.

4. Compare the obtained receiver specs with common practice and update the
specs if needed (you may not want to lag behind your competitors).

5. Choose the receiver architecture. For the multi-standard case, the receiver
architecture should optimize the trade-off between hardware sharing and con-
current operation.

be as similar as possible for all the targeted standards in order to maximize
the hardware sharing.

6. Develop a careful frequency plan that minimizes the effect of interferences
along the receiver chain.

7. Design the receiver budget itself. This means distributing the gain, noise fig-
ure, and allowable intermodulation product levels among the receiver blocks.
It may require a considerable amount of time to work out all the numbers.
Some of the conditions a designer needs to check when designing the budget
are:
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• The receiver meets the specifications of the addressed standards.

• The receiver is compliant with the test procedures specified either in the
standard or by relevant certification procedures.

• The resulting specifications for each of the blocks can be achieved in the
target process technology and the yield objectives met.

• The tunability ranges and shareabiliy strategy is reasonable, especially
when targeting multi-standard receivers

8. Follow the signal levels through the blocks up to the ADC. All the signals
related to the standard should be considered: the maximum and minimum
input signals, the blockers and the input thermal noise. This allows the
calculation of the required dynamic range of each of the blocks, which in the
case of the A/D converter can be expressed as number of bits required from
the ADC.

Usually several iterations between the last three steps are necessary in order to
reach a fair distribution of the requirements. Both the multi-standard and the single
standard cases should studied at the architectural and the block level. Basically,
what has to be done once the specs are set is:

for all combinations of multi-standard and single-standard
for all possible receiver architectures

* find the frequency plan with less interferers
* find a Rx budget that meets specs
with block requirements as relaxed as possible

end;
end;

Overwhelming, isn’t it? Each individual task is certainly easy to perform on its
own, as we will see in the next sections. It is the number of times these operations
have to be carried out, the endless possibilities of parameter distributions and the
correlation between these parameters that makes this problem not only difficult but
also complex.

Some degree of automation would certainly be appreciated by the RF systems
engineer. The rest of this chapter will focus on general considerations related to re-
ceiver design. The remaining chapters will address these issues from the standpoint
of our proposed automated solution implemented in TACT.

2.7 Receiver Architectures

This section gives a brief overview of the most widely used receiver architecture
and compares them in terms of their suitability for multi-standard applications
[49,52,53].
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Figure 2.4: Superheterodyne receiver architecture.

Superheterodyne Receiver The traditionally most widely used architecture in
RF applications is the superheterodyne receiver shown in Figure 2.4. This receiver
is able to select with high reliability high frequency narrow band signals from an
environment full of interferers. Since the channel selection is carried out at IF the
dynamic range requirements are relaxed at baseband. This simplifies the design
of the ADC. However, this receiver is not particularly suited for multi-standard
integration. When high Q filtering is required by a standard, the image rejection
(IR) filter and/or the channel selection IF filter have to be implemented off-chip.
Different image rejection and channel selection filters have to be used for different
standards, making it impossible to achieve a highly integrated low cost solution.

Zero IF Receiver A superheterodyne receiver with its IF set to zero is called
zero IF, direct conversion or homodyne receiver. This type of receiver architecture
is shown in Figure 2.5. The advantage of down-converting the signal to base-
band without passing through an intermediate frequency is the avoidance of image
problems. This architecture is more suitable for integration than the standard su-
perheterodyne receiver because no image rejection filter is needed2 and low pass
filters are more suitable for integration with low power consumption than IF filters.
Zero IF receivers have another major advantage over superheterodyne receivers:
they can be used for multiple standards only by making programmable the LO
frequency and the baseband chain (low-pass filter, variable gain amplifier and A/D
converter).

One of the main problems these receivers present is the appearance of DC offset,
both static and dynamic, at the mixer output. Due to leakage, the same signal, with
different power levels, might appear at the two inputs of the mixer. Self-mixing
of the local oscillator (LO) signal and/or out-of-band blockers with large power
levels are the most detrimental scenarios. The leaked signal can appear at different
point of the chain (mixer input, LNA input, etc.) and even be re-radiated and re-
received leading to different power levels. These effects are discussed in Section 4.1
and illustrated in Figure 4.2

2Remember that this filter had to be implemented off-chip in most cases.
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Even-order distortion can cause additional DC offset problems, which together
with the flicker noise degrade the dynamic range of the whole receiver chain.

Low IF Receiver A low IF receiver has a block diagram similar to the Zero-IF
one shown in Figure 2.5. Low IF receivers perform frequency downconversion of the
signal to frequencies close to, but larger than zero, solving most of the DC offset
and flicker noise problems of the zero IF receivers. This does not come for free. The
image problem is back and this time with the additional difficulty of filtering it out
at a rather low frequency. This makes mandatory dealing with the image rejection
problem on the mixer and even so the rejection ratio is lower than what is required
by most standards. This tightens the requirements for the band-pass ADC3 whose
order and bandwidth should be increased with the higher power consumption this
involves.

Wideband IF Double-Conversion Receiver A wideband IF double-conversion
architecture is basically a dual down-conversion heterodyne receiver. It performs
a down conversion using two IFs as it is shown in Figure 2.6. All the channels
are down-converted to the first IF using LO1, which is fixed. The programmable
conversion to baseband is performed using LO2.

This architecture has a high degree of integrability and programmability. Since
the first downconversion is done at IF the re-radiation and self-mixing problems the
zero IF receiver presents are overcome. Hence, the DC offset problems are reduced,
which relaxes the requirements of the ADC. The second LO is programmable, which
makes this architecture suitable for multi-standard applications.

3or the band-pass filter plus low-pass ADC.
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Figure 2.6: Wideband IF Double-Conversion receiver architecture.

Table 2.1: Comparison of the integration and multi-standard capabilities of the
discussed receiver architectures

Receiver Integration Multi-Standard ADC

Architecture Capabilities Capabilities Design

Superheterodyne Low Medium Simple

Homodyne High High Challenging

Low IF High Medium Challenging

Wideband IF High High Simple

Table 2.1 shows a comparison of the receiver architectures described above in
terms of integration and multi-standard capabilities.

2.8 Noise Figure

The noise figure of a system measures how much the signal to noise ratio (SNR)
degrades when a signal passes through it [49, 52]. The noise factor nf4 of a system
is given by

nf =
SNRin

SNRout
(2.2)

And the noise figure NF is the expression of the noise factor in dBs, that is:

NF = 10 log nf (2.3)

The noise factor can also be expressed as:

4In this chapter the noise factor of a system is abbreviated as nf instead of f (the most
extended notation) in order to avoid confusion with frequency, which is referred to as f .
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nf =
Pin/PRS

SNRout
(2.4)

Where Pin is the input signal power and PRS the source resistance noise power.
Therefore,

Pin = PRS · nf · SNRout (2.5)

which integrated over the signal bandwidth gives the total mean square power
of:

Pin,tot = PRS · nf · SNRout · B (2.6)

for a flat channel where B is the channel bandwidth. Expressing this equation
in decibel units we obtain:

Pin,tot|dBm = PRS |dBm/Hz + NF |dB + SNRout|dB + 10 log B (2.7)

The source resistance noise power PRS for a matched input at room temperature
is given by:

PRS =
4kTRs

4

1

Rin
|Rs=Rin

= kT |T=290K = −174dBm/Hz (2.8)

where k = 1.3810−23 is the Boltzmann’s constant.
Hence, Equation 2.7 can predict the system sensitivity Pin,min, that is, the

minimum signal level that the system can detect with acceptable SNR, as:

Pin,min|dBm = −174dBm/Hz + NF |dB + 10 log B + SNRmin|dB (2.9)

where the sum of the first three terms is the total integrated noise or noise floor
of the system. It immediately follows from this equation that:

NF |dB = Pin,min|dBm − SNRmin|dB + 174dBm/Hz − 10 log B (2.10)

Hence, the maximum noise figure a receiver chain is allowed to have can be
calculated using the receiver sensitivity, the signal bandwidth and the minimum
required signal to noise ratio at the output.

2.9 Noise Figure of Cascaded Stages

The overall noise factor for the cascaded receiver blocks can be approximated using
Friis equation:

nf = 1 + (nf1 − 1) +
nf2 − 1

A1
+ · · · +

nfm − 1

A1 · · ·A(m−1)
(2.11)
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Figure 2.7: Third order intermodulation in a non-linear system 2.7(a). Two adja-
cent channels whose third order intermodulation product falls in the desired signal
band 2.7(b). Two blockers whose third order intermodulation product falls within
the desired signal band 2.7(c).

where nfi is the noise factor and Ai is the power gain of the i-th block. The
noise figure is the equivalent in dB of the noise factor, NF = 10log(nf).

This equation is only valid for cascaded components where no frequency trans-
lation is performed [49]. When frequency translation is carried out, as is the case
in most receivers, the contribution of the image noise band should be considered
too. However, the characteristics of most receiver blocks in this image noise band
is very difficult to predict at this early stage of the design.

As Equation 2.11 clearly shows, the overall noise figure will be determined by
the first stages of the cascaded receiver. Hence, front end blocks with small NF and
high gain are highly desirable when trying to meet the NF specs of a receiver. It
should be noted as well that lossy blocks will amplify the noise contribution of the
stages following them.

2.10 Non-linearities

Non-linearities of the analog/RF components may produce intermodulation prod-
ucts and/or harmonics of their input signals. These unwanted signals appear at
the output of the receiver blocks along with the input signals. The intermodulation
(IM) products fall at frequencies fn,m defined as:

fn,m = ±n · f1 ± m · f2 (2.12)

where n and m are integer numbers and f1 and f2 are the input frequencies.
The order of the intermodulation product is n + m. Harmonic distortion can also
be described by Equation 2.12 when m = 0.

In a communications receiver, most harmonics and IM products have very low
power and/or are filtered out along the receiver chain. Nevertheless, some inter-
modulation products may fall close or within the desired signal frequency band and
may have a power level large enough to significantly distort it.
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Figure 2.8: Calculation of the kth order intercept point (IPk).

Take for instance the third order intermodulation products depicted in Fig-
ure 2.7(a). Signals at frequencies f1 and f2 will produce third order intermodula-
tion products at 2f1 − f2 and 2f2 − f1 when going through a non-linear system.
Imagine now the situation shown in Figure 2.7(b). The desired channel and two
adjacent channels are present at the input of an RF component of the receiver
chain. This is quite common since the channel selection is usually done at some
intermediate frequency or at baseband. One of the third order intermodulation
products originated by these adjacent channels will fall right on top of the desired
channel producing a disturbance in the system. A similar effect will occur for any
combination of blocker frequencies fb1 and fb2 such that

|fb1 − fb2| = |fb1 − finband| ∧ |fb2 − finband| (2.13)

Any such pair of blockers will produce a third order intermodulation product
that will fall within the desired channel bandwidth at a frequency finband. This
effect is illustrated in Figure 2.7(c).

Both the linearity of each block and the gain and filtering characteristics of the
receiver chain will have an impact on the overall linearity of a receiver.

A means of comparing the linearity of different circuits is provided by the kth

order intercept point (IPk). This point is located where the output level of the fun-
damental and the kth order IM product meet. The input power level corresponding
to this point is the kth order input intercept point (IIPk). The output power level
corresponding to this point is the kth order output intercept point (OIPk).
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The power of the intermodulation products grows at a higher pace than the
power of the signals that originate them as shown in Figure 2.8 when the devices
work in weakly non-linear regions [11]. This plot highlights also the fact that after a
certain power level, the system starts saturating. This means that a linear increase
in the input power level does not produce a linear increase in the output power
level after a certain point. The 1-dB compression point, located where the actual
curve is 1 dB away from the ideal one, is a measure of the saturation behaviour of
a component or system. The IPk is, therefore, a mathematical construction more
than a physical point that can be measured. It is calculated as the intersection
point of the linear extrapolation of the fundamental and the kth intermodulation
product lines. It is, nevertheless, a very useful construction. Since it is independent
of the power of the input signals, it can be used to compare the linearity of different
circuits as was mentioned before.

The power of an intermodulation product is inversely proportional to its order
for the region where the system is weakly non-linear [11]. Since the receiver will
normally work in this region we will limit our discussion to second and third order
non-linearities in this section. Nonetheless, higher order non-linearities could have
a significant impact on the system in certain situations. TACT allows to take high
order non-linearities into account as will be explained in Chapter 4.

It should be noted that the relative significance of odd and even intermod-
ulation products depends on the chosen architecture. For instance, even order
non-linearities are very detrimental in homodyne-like receivers whereas they do not
have such a strong impact in heterodyne-like receivers. The circuit implementation
also weights the relative importance of odd and even-order distortion. For instance,
fully-differential stages have the advantage over single-ended designs of providing
even-order distortion suppression.

Third Order Non-Linearity

The input third order intercept point (IIP3) can be calculated as [49,52]:

IIP3|dBm = Pin|dBm + ∆P/2|dB (2.14)

Where Pin is the power of the input signal and ∆P is

∆P |dB = Pin|dBm − IM3|dBm (2.15)

for a third order intermodulation product with a level of:

IM3|dBm = Pin,min|dBm − SNRmin|dB − M |dB (2.16)

where Pin,min is the receiver sensitivity and a margin M is taken into con-
sideration. These formulas can be used to calculate the minimum requirements a
communications receiver should fulfill in terms of third order non-linearity.
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Second Order Non-Linearity

The second order IM products f2 − f1 or f2 + f1 can become an issue in Low-IF
and specially Zero-IF receivers since they fall in the low frequency band. In these
types of receivers the second order IM products can be a more limiting factor than
the third order ones.

The input second order intercept point (IIP2) can be calculated as [49,52]:

IIP2|dBm = Pin|dBm + ∆P |dB (2.17)

Where Pin is the power of the input signal and ∆P is

∆P |dB = Pin|dBm − IM2|dBm (2.18)

for a second order intermodulation product with a level of:

IM2|dBm = Pin,min|dBm − SNRmin|dB − M |dB (2.19)

where Pin,min is the receiver sensitivity and a margin M is taken into consider-
ation.

2.11 Non-linearity of Cascaded Stages

The third order intercept point of a chain of cascaded stages at a given frequency
can be approximated by:

1

IP 2
3

=
1

IP 2
3,1

+
A1

IP 2
3,2

+ · · · +
A1 · · ·An−1

IP 2
3,n

(2.20)

where IP3,i is the third order intercept point and Ai is the gain of the i-th block
at that frequency. The second order intercept point of cascaded stages has an
equivalent equation.

2.12 Local Oscillator Phase Noise

The phase noise of an oscillator at an offset frequency ∆f of the carrier L(∆f) is
given according to Leeson’s model by:

L(∆f)(dBc/Hz) = Ps(dBm) − Pb(∆f)(dBm) − 10 log B − SIR(dB) (2.21)

where Ps denotes the input signal power, Pb(∆f) the blocker power at an offset
frequency ∆f , and SIR the signal to interferer ratio. Depending on the standard,
the blocker power at a certain offset frequency from the carrier Pb(∆f) may be given
by the blocking characteristics or by the adjacent channel characteristics. The one
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setting more stringent characteristics on the LO’s phase noise performance should
be used in the calculations.

The mechanisms originating phase noise are very complex and not fully under-
stood [54]. Using Leeson’s model for setting the local oscillator phase noise is an
oversimplification, but it is a good starting point when setting the specs.

Phase noise affects both the sensitivity and the selectivity of the receiver. The
sensitivity is affected since the in-band phase noise modifies the desired signal’s
SNR. The selectivity is affected because of the additive broadband noise coming
from the mixing of the LO with interferers that falls in-band.

2.13 ADC’s Dynamic Range and Effective Number of Bits

The effective number of bits of the ADC is related with the dynamic range (DR)
of its input, where the DRADC is [55,56]:

DRADC = Pmax − Pnoise + M (2.22)

where Pmax is the maximum signal power present at the ADC input, Pnoise is
the input noise floor, and M the considered margin. It should be stressed that in
this equation Pmax does not correspond to the maximum power input signal com-
ing from the standard, but to the signal with maximum power present at the ADC
input. Noise, distortion components and/or blockers will be added to the desired
signal affecting the power level present at each point of the receiver chain. It should
be, therefore, highlighted that both the gain distribution and the filtering charac-
teristics of the receiver chain play an important role in determining the dynamic
range of the ADC.

The effective number of bits of the ADC, ENOBADC , can be calculated as
[55,56]:

ENOBADC =
DRADC − 1.76

6.02
(2.23)

2.14 Automatic Gain Control

The gain budget is done both for the sensitivity value (maximum gain option) and
the maximum input power signal (minimum gain option). The automatic gain
control (AGC) tuning range is determined by the difference between the minimum
and the maximum gain levels.

AGC is introduced in receivers in order to be able to adjust the total gain of
the chain. The maximum gain option will be used when receiving signals close to
the sensitivity level. The minimum gain option will be used when receiving signals
of large power. The control mechanism introduced by the AGC allows to address
the far-near problem leading to an overall power save and avoidance of undesired
effects such as desensitization [52].
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The gain distribution should be done bearing in mind:

• The signal levels of the standards (maximum, minimum, noise floor, blockers,
etc.).

• Reasonable gain/loss levels for all the blocks (with some margin for circuit
non-idealities).

• The gain range for the programmable gain stages (LNAs, VGAs) so that the
dynamic range requirements for the ADC are as relaxed as possible for the
chosen analog-digital partitioning.

• The impact of the gain in the aggregate NF, IIP3 and IIP2.

The aggregate gain for the maximum and minimum gain options is given by the
addition of the individual gains in dB.

2.15 Selectivity Requirements and Analog-Digital
Partitioning

The selectivity requirements are determined by the blocking and the adjacent chan-
nel selection characteristics given by the standard and the coexistence scenario.

The analog-digital partitioning determines the selectivity percentage performed
in each domain.

The channel selection may be performed entirely in the analog domain thus
relaxing the requirements of the ADC. Depending on the filter type (Butterworth,
Elliptic, etc.) the selectivity requirements may translate into different filter orders.
The filter type choice should be made according to its pass-band ripple, stop-band
attenuation and transition band so that not only the desired attenuation levels are
reached but also the group delay, ripple, etc. are acceptable in all bands.

When part or all of the filtering is moved to the digital domain the ADC specs
become tougher. The amount of operations performed in the digital domain defines
the analog-digital partitioning of the system. This partitioning has a strong impact
on the system performance and requirements of the individual blocks.

The order in which amplification, filtering and A/D conversion are performed
determines how the distribution of the burden is carried out [52]. The possible
configurations are shown in Figure 2.9. In the configuration shown on top, the
linearity requirements of the amplifier are relaxed thanks to the placement of the
filter before it. However, this configuration makes the noise performance of the filter
critical. Since both filtering and amplification are performed before the analog-
to-digital conversion the requirements of the ADC are moderate. Swapping the
position of the amplifier and the filter as shown in the configuration located in the
middle, relaxes the noise performance requirements of the filter, while asking high
linearity to the amplifier and keeping the requirements of the ADC moderate. In
the configuration located at the bottom, the filtering is carried out in the digital
domain, which is very demanding on the amplifier’s linearity and the ADC.
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Figure 2.9: Different orderings of the amplification, filtering and A/D conversion
operations.

2.16 Trade-offs

It can be seen by inspection of Equations 2.11 and 2.20 that qualitatively, linearity
and noise performance impose opposed conditions to the gain distribution. In terms
of noise figure a high front-end gain is desirable whereas in terms of linearity a low
front-end gain is desirable. A fairly small front-end gain makes intuitive sense when
thinking of all the blockers entering the receiver front-end together with the desired
signal. Having a high front-end gain before any filtering of these undesired signals
might be very detrimental for the performance of the system if the RF front-end
components are not extremely linear and have a high dynamic range. Nevertheless,
from the noise standpoint, a high front-end gain that increases the power level of
the desired signal increasing the SNR is desirable.

As Section 2.15 discussed, the order in which amplification, filtering and A/D
conversion are performed has an enormous impact on both the specs of the indi-
vidual blocks and the overall receiver performance. This is intimately related with
the way in which the analog-digital partitioning is performed. The amount of op-
erations carried out in the analog and the digital domain will have a strong impact
in the block specs and the overall power consumption.

The pass and stop bands of the filters as well as their type and order have a
strong impact in both the receiver performance, its area, and power consumption.
From the performance standpoint very selective filters are desirable, but they re-
quire large areas and normally consume more power. The choice of intermediate
frequencies also has a strong impact in the filter requirements as well as in the
behaviour of the receiver in the presence of interferers.
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These are just few considerations to bear in mind when exploring the design-
space of wireless communications receivers. The following chapters describe the
approach that has been adopted in the course of this research work in order to
tackle the receiver design problem.





Chapter 3

TACT and its underlying
methodology

TACT, a multi-standard RF Transceiver Architecture Comparison Tool [41], is an
open, user friendly MATLAB based tool. It combines the top-down and bottom-up
approaches to the receiver design problem filling the gap of a middle ground where
system level transceiver specifications and actual electronic circuit implementation
issues meet.

The inputs to the tool are the wireless communication standards to design for,
the transceiver architectures, and the block implementations to consider. The per-
formance metrics of the tool are based on a set of cost functions, namely area,
power consumption, noise figure, local oscillator’s phase noise, linearity, dynamic
range and availability of already designed RFIC and mixed signal IP’s, which may
have a strong impact on the overall cost (NRE) of the solution. TACT evaluates
these cost functions and provides the user with the performance of each solution.
This permits to identify the advantages and disadvantages of different solutions at
a very early stage allowing optimization of the design at the system level. The user
steers the search through the allowable values of the cost functions and the ranges
of the block parameters.

For the moment only the receiving side of the transceiver is dealt with in the
tool. Nevertheless, the generic methodology underlying TACT applies to both Tx
and Rx.

Conceptually, TACT consists of four interacting components: (1) a standard ra-
dio specifications to transceiver specifications mapping tool, (2) a pool of transceiver
architecture models, (3) a pool of transceiver block models, and (4) a comparison
tool. Figure 3.1 shows how TACT’s integral parts relate to each other. The fol-
lowing sections describe these components and the way the user can interact with
them.

31
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Figure 3.1: TACT components.

3.1 The Standard to Transceiver Specifications Mapping
Tool

The standard to transceiver specifications mapping tool takes the RF specifications
of different standards (intermodulation characteristics, transmission mask, adjacent
channel selection, blocking characteristics, etc.) and converts them into transceiver
specifications (required noise figure, IIP3, etc.). It does so by using MATLAB
basically as a calculator. It is a “static” component of TACT. As Figure 3.1 shows,
the resulting transceiver specifications are fed into the comparison tool.

A library of standards is provided with the tool. The user can specify new
standards and make them part of TACT. The user can interact with the mapping
tool by choosing the standard(s) to address. Moreover, he can also vary the margins
that are provided by default in order to extract the RF specifications.

For instance, the default set of receiver specifications given for WCDMA (TDD)
is NF = 9 dB, PN(@ 5 MHz) = -120 dBc/Hz, PN(@ 10 MHz) = -127 dBc/Hz,
PN(@ 15 MHz) = -139 dBc/Hz, Att(@5MHz) = 33 dB, Att(@10MHz) = 61 dB,
Att(@15MHz) = 73 dB, Att(@20MHz) = 71 dB, IIP3 = -17 dBm and IIP2 = 14
dBm.
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Figure 3.2: Abstract model of a generic receiver architecture.

3.2 Pool of Transceiver Architecture Models

The pool of transceiver architectures contains different possible architectures where
the blocks are generic. As Figure 3.2 illustrates, any transceiver architecture can
be conceptually expressed as a series of the following sections:

• Sections providing either amplification, filtering or both. They are referred to
as AF sections in TACT. These sections may work at radio frequencies (RF
sections), intermediate frequencies (IF sections) or at baseband (BB sections).
These generic blocks represent the combination of real amplifiers and filters.

• Mixer sections that allow for frequency translation. They represent real mix-
ers.

• Frequency generators that provide the mixer with the signals needed to per-
form the frequency conversion. They represent the local oscillator, that might
comprise voltage controlled oscillators (VCOs), phase locked loops (PLLs)
and/or frequency dividers.

• Analog-to-digital and digital-to-analog converters (ADCs/DACs).

The way in which these sections are combined determines the transceiver ar-
chitecture. For instance, the model of a zero-IF receiver consists of an RF section
followed by a mixer with its corresponding frequency generator, a BB section and
an ADC. TACT currently provides models for zero-IF, low-IF and heterodyne re-
ceivers.

The position of the data converter determines the analog-digital partitioning.
Different options for the analog-digital partitioning in these architecture will be
explored by the comparison tool. The ordering of amplification and filtering, as
well as the number of amplifiers and filters per section, can be set by the user.

Besides being able to select the architectures to consider in the simulation, the
user can combine the transceiver blocks in a custom way.

3.3 Pool of Transceiver Block Models

The transceiver blocks are modeled at different abstraction levels. This allows
the comparison tool to choose the level of the block model to use depending on
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Figure 3.3: TACT simulation flow.

the current status within the simulation flow shown in Figure 3.3 and on the user
preferences. This process will be described in Section 3.4.

The high-level models abstract the behaviour of the blocks through a set of
parameters, namely their gain (G), noise figure (NF), non-linear behaviour (IIP3,
IIP2), dynamic range (DR), center frequency (fc), bandwidth (BW), input and
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output impedance (Zin, Zout), group delay (τg), area (A), power consumption (P),
implementation cost (C), multi-standard capability (M) and integrability (I)1.

These parameters may represent:

• an absolute or a relative value. For instance, the gain is an absolute value
whereas we treat the implementation cost as a relative parameter: the cost
of an already available IP block is many times lower than the cost of a block
that has to be designed from scratch.

• an allowable range of values or an assigned value. The allowable range of
values of a parameter is used in the design flow in order to determine whether
the desired value for this parameter can be assigned.

Medium-level models use MATLAB/Simulink and ADS blocks to model both
the ideal behaviour and the non-idealities that come from the actual circuit design
and the particular implementation of the block. For instance, the same filter can
be implemented using different architectures (Gm-C, active RC, etc.) that lead to
disparity in power consumptions, dynamic range, linearity, etc. At this level these
differences are modeled.

Low-level models can only be used in already available IP blocks. They charac-
terize the blocks using data coming either from the transistor level simulations or
from measurements. Therefore, they model the behaviour of the block much more
accurately than higher level models, still without having to run expensive transistor
level simulations within TACT. They are used in the last stages of the simulation
flow since they belong more to the analysis and verification part of the tool rather
than to the architectural level design.

A TACT user can specify nearly everything regarding the block models: the
allowable range of values, the non-idealities to be considered, the different block
implementations to be taken into account, etc.

3.4 The Comparison Tool

The comparison tool is the heart of the simulator. It takes the transceiver speci-
fications of the different standards coming from the mapping tool. Then, it runs
through the different architectures and block implementations available evaluating
the cost functions mentioned above. Finally, it provides the user with the perfor-
mance of each solution. Thus, the advantages and disadvantages of each approach
are determined and compared so that the user can find the best solution that meets
the design specification and requirements at hand. This is a “dynamic” tool.

The comparison tool considers the multi-standard as well as the single standard
cases at both the architectural and the block level. Although current trends call
for implementation of different standards into one common radio architecture [57]

1For the time being the parameters that are already included in the high level models are G,
NF, IIP3, IIP2, Zin, and Zout.
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Figure 3.4: Simulation flow and interaction with the user of the frequency planning
and budget tools.

using programmable blocks, this may not be feasible and may come at the expense
of a degraded overall performance of the transceiver chain. As a consequence, it
might be better to duplicate a block, rather than using a programmable common
block, or even to keep two separate signal paths.

There are three different components within the comparison tool: the transceiver
design and partitioning tool, the integration assessment tool and the component
tool. Figure 3.3 shows TACT’s simulation flow where the interactions between
these three tools are illustrated. They are described in the following sections.

The Transceiver Design and Partitioning Tool

The two main operations carried out by this tool are the frequency planning and
the budget design of the receiver, including the analog-digital partitioning. These
operations are performed not only taking into account the characteristics of the
standard(s), but also the user preferences as illustrated in Figure 3.4.

The transceiver design and partitioning tool takes as input:
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• the standard(s) specifications provided by the mapping tool

• the set of transceiver architectures to be considered

• the high-level models of the transceiver blocks

The performance of different frequency plans is evaluated using an interference
oriented approach as explained in Chapter 4. Afterwards, the tool provides as
output a set of candidate transceiver budgets meeting the specifications with their
performance for a given frequency plan chosen by the user. At this stage of the
flow, the cost functions that are evaluated are the overall noise figure, IIP2, IIP3,
and number of bits of the ADC. The budget is iterated in order to optimize these
cost functions as discussed in Chapter 5.

The performance parameters are distributed along the blocks according to a
criteria based on the allowable range of each parameter, their impact in the overall
performance and the aimed value for the cost functions. The allowable parameter
range is dictated by the block models and can be modified by the user.

As was mentioned in Section 2.15, the order in which the amplifying and filtering
operations occur has a big impact in the performance that is required from these
blocks [52]. In each of the different AF sections2 the cases where amplification
occurs prior to filtering, filtering prior to amplification and all the combinations
thereof where these two operations are distributed in several cascaded stages are
evaluated according to the user preferences.

In the last AF section, the analog-digital system partitioning is introduced. The
position of the ADC determines the boundary between the analog and the digital
processing of the signals. The filtering might be done fully in the analog domain,
fully in the digital domain or distributed between the analog and the digital sections.
This has an enormous impact in the requirements of the A/D converter and in the
power consumption of the overall system [9]. The analog-digital partitioning is done
at different points in the system depending on the weight assigned by the user to
the cost functions.

The Integration Assessment Tool

This tool assesses the multi-standard and radio-on-chip (RoC) integration capabili-
ties of the different solutions. It justifies the need of such capabilities in comparison
with and in contrast to stacked radio solutions and solutions that often require off-
chip components or may be packaged in a multi-chip module.

The multi-standard capabilities of a solution are evaluated using as measure
the impact in the cost functions of hardware reuse versus separate implementations
of a block, section or the full transceiver chain. Big differences in the value of a
parameter required by different standards may need tuning ranges from the blocks
that make the integrated multi-standard solution at the block or architectural level

2Transceiver sections providing amplification and filtering (see Section 3.2)
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impractical or highly inefficient. Small differences in a parameter value lead to
small tuning ranges that clearly make the multi-standard solution the best choice.
It is in the middle ground where a trade-off between the different cost functions
has to be made. In this case this tool explores both options and allows the user to
choose what cost functions to optimize.

A highly integrated solution is desirable. Going off-chip is expensive, especially
in terms of power consumption, 50Ω have to be driven in every interface, and area.
Therefore, every solution requiring an off-chip transition is penalized not only in
terms of area and power consumption, but also on its degree of possible integration
level. The integration assessment tool is to be implemented.

The Component Tool

The component tool runs input signals through the transceiver chain using medium
and low level models of the blocks. In the design phase medium levels of the blocks
are used. This allows to refine the specs for the blocks since the non-idealities
introduced by the models bring to about issues that were not considered when
using higher level models. Low level models verify the validity of the tool when
available. It is possible to combine in the same run low and medium level blocks.
This is very useful when determining the re-usability in the current system of an
already available IP.

An interface with a commercially available tool, ADS [30], is being built. Thus,
the block models can be implemented in Matlab/Simulink, C (supported by Matlab)
and ADS.

3.5 General Considerations

TACT contains tools and models that make possible its use in a hierarchical way.
It is conceived as a set of separate tools that can be used independently or following
TACT’s design flow, which is shown in Figure 3.3.

In order to take advantage of this hierarchical approach when using the full
TACT flow, the search space will be larger in the first steps of the design and it
will narrow down as we advance in the flow. At an early stage, high level models
of the components are used. Hence, doing a thorough search is fast and allows
to discard possibilities that even meeting the specs, do not meet the performance
criteria set by the user through the cost functions. Thus, the cost in simulation time
of exploring all these possibilities at this stage is relatively small. Only solutions
with a certain probability of survival will step into the next level of the flow.



Chapter 4

Frequency planning

Even though we are getting closer to the Software Defined Radio (SDR) paradigm,
there are still a number of major practical problems associated with placing the
ADC right after the antenna. Therefore, frequency translation in the analog domain
is still a must in most receivers used in handheld devices at present. Moreover,
filtering and amplification stages ease the job of the analog-to-digital converter and
keep the power consumption sufficiently low to make the system practical for mobile
terminals [58].

An interference oriented on-chip frequency planning is key in order to prevent
the desensitization of the receiver as well as the interference of unwanted signals.
These unwanted signals may appear in the different frequency bands where the
desired channel falls during the different frequency transformations carried out in
a receiver chain [49,52,59].

The objective of frequency planning is to find a frequency translation scheme
with low distortion components, small limitations coming from the out-of-band
blockers and lower filter order for maximum selectivity. The performance of the
different possible intermediate frequencies (IF) can be measured through the levels
of spurs falling in band as well as the bandwidths of the required filters. TACT
takes into account not only the center frequencies of the signals, but also their
bandwidths when performing all the computations [59].

The set of parameters that have to be determined at this stage when carrying
out the on-chip frequency planning are:

• The number of intermediate frequencies needed.

• The center frequency of the intermediate frequency band(s).

• The bandwidth of the filter(s) at RF, IF and BB.

The rest of the parameters that define the frequency behaviour of the receiver
such as filter types and orders, etc. will be determined at a later step in conjunction
with the budget design as explained in Chapter 5.
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Figure 4.1: Graphical User Interface of TACT’s Frequency Planning Tool.

4.1 Generic Receiver Architecture

Figure 3.2 shows an abstracted model that represents most of the architectures
used in wireless communications receivers as explained in Section 3.2. In these
receivers the RF input signal goes through a series of amplification, filtering and
frequency translation stages until it is converted into a digital signal for digital
post-processing.

Several factors have to be considered when choosing the set of frequencies and
bandwidths for the successive frequency translation stages the signal goes through
[49, 52]. The compromise made between the filtering characteristics, the linearity
of the components of the receiver chain, and the ADC dynamic range will depend
on the particular application and the availability of already designed IPs. Non-
linearities of the analog/RF components may produce intermodulation products
and/or harmonics of their input signals (wanted and unwanted) as was explained
in Section 2.10.

Unwanted signals may have different origins, namely: channels using the same
frequency at the same time in neighbouring cells (FDMA systems) or in the same
cell with a different code (CDMA systems), channels located in adjacent frequen-
cies, out-of-band blockers present in the wireless environment, other interfering
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Figure 4.2: Signal feedthrough and self-mixing.

signals present on-chip coming from other parts of the circuit (signals coming from
the transmitting side that appear in the receiving side through on-chip coupling
mechanisms, for instance), etc.

4.2 Mixing and Frequency Translation

The mixing process itself takes advantage of the non-linear behaviour, so undesired
in other blocks of the receiver chain, in order to perform the frequency translation
along the receiver chain. Mixers are not ideal components either. Due to their
finite input-output isolation, an attenuated version of the input signals appear at
the output. This phenomenon is known as signal feed-trough and is illustrated
in Figure 4.2. It could have detrimental consequences in the system if these fed-
through signals experience further non-linear processes that place them within the
signal band. Another problem, acute in the case of zero-IF receivers, is self-mixing
of the local oscillator and/or interfering signals. These signals, which might have a
high power level, will leak under certain conditions to the other input terminal of
the mixer as shown in Figure 4.2, and mix with themselves falling within the desired
channel band. Different receiver topologies suffer from different problems related to
their particular characteristics. These effects, described thoroughly in [11, 49, 52],
are modeled in TACT [41,59].

4.3 Number of Frequency Translation Steps

The first step is to determine the number of recommended translations. The aim
of performing more than one frequency translation is to obtain a good selectivity
while keeping the requirements of the filters as relaxed as possible. The method
described in [49] is used in TACT. For receivers with a narrow relative bandwidth
with respect to the carrier signal B/fs a double downconversion is recommended.
This is the case of a GSM receiver, for instance. In a receiver with wide tuning range
fsmax/fsmin an upconversion stage employed to ease the filtering of the image band
is followed by a downconversion. This is commonly used in mobile TV terminals
(DVB-H systems), for instance.
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The aim of performing more than one frequency translation is to obtain a good
selectivity while keeping the requirements of the filters as relaxed as possible. It
must be highlighted that the result of this evaluation is shown to the user as a
recommendation. Multiple frequency translations are not carried out in the tool by
default. There are other factors that may push for a single frequency translation.
Integrability, reduction of the overall complexity and power consumption as well
as the possibility of doing some of the processing in the digital domain have to be
weighted as well. For instance, many commercial GSM systems are implemented
nowadays using zero-IF receivers [11], which entail a single frequency translation.

4.4 Intermediate Frequency Search

The next step is to determine the range of possible intermediate frequencies. There
is a number of conditions the intermediate frequency band has to meet [49], namely:
the intermediate frequency band should not overlap with the signal band or the local
oscillator, the relative bandwidth of the filters should make them feasible, and the
image band should be rejected when the receiver architecture is sensitive to it.

These conditions are translated into different expressions depending on the rela-
tive location of the signal RF band, the local oscillator and the IF band. This leads
to different intermediate frequency ranges. An extended version of the expressions
proposed in [49] is used in TACT as follows:
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1. The IF/IFi+1 band should not overlap with the RF/IFi signal band:

if downconversion then
fi < fRF,min

else
fi > fRF,max

end;

2. The IF/IFi+1 band should not overlap with the LO:

if fo < fRF then
if fi < fo then

fi < fRF,min/2
else

fi > fRF,max/2
end;

else
condition 2 ⊆ condition 1

end;

3. The relative bandwidth at IF should be reasonable:

2 < fi

Bi
< 100

4. The RF filter should filter out interferers (especially the image band) while
its design should be relatively easy (its relative bandwidth not too narrow):

if tunable filter then
fRF,max/fi < 50

else (fix filter or filter bank)
fRF,max/fi < 100

end;
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Example The IF frequency range for WCDMA TDD in the 2010-2025 MHz band.
Assuming downconversion, high side LO and a fix filter would be:

1. Downconversion ⇒ fi < fRF,min

fi < 2010MHz

2. High side LO ⇒ condition 2 ⊆ condition 1

3. 2 < fi

Bi
< 100

10MHz < fi < 500MHz

4. fRF,max/fi < 100

fi > 20.25MHz

The resulting IF range will be: 20.25MHz < fi < 500MHz

The tool also displays commonly used frequency values within the intermediate
frequency range [49]. This can be a valuable piece of information when using
commercial-off-the-shelf (COTS) components. The use of standard components,
which are produced in large volumes by several vendors, can have a positive impact
on the cost.

Once the intermediate frequency ranges are determined for all the signal bands
the evaluation of the different possibilities starts. These signal bands can belong
either to different or the same standard and may or may not overlap.

The user can set the number of intermediate frequency values N to be evaluated.
Thus, the granularity of the frequency search space is determined. These points
are distributed along the different IF ranges in such a way that in the frequency
intervals common to two or more of them the evaluation is performed exactly for the
same intermediate frequency values. This eases the evaluation of the multi-standard
case.

The evaluation of the performance of each IF with respect to the interferers is
a two step process. First the interferences coming from signals related to the given
standard are considered as explained in Section 4.6. Then, the effect of out-of-band
blockers is analyzed as discussed in Section 4.7.

4.5 Filters Bandwidth Range

The bandwidth ranges for the RF and IF filters are initially set so that [49]:

1. They are larger than the channel bandwidth BRF , BIF > Bch.
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2. Their relative bandwidths (BRF /fRF , BIF /fIF ) make them feasible.

3. They are smaller than the channel separation for the last IF filter BIF < Bsep.
In the case of the RF filter bandwidth, the filtering of the image band has to
be ensured. Therefore BRF < 2fIFmin.

Example Following with the WCDMA example, the ranges for the filter band-
widths for fi = 100MHz would be:

1. BRF > Bch

BRF > 3.84MHz

2. fRF /BRF < 100

BRF > 20.25MHz

3. BRF < 2fIFmin

BRF < 98MHz

The resulting RF bandwidth range will be: 20.25MHz < BRF < 98MHz

1. Bi > Bch

Bi > 3.84MHz

2. 2 < fi/Bi < 100

1MHz < Bi < 200MHz

3. Bi < Bsep

Bi < 5MHz

The resulting IF bandwidth range will be: 3.84MHz < Bi < 5MHz

4.6 Intermodulation and Harmonics

As mentioned before, the signals related to the standard under analysis are con-
sidered first. These are signals whose characteristics are known a priori. They
comprise the different input channels, their corresponding local oscillator frequen-
cies and a number of other signals present on-chip that may cause disturbances
due to on-chip coupling. These signals may be the output of the power amplifier
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Figure 4.3: Effect of out-of-band interferers after going through a non-linear stage.

of a transmitter sitting on the same die, the voltage controlled oscillator (VCO)
frequency, any digital clock present on chip, etc.

All the frequency bands of the undesired intermodulation products, harmonics,
self-mixing products and mixer feed-through signals coming from the combination
of these “known” signals are computed. Should any of these signals fall within the
signal band, either at the RF or the IF frequency bands, the overlapping range,
m and n in Equation 2.12, and the frequencies of the signals that originate that
distortion component are stored in TACT for further display to the user both in
numerical and graphical form. At this stage the actual power levels of the signals
at every point of the receiver chain are not known, but the origin of the distortion
component and the order give clues to an RF designer about the power level and
final impact of these signals in the receiver performance.

The minimum (most detrimental) order of the distortion components falling
within each of the intermediate frequency bands for the standards under consider-
ation is displayed to the user. Chapter 6 shows an example of such plot. When
looking at a single intermediate frequency, all the distortion components with their
order, overlapping range with the signal band and origin are identified.

4.7 Out-of-band Blockers

When evaluating the effect of out-of-band blockers that fall within the RF filter
pass-band a different method from the one discussed in the previous section is
implemented. The characteristics of the out-of-band signals are not known. The
national or international regulatory bodies of the radio spectrum may enforce a
maximum power level for signals close in frequency to a licensed band. However,
information on the bandwidth or dynamics of potential interferers might be un-
known.
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Figure 4.4: Calculation of the most detrimental out-of-band interfering frequency
bands.

It is well known that any combination of blocker frequencies fb1 and fb2 satisfy-
ing Equation 2.13 will produce odd-order intermodulation products that will fall in
band at a frequency finband. This effect, illustrated in Figure 4.3 cannot be avoided.
Its impact will depend on the linearity of the receiver blocks. Increasing the lin-
earity of these components and/or reducing the RF filter bandwidth mitigates the
impact of these effects, but changing these parameters is not always possible.

When an out-of-band blocker and one of the “known” signals mentioned above
are involved in the non-linear process, equation 2.12 cannot be used directly. Never-
theless, the same principle can be applied from a different standpoint. This process,
illustrated in Figure 4.4, unveils the out-of-band frequency regions that may pro-
duce disturbances in the system. This information provides a deeper insight into
the performance of each of the evaluated intermediate frequencies. It may change
either the frequency plan choice or the requirements of the filters for some of the
intermediate frequencies. These undesired blocker bands are computed as follows:

• The combinations |fi ± n · fo/ch| are calculated.

• The combinations m · fblockerband are calculated. The blocker bands are the
RF filter pass-band without the signal bands.

• The overlap between the resulting bands is computed.

• The blocker bands corresponding to the overlapping range are computed.

This process is illustrated graphically in Figure 4.4 and through the following
numerical example:
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Example Let us continue with the WCDMA example and follow the calculation
of a potentially dangerous frequency band falling within the passband of the RF
filter:

Band Frequency range (MHz)
fbl1 1919.9 - 2010
2 × fbl1 3839.9 - 4020
|fi ± 2 · fch1| 3922.4 - 3927.4
foverlap 3922.4 - 3927.4
fbl,ovl 1961.2 - 1963.7
BRF,stopmin revised 1963.7

As this example illustrates, the described evaluation technique provides the RF
engineer with the information that allows him to choose another frequency plan,
harden the filtering requirements, or to take a calculated risk. In the particular
case shown in this example, a fourth order intermodulation product between the
first signal channel and a blocker within the fbl,ovl range would fall within the
intermediate frequency range centered at 100.12 MHz.
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Receiver Budget

TACT’s budget tool introduces the use of a multi-agent behavioral-based optimiza-
tion algorithm for system level radio design [60]. Making multi-standard wireless
communication receivers that meet their specs while keeping the requirements of
the individual blocks as relaxed as possible is the goal of this algorithm. In order
to achieve this goal a “divide and conquer” approach is proposed. Different agents
focus on different objectives that are pursued in parallel. Agents adopt different
behaviors depending on the status of the environment and their interaction with
other agents. Agents are cooperative by default as they try to meet their spec with-
out making changes that affect other agents. However, more aggressive behaviors
that lead to global changes can be adopted when needed. The interaction between
these simple entities yields an emergent behavior able to deal smoothly with the
complexity of the problem at hand.

The traditional approach to solve this problem, used still nowadays, is to find
this parameter distribution that meets specs using spreadsheets. Tweaking the
budget using this method is an extremely cumbersome and error prone method.
It is not very flexible and extremely time consuming, which limits the number of
solutions that can be explored in a short time. It relies completely in the RF system
designer when it comes to handle the parameter interdependencies. An experienced
designer knows, of course, “the tricks of the trade”, that is, he or she knows very
well how to distribute the specs among the receiver blocks qualitatively and, to a
certain extent, quantitatively. However, tweaking the budget manually has some
disadvantages.

Let us illustrate the limitations of this approach with a small example. Imagine
we are tweaking the budget of a receiver whose linearity does not meet specs and
the linearity requirements of the receiver blocks are already at the limit as shown
in Figure 5.1. Decreasing the gain of the LNA is one of the actions that we could
take in order to improve the linearity performance of the overall system. Figure 5.1
shows how this gain change does not affect only the gain and linearity distribution.
Improving linearity this way worsens the noise performance of the receiver. This
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Figure 5.1: Gain and noise distribution for WCDMA for an LNA gain of 25 dB.
The parameters that will be affected by a gain change on the LNA are shadowed
in light gray.

is just a simple example showing only how noise and linearity requirements set
different constraints to the gain distribution, but there are many other parameter
interdependencies to be considered [11,49,52].

Keeping track of the evolution of the receiver performance using this method
is very difficult for a designer, not to mention the difficulty in ensuring a fair
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Figure 5.2: Graphical User Interface of TACT’s Budget Tool.

distribution of the specs among the blocks. Having EDA tools coming to the rescue
in this task is certainly appreciated by many RF system engineers.

5.1 Algorithm’s Goal

The main goal of TACT’s budget tool is to find a multi-standard receiver budget
that meets or exceeds the specs of the addressed wireless standards while keeping
the requirements of each of the receiver blocks as relaxed as possible (noise figure,
linearity, etc.) [61].

More formally, the algorithm’s goal is to find a parameter distribution x =
(x1, . . . , xB) such that x ∈ S and d(xi, xr,i) is minimized, where S is the set of
parameter distributions that meet the receiver specs, xr,i corresponds to the most
relaxed (easier to meet) block specs, and d(xi, xr,i) is the Euclidean distance be-
tween xi and xr,i [61].

The constraint functions associated with the design of a communications re-
ceiver (dynamic range of the ADC, IIP3, etc.) are in general multi-variable, non-
linear, and non-convex. They are affected by a mixture of continuous and discrete
variables. For instance, parameters such as the gain of a block can be varied in
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a continuous manner, whereas changing the order of a filter produces a discrete
change in the gain profile of a filtering block and, in most cases, a discontinuity in
the dynamic range of the ADC (DRADC) evolution.

The receiver budget problem is a multivariable, non-linear, constrained opti-
mization problem. Due to the complexity of the optimization environment, a “di-
vide and conquer” approach was decided upon: a behavioral based multi-agent
system optimization.

5.2 Definitions

This section will introduce some definitions and review some of the concepts upon
which TACT’s receiver budget tool’s algorithm is based.

Parameter Definitions

We define the Usable Region UR of a receiver block as the subset of R
N where the

specs of the block are both feasible and useful in the context of radio receivers. N is
the number of parameters that define the characteristics of each block. The usable
region UR is a very small subset of R

N , which helps reducing the convergence
time. The usable regions are the mechanism that allows to include the experience
of an analog/RF designer into the tool. For instance, a filter with 10dB in-band
attenuation is not an useful block to have in a receiver. Hence, there is no need to
consider a filter with such characteristics during the design process.

Let B be the number of blocks of the receiver chain, xi ∈ URi∀i ∈ {1, B} the
parameter vector that contains the specs of the ith block, that is,

xi =











p1

p2

...
pN











(5.1)

These parameters are considered variables during the optimization process.
They correspond to the gain range, NF, IIP3, IIP2, filtering characteristics and
dynamic range of each block. These variables can be local or global. A variable is
local if and only if it only affects its homonym constraint function. That is,

pk ∈ L ⇔ ci 6= f(pk)∀i 6= k
pk ∈ G ⇔ pk /∈ L
where pk denotes the kth variable, L the set of local variables, G the set of global

variables, and ci the ith constraint function.
For instance, inspection of equations 2.11 to 2.23 shows that nfi is a local

variable since only its homonym constraint function depends on it. Ai is, on the
other hand, a global variable since it affects several constraints.

The parameter distribution x would, therefore, be:
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x =











p1,1 p1,2 · · · p1,B

p2,1 p2,2 · · · p2,B

...
. . .

...
pN,1 pN,2 · · · pN,B











(5.2)

The constraint functions ci are evaluated as a function of these parameters,
ci = f(x).

Note that the number of constraint functions ci is different than the number of
parameters that characterize a block N and that not all the parameters affect all
the constraint functions.

S ⊂ UR is the set of parameter distributions x = (x1, . . . , xB) that meet the
receiver specs (noise figure, linearity, etc.), which are the constraints of the opti-
mization process. Note that in this work the receiver specs are considered constraint
functions, not objective functions. Meeting the NF specs for a given standard does
not imply that the NF has to be minimized, it means that it has to be small enough
to be under the NF spec. Therefore, it is considered as a constraint function in this
paper.

xr,i ∈ URi contains the most relaxed (and therefore easiest to meet) block specs,
that is, Amin, NFmax, IIP3min, etc., xt,i ∈ URi contains the toughest block specs,
that is, Amax, NFmin, IIP3max, etc.

MAS Definitions

An Agent is a computer system that is situated in some environment, and that
is capable of autonomous action in this environment in order to meet its design
objectives [62]. Agents are self-interested entities, they are interested in their own
welfare.

Besides being able to some extent of autonomous action and interaction with
their environment, agents in a Multi-Agent System (MAS) have to be able to
interact with other agents [62].

The Subsumption Architecture

Behavioral-based systems make use of the subsumption architecture. Each agent
is equipped with a set of possible behaviors. Each behavior corresponds to an
individual action function that accomplishes a given task.

In subsumption architecture systems there is a tight coupling between percep-
tion and action. The status of the environment can fire simultaneously several
behaviors of an agent.

The decision-making process is based on the hierarchy in which the different
behaviors are arranged. Each behavior is located in a given layer, where basic
behaviors are located in the lower layers and the level of sofistication of the behaviors
increases with the layer. The lower the layer, the higher the priority of the behavior.
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The action of an agent is determined by its perception of the environment,
its set of behaviors, and the inhibition relation holding between these behaviors.
For instance, if behaviors at layer 1 and 3 are activated, the behavior with higher
priority, that is, the one located at layer 1, would determine the action of the agent.

Reactive systems tightly couple perception to action without the use of interven-
ing abstract representations or time history [63]. This is highly desirable in highly
dynamic environments. Constructing abstract world models is time consuming,
error prone, and not worthy in dynamic environments.

5.3 Novel Approach to Budget Design: Behavioral-Based
Cooperative Multi-Agent Optimization

A behavioral-based cooperative multi-agent system (MAS) has been chosen so as
to tackle the receiver budget problem. The basic idea behind MAS is having inde-
pendent agents that act in a (pseudo-)parallel manner pursuing the fulfillment of a
constraint function each.

TACT’s agents are behavioral-based. They make use of the subsumption archi-
tecture. The action of an agent is determined by its perception of the environment,
its set of behaviors, and the inhibition relation holding between these behaviors.
For instance, if two behaviors are activated, the behavior with higher priority would
determine the action of the agent.

The default behavior of TACT’s agents is cooperative instead of being purely
competitive. Having agents that are not too greedy favours reaching a compromise
in the specs distribution that meets all the specs and is fair to all the agents.

The intelligent behavior emerges from the interaction of various simpler behav-
iors, the agent’s interaction with their environment and with other agents.

5.4 TACT’s Agents

Figure 5.3 shows TACT’s optimization agents and their interaction. Agents only
have local access to their environment. Nevertheless, their actions can have both
a local and a global impact on their environment. According to this classification
criterium, there are two types of agents in TACT’s budget tool: agents having a
local effect and agents having a global effect. These agents will be referred to as
local agents and global agents respectively in the remaining sections of this chapter.

The agents that distribute the gain and filtering characteristics of the different
receiver blocks are tagged as global because they change global variables. Changing
the gain profile of a block affects all the other specification parameters (overall noise
figure, linearity, dynamic range of the ADC) as can be extracted from the equations
shown in Chapter 2.

Local agents act on local variables. They try to meet specs only by changing
their homonym variable. Nevertheless, local agents can send a query to global
agents requesting a change in a global variable.
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Figure 5.3: Interaction between the optimization agents
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Figure 5.4: Information flow between agents and their environment through per-
ception and action.

The environment, where all the variables are stored, is for each of TACT’s
agents: locally accessible, non-deterministic, dynamic, and contains a combination
of discrete and continuous variables. Figure 5.4 illustrates the relationship between
the environment and the agents. Agents have access to the information from the
environment relevant to them. No agent has global information on the environment.
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As can be seen in Figure 5.4, local agents are executed before global agents.
The action(s) taken depend on the status of the behaviors fired by the state of the
environment in the different agents and how conflicts are resolved. How perception
results into action is described in Sections 5.5 and 5.6.

5.5 Local Agents’ Behavior

Global AgentsLocal Agents

Cooperative

Mercenary

Agressive

Sleeping

Peacemaker

Figure 5.5: Agent behaviors.

Figure 5.5 shows the different behaviors agents can have. Local agents can
present two behaviors: cooperative and aggressive. The default behavior is coop-
erative, but it is inhibited by the aggressive behavior whenever needed.

Let us see how local agents behave using the noise figure as an example. Fig-
ure 5.6 shows the flowchart of the NF agent algorithm. The first step is to check
whether the NF distribution has been initialized. If not, the seed NF distribution
is set to the most relaxed values possible. In the initialization process, a partial
check for convergence is carried out (see Section 5.8) in order to find out whether
the NF specs are achievable at all.

Once there is a noise figure distribution available, either coming from the pre-
vious iteration or recently initialized, the agent decides what behavior to adopt.
In order to make this decision, the accumulated noise figure of the receiver chain
is calculated using the current gain and noise figure distributions and the result is
compared with the noise figure specs.

The default NF agent behavior is cooperative. When in this behavior, no query
is made to the global agents (the variable gain_redistrib_needed is set to 0). If the
calculated accumulated noise figure happens to meet the specs, no action is taken
and the agent is exited. If specs are not met, the agent tries to meet them on its
own by changing the NF specs of the different receiver blocks.

The aggressive behavior is fired in the NF agent in the following cases:
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Figure 5.6: Noise figure agent algorithm.

• When NF specs are impossible to meet only by changing the NF of the dif-
ferent receiver blocks. That is, with the current gain distribution, not even
the toughest NF distribution would make the system meet NF specs.

• With probability p, p ≪ 1, whatever the situation is. Introducing this pertur-
bation in the system helps avoiding local minima.

The action taken when the aggressive behavior fires is sending a query to the gain
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agent asking it to redistribute the gain of the receiver blocks in a manner that helps
meeting the NF specs. This query is communicated to the global agents by setting
the variable gain_redistrib_needed corresponding to the noise figure agent to 1.

In a given iteration local agents consider global variables as a constant. Thus,
the optimization problem is greatly simplified and can be addressed using a simple
deterministic optimization technique as described in Section 5.7 and in [61]. This
technique entails making changes of random absolute value in a deterministic direc-
tion by the local agents. The perturbation mechanism ensures that the parameters
values stay within the usable region of the receiver block at hand.

It would be possible for local agents that can meet specs on their own (without
needing to change the global variables) to do so in only one iteration [61]. However,
this might lead to an overdesign of the blocks since global variables are subject to
change during the optimization process. Therefore, only a portion of the change
needed to meet specs is carried out in each iteration until sufficiently close to the
objective. Thus, d(xi, xr,i) can be kept low. The step size and the neighbourhood
of the spec that defines the last iteration can be steered by the user.

In sum, local agents are like good neighbours that occasionally throw a party.

The ADC Agent

The ADC agent is a special case among the local agents. Its aim is meeting the
DRADC , which is a local constraint that can only be met via changes on global
variables.

The DR the ADC has to provide depends mainly on the sensitivity, the selec-
tivity, the limits of the AGC range, and the in-band noise. The DRADC sends
different queries to the global agents depending on which is the limiting factor that
is preventing the DRADC specs to be met. It might ask for steeper filters if the
limiting factor is an out-of-band signal for example.

5.6 Global Agents’ Behavior

Once the local agents have been executed, their queries to the global agents are
processed.

Global agents can present three different behaviors as shown in Figure 5.5: sleep-
ing, mercenary, and peacemaker. The default behavior is sleeping. The inhibition
relationship between these three behaviors is peacemaker ≺ mercenary ≺ sleeping.

Figure 5.7 shows how the behavior of local agents affects the behavior of global
agents (arrows going from bottom to top). This figure also illustrates that the future
behavior of local agents is affected by the changes in the environment produced by
the actions of global agents (arrows going from top to bottom).

When all local agents are behaving cooperatively, no queries are received by
global agents as shown on Figure 5.7(a). In this case, global agents are in sleep-
ing mode where, in principle, no action is taken. Nevertheless, weighted random
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Figure 5.7: Different behaviors of the global agents fired by the interaction with
local agents.

changes on global variables occur with a small probability p, p ≪ 1. This "oc-
casional snoring" helps getting away from local minima, in a similar way as an
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occasional uphill move may help reaching a global minimum in Simulated Anneal-
ing [64]. As in adaptive simulated annealing, the closer the algorithm is to reach
its goal, the smaller the absolute value of this random change.

When there is a single query coming from a single local agent the mercenary
behavior fires as illustrated by Figure 5.7(b). A global variable redistribution will
be the action taken when adopting this behavior, that is, the gain/attenuation
profile of the receiver will be modified. As far as the nature of the redistribution is
concerned, since only a single agent is demanding a change in the global variables,
the best interest of the querying agent shapes the nature of the change. For instance,
if the ADC agent is not able to meet specs because of the presence of high power
interferers located close to the band of interest, global agents will increase the
order of the filters changing the gain profile over frequency in a way that drives the
ADC agent closer to its goal; or if the NF agent is asking for a change in the gain
distribution the front-end gain will be increased. Details on the weights applied to
the gain of each of the receiver blocks can be found in Section 5.7 and in [61].

When several queries are directed toward global agents, the peacemaker be-
havior is fired. In this situation, if all the queries point toward a similar type of
change a compromise is reached. In this case, a gain/attenuation redistribution in
the required direction and random absolute value is performed. For instance, if
queries that require increasing the overall gain and increasing the back-end gain
are received, a combination of both actions can be easily carried out by increasing
the gain of all the receiver blocks in such a way that the gain increment is larger at
the receiver back-end.

However, global agents might receive queries that lead to opposite gain/attenuation
distributions. In that case, a change of random direction and random absolute value
is carried out in that iteration.

Gain Distribution

The routine that changes the gain distribution has to determine both the direction
of the change (increase or decrease the gain), the location of the change (front-end,
back-end, everywhere) and the amount of gain change to be introduced. When
changing the gain, it is ensured that the new gain value is within the range limits.
The absolute value of the gain variation is random within these limits.

In a receiver chain, there are blocks with variable gain and blocks with fixed
gain. When the multi-standard case is being evaluated, the gain changes for the
blocks programmable in gain are introduced with probability one. If the block is
not programmable in gain, the gain reassignment is taken into consideration with
probability p, where p is decided by the user. Depending on the gain values the
various standards try to assign to a block and the direction they are trying to push
the new value to, a different gain value will be resolved.



5.7. IMPACT ORIENTED PARAMETER DISTRIBUTION: A
DETERMINISTIC APPROACH 61

5.7 Impact Oriented Parameter Distribution: a
Deterministic Approach

As was mentioned in Section 5.5, under certain circumstances agents consider some
of their variables as constants and apply a deterministic optimization technique on
the remaining variables.

In this case the reassignment scheme for the values of the block parameters is
based on their impact on the overall system. The proposed method also takes into
account how much margin for changing the parameter has, that is, its distance to
the toughest block specs d(xi, xt,i).

Noise Figure Optimization

Let us describe first the way this algorithm works in the case of the noise figure.
Table 5.1 shows a numerical example of the noise figure reassignment. Equation 2.11
shows the aggregated noise factor, which is a function of the noise factors and gains
of each of the blocks. The difference ∆ between the current noise factor value and
a new noise factor value is, therefore:

∆ = ∆1 +
∆2

A1
+ · · · +

∆m

A1 · · ·A(m−1)
(5.3)

Hence, a change in the front-end noise factor has a bigger impact in the overall
noise factor. Let Ai be the power gain of the i-th block and δi the margin for
change of its noise factor, that is, the difference between its current value and the
best achievable value the noise factor range allows for. The impact of tweaking the
noise factor of the i-th block is:

χi =







δ1 if i = 1

δi

A1···Ai−1

if i 6= 1
(5.4)

which, in relative value, turns into:

χ′

i =
χi

∑

i χi
(5.5)

If an improvement of value ∆ is desired in the noise factor, the individual ∆i

values will be:

∆i =







∆ · χ′

1 if i = 1

∆ · χ′

i · A1 · · ·Ai−1 if i 6= 1
(5.6)

When the current noise factor is within an ǫ, ǫ ≪ 1, of the desired one, ∆ =
nfcurrent − nfspecs. Otherwise, ∆ is a fraction of that difference. Since the gain
distribution often changes along the process of optimizing all the parameters this
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Table 5.1: Noise figure reassignment

Parameter RF filter LNA Mixer IF filter VGA

nf max 10 10 100 10 1000
nf min 1.26 1.26 3.16 1.99 3.16
Ai 0.36 65.8 5.5 0.3 5e+5

current nf 1.55 1.5 6.38 2.26 36.3
overall nf 4.17

∆ 0.23
δi 0.29 0.29 3.21 0.26 33.12
χi 0.29 0.79 0.13 0.002 0.83
χ′

i 0.14 0.38 0.06 9.7e-4 0.4
∆i 0.032 0.032 0.35 0.03 3.69

new nf 1.517 1.517 6.02 2.23 32.6
new ov. nf 3.94

measure leads to designs that meet specs while keeping the requirements of the
individual blocks as relaxed as possible. A very small value of ǫ or of the factor
that scales ∆ may increase significantly the time for converging to a parameter
distribution meeting specs. These values should be chosen carefully.

Linearity Optimization

A similar procedure is followed when reassigning the linearity parameters. Since the
equations are slightly different, using a multiplicative factor between the current
and the new linearity values is more convenient. Taking:

IP3new = µIP3 (5.7)

where IP3 is the current IP3 value, makes the difference:

1
IP 2

3

− 1
IP 2

3new

= 1
IP 2

3

− 1
µ2IP 2

3

= µ2
−1

µ2IP 2

3

=

µ2

1
−1

µ2

1
IP 2

3,1

+ A1
µ2

2
−1

µ2

2
IP 2

3,2

+ · · · + A1 · · ·An−1
µ2

n−1

µ2
nIP 2

3,n

(5.8)

This equation can be rewritten as:

1

η
=

1

η1
+

A1

η2
+ · · · +

A1 · · ·An−1

ηn
(5.9)

where 1
ηi

=
µ2

i−1

µ2

i
IP 2

3,i

.

Equation 5.9 is very similar to Equation 5.3. Therefore, an equivalent procedure
to the one described by equations 5.3 to 5.6 is followed when computing the 1

ηi
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values. The obtained 1
ηi

are ultimately converted to the µi scaling factors providing,
thus, the new values for the IP3 components.

5.8 Optimization Process

The receiver architecture selection and the order in which the amplifying and fil-
tering operations are performed [52] will lead to different block combinations and
therefore, different results. Looping through different architectures and block com-
binations is supported by the tool.

The seed solution is chosen so that each parameter of each block is set to its
most relaxed value, that is, xinitial = xr,1 . . . xr,B . Once there is a seed solution, the
first step is to check for convergence, that is, whether or not the specs are achievable
at all. In this test, the best possible value for each parameter within the usable
region is employed when evaluating the constrain functions. If any of the constrain
functions is not achievable, execution is halted and the usable regions revised. This
is a partial check for convergence. It ensures that each of the constrain functions is
achievable independently. However, it does not ensure that all the constraints can
be met simultaneously. Not only the actions taken by the agents will determine
whether the algorithm will converge, but also the choice of parameter ranges, step
sizes, etc.

The proposed behavioral-based multi-agent based optimization is executed af-
ter checking for convergence. As can be extracted from Section 5.5 and [61], local
agents provide a new parameter distribution that dominates the previous one in
the Pareto sense. Whereas local agents yield an instantaneous Pareto improvement,
global agents may not do the same. Nevertheless, in the long term, these changes
lead to a more equitable distribution that favours all parameter distributions. The
cooperative nature of the agents together with the continuous interaction between
the environment and both global and local agents in the iterations that consti-
tute a run of the tool tends to relax the tension between the different agents and
helps them all reach their respective goals without punishing too much their fellow
agents. This is statistically true for small step sizes (amount of change possible for
a parameter in a single iteration) and a large number of iterations. However, in an
individual run of the tool one or several local agents might be slightly favoured by
the algorithm. Decreasing the step size diminishes the probability of being unfair
and increases the probability of convergence. Nonetheless, the step size should not
be decreased indefinitely since the execution time would increase enormously. As
in other evolutionary approaches, the trade-off between the parameters that steer
the search determines the quality of the solution and convergence time.

The 3D plot shown in Figure 5.8 illustrates the trade-off between the step size,
the execution time, and the performance of the algorithm. This plot shows how
approaching the noise figure distribution that meets specs using smaller steps leads
to better performance of the algorithm at the cost of an increased execution time.
The x-axis shows the step size, the y-axis the execution time in seconds averaged
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Figure 5.8: Trade-off between step size, execution time, and d(xi, xr,i).

for 1000 runs per step size, and the z-axis the distance improvement in dBs also
averaged for 1000 runs per step size. The distance improvement is calculated as the
difference between d(xi, xr,i) of the front-end block of the receiver for the largest
simulated step size and the obtained d(xi, xr,i) for each step size.

For instance, choosing a step size of 0.8 leads to an average execution time
of 125.4 ms whereas a step size of 0.001 results in an execution time of 23.075 s.
However, the noise figure requirement of the front-end block is 0.7 dB more relaxed
when the smaller step size is chosen (note that specs are met in both cases). This
illustrates the fact that if a very large step size is chosen, the algorithm performance
might be compromised.

Nevertheless, reducing indefinitely the step size does not improve indefinitely
the quality of the solution. The distance improvement starts to flatten out to form
an S-shaped curve after the step size has been decreased under a certain level, as
can be observed in this 3-dimensional plot.

The data plotted in this figure has been produced using an Intel Centrino proces-
sor running at 2 GHz with 2 GB of RAM under the following conditions:

1. TACT has been run for a zero-IF WCDMA receiver.

2. The parameter ranges have been set so that meeting the noise figure spec-
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ifications is the limiting constraint that determines the convergence time.
The parameters related to the remaining constrain functions have been set to
values that artificially make their respective specifications be met quickly 1.
Thus, the influence of the parameters that steer the search on the performance
of the noise figure agent can be measured without much interference from the
other agents.

3. The step size that scales the maximum change allowed in the noise figure in
a single iteration [61] has been swept between 0.001 and 0.8 in steps of 0.001.

4. For each step size, the tool has been run 1000 times and the results averaged
and shown in Figure 5.8.
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Figure 5.9: Trade-off and evolution plots for gain, noise figure, and IIP3.

Having a real design in mind, the trade-off between the constrain functions can
also be shown. Figures 5.9 and 5.10 show the trade-offs and evolution of gain, noise

1Note that analyzing the trade-off between step size, simulation time and performance is the
goal of this particular run, not designing a WCMDA receiver.
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Figure 5.10: Evolution of the accumulated gain, NF and IIP3 in a TACT run
corresponding to a WCDMA receiver.

figure and IIP3 in a WCDMA receiver when optimized for a WCDMA/WLAN
receiver. Figures 5.9(a) to 5.9(c) show the relationship between gain, noise figure
and IIP3 for all iteration points illustrating the trade-off between each pair of
parameters.

Figure 5.10 shows the evolution of these parameters as a function of the iteration
for a single run of the tool. The values of all the parameters are normalized in
order to show more clearly the parameter interdependency. As was explained in
Chapter 2 both the accumulated noise figure and linearity characteristics depend
strongly on the gain distribution. This plot shows clearly this dependency and the
global effect of changing a global variable (such as the gain). In this example it
can be appreciated how discrete changes in the gain produce discontinuities in the
overall noise figure and IIP3, whereas in the areas where the gain is kept constant
the smooth variation produced by the local agents can be observed.

Figure 5.11 shows how the IIP3 evolves in a typical run for WCDMA and WLAN
as a function of the gain and iteration number. IIP2, NF, and DRADC convergence
to the goal values in a similar manner. Their plots are not shown here for the sake
of brevity.

Figure 5.12 illustrates one aspect the evolution of the optimization process of
the WCDMA/WLAN multi-standard budget taken as an example. The resulting
signal levels along the receiver blocks are shown at three simulation steps. The level
of the desired input signals (maximum and minimum option), adjacent channels,
blockers and noise floor is plotted against the different blocks. These signal levels
are shown at the input of the RF filter (1), the LNA (2), the mixer(3), the baseband
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Figure 5.11: Evolution of the cascaded IIP3 for 5.11(a) WCDMA and 5.11(b)
WLAN for a typical run

filter (4), the baseband VGA (5), and the ADC (6).

The redistribution of the block characteristics performed during the optimiza-
tion of the budget makes these signals evolve with the simulation step as illustrated
in this figure. The distribution of the gain, noise figure, linearity performance, and
filtering characteristics changes along with the simulation step. These parameters
are readjusted in order to meet the requirements of the standards. Note how in
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Figure 5.12: Evolution of the signal levels along the blocks for WCDMA and WLAN
for different simulation steps. The WCDMA signals shown in 5.12(a), 5.12(c) and
5.12(e) correspond to: + Pmax, o Pmin, * Adjacent Channel at 5 MHz offset, x
Adjacent Channel at 10 MHz offset, � Adjacent Channel at 15 MHz offset, ⋄ Out-
of-band Blocker at 15 MHz offset, ▽ Out-of-band Blocker at 60 MHz offset, △
Out-of-band Blocker at 85 MHz offset, ⋆ Noise Floor. The WLAN signals shown
in 5.12(b), 5.12(d) and 5.12(f) correspond to: + Pmax, o Pmin, * Adjacent Channel
at 25 MHz offset, ⋆ Noise Floor
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time this adjustments attenuate adjacent channels and out-of-band blockers that
may interfere with the desired signal.

Complete case studies have been developed and reported in previous publica-
tions [43,65].

5.9 Power Considerations

So far the budget design tool is implementation independent. Hence, it does not
provide a power consumption estimation. Power is, nevertheless, one of the major
concerns in circuit design.

Shifting to an implementation dependent approach would require the addition of
an agent having power as its constrain function. However, there is not an agreement
as of what the best power estimation technique is even though a lot of research
has been conducted in the field. Given the modular nature of TACT adding new
agents is a very easy endeavor which could be undertaken should a power estimation
method be agreed upon.

Nonetheless, the optimization algorithm takes some high-level general measures
that could help keeping the power consumption low:

• Initialization in the most relaxed conditions: xinitial = xr = xr,1 . . . xr,B .
Smaller gain, higher NF, smaller IIP’s usually mean less current. The algo-
rithm then moves slowly towards a solution meeting specs but staying as close
to xr as possible as was explained in Section 5.1.

• The order of the filters is increased only when it is absolutely needed. Smaller
order means less filtering stages and, therefore, less area and power consump-
tion coming from the filters.

• ADC with as small DR as possible.

5.10 Block Reuse and Reliability Issues

Having the whole design flow of an RF receiver from system to silicon into focus, the
use of a high level tool such as the one described in this paper can save a significant
amount of time and manpower.

As was mentioned in Chapter 2 time-to-market and yield issues call for IP block
reuse.

Silicon proven blocks can easily be included in the design. The optimization
algorithm is in this case performed around these blocks whose characteristics are
fix.
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Table 5.2: Execution time results

Benchmark tmin(s) tmax(s) tmean(s) σ
WCDMA/WLAN 3.07 25.47 9.69 3.73
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Figure 5.13: A view of a zero-IF receiver in the TACT-ADS interface.

5.11 Timing Analysis

The execution time of the budget optimization algorithm is non-deterministic and
very dependent on the constrain functions and on parameters such as the step size
or the variable ranges.

Although the execution time cannot be predicted in general, statistics can be
calculated for a benchmark design. Table 5.2 shows the maximum, minimum, mean
and standard deviation of the execution time. The statistics are calculated over 200
runs of the tool where a multi-standard WCDMA/WLAN zero-IF receiver is the
target for the optimization.

5.12 Tool Verification

In order to verify the validity of the results obtained with TACT an interface with
ADS has been developed.

It is possible to store TACT’s simulation results in a format readable by ADS
through the Data Access Component [66]. The value for each parameter generated
by TACT can be then assigned to the block it belongs to in ADS. AC simulation is
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Table 5.3: Receiver performance calculated by TACT and ADS for a WCDMA
receiver [66].

Parameter TACT ADS
Gain(dB) 44.18 44.179
NF(dB) 7.18 7.284
IIP3(dBm) -15.42 -12.567
IIP2(dBm) 29.24 34.866

used in order to compute the overall gain and noise figure of the receiver in ADS.
The agreement between the results provided by TACT and by ADS is better than
0.1 dB as can be observed from the results displayed in Table 5.3.

In the case of the analysis of non-linearities, the difference between the simu-
lation results provided by TACT and ADS is in the order of few dBs. Harmonic
balance is used in ADS to simulate the non-linear behavior of the receiver whereas
TACT uses the first order approximation for calculating the second and third order
intercept points described in [52,61].

TACT uses first order approximations of the constrain functions in order to
speed up the design time. Therefore, a small penalty is paid in terms of accu-
racy [67]. Nevertheless, TACT always provides more conservative results than
ADS. Given these facts and since TACT is a high level design tool intended as a
first step in the design flow, trading this accuracy for reduced complexity and time
can be considered acceptable.

5.13 Comparison with other Approaches

Many multi-variable optimization algorithms rely on a single cost function built as
the weighted sum of the individual objective functions. The choice of the weight
factors has an enormous impact on the final solution. Small changes in the weight
factors may bias strongly the solution toward one of the objectives.

The proposed agent-based optimization algorithm does not rely on a single cost
function. There is no need to adjust the weight of each objective function. The
choice of the parameters that steer the search in the proposed algorithm obviously
affects the final outcome of the tool. However, the distributed approach provided
by the MAS, diminishes the impact of single parameters on the overall final result.
Moreover, the relationship between local and global agents leads to a built-in fair-
ness. Even if the solution is not exactly in the Pareto frontier, it will be highly
equanimous (remember that it is possible for a solution to be Pareto optimal but
favour differently different cost functions).

Other reported tools that address similar problems are based on Simulated
Annealing (SA). The basic decision making process of Simulated Annealing [64]
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can be summarized as:

• Choose a random seed.

• From the solution si−1 make a random change so that si−1 → si.

• Evaluate the constraint of the new solution ci = f(si).

• If ci < ci−1 take the new (and better) solution.

• Else take the new (and worse) solution si with a small probability p and stay
with solution si−1 with probability 1−p. p = p(T ) where T is the temperature
and may vary according to a given cooling schedule.

The core of the proposed algorithm is completely different from this. As was
mentioned in Section 5.3 the agents interactions among each other and their envi-
ronment, and the different behaviors agents can adopt are the key elements of the
algorithm. Nonetheless, in many of the agent’s behaviors the process that leads
from perception to action has some points in common with Simulated Annealing
(SA), namely:

• The fact that there is a random factor associated with each change.

• The fact that the amount of random changes decreases as the tool gets closer
to its goal. This is comparable to the cooling schedule used in SA.

However, there are major differences in the decision-making process imple-
mented in these behaviors. In SA:

1. A candidate solution is generated.

2. The algorithm decides whether to take it or go on with the previous solution
based on certain criteria.

TACT’s agents:

1. Decide in what direction they are going to make the change according to
certain criteria (this direction might be random in some cases).

2. Generate the new solution following this direction.

Another major difference with SA lies in the choice of the seed solution. TACT’s
agents take xr,i as the seed instead of using a random point xrand ∈ UR (see
Appendix 5.2). Therefore, convergence depends on the limits of the usability regions
rather than on random initial conditions as is the case for simulated annealing.

As was mentioned in Section 5.3 and [61] perturbations of random absolute
value and deterministic direction are introduced always by local agents and with
high probability by global agents. Perturbations of random absolute value and
direction are introduced with a very small probability by the global agents.
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This approach, where the search strategy is mainly directed instead of random,
was decided upon because there is a lot of a priori knowledge from RF systems
that can be taken advantage of. This plays to our advantage when addressing
the receiver budget problem but involves a limitation: the tool cannot be used in a
generic optimization problem just as it is. Nevertheless, there are other optimization
problems that could take advantage of the implemented behavioral-based multi-
agent optimization technique with small modifications in the code.

In comparison with Genetic Algorithms (GA), the proposed approach is less
memory and computationally intensive. Nevertheless, it would be interesting to see
how GA and multi-agent techniques would work together.





Chapter 6

Applications

This chapter illustrates the capabilities of TACT by means of several case studies
that address different stages of the design of multi-standard, multi-band receivers.
The first case study considers a WCDMA/WLAN multi-standard receiver [42, 43].
This case study discusses two aspects of the receiver design, namely the frequency
planning choice and the budget design process. The last part of the chapter deals
with analog-digital partitioning issues for a WiMAX/LTE receiver.

6.1 Case Study: WCDMA/WLAN Multi-Standard
Receiver Design

A brief introduction to WCDMA and WLAN is given in Appendix A and B. The
radio characteristics of the profiles chosen for these two standards are summarized
in Table 6.1.

Single downconversion receivers are quite popular architectures for multi-standard
applications. Their characteristics make them relatively easy to program, turning

Table 6.1: Summary of the WCDMA (TDD) and WLAN(802.11b) RF specifica-
tions.

Parameter WCDMA WLAN
RF Frequency Band 2010-2025 MHz 2400-2485 MHz

1900-1910 MHz
RF Channel Bandwidth 3.84 MHz 20 MHz
Channel Separation 5 MHz 5/25 MHz
Sensitivity -117 dBm -76 dBm
Max Power Level -25 dBm -10 dBm
Adjacent Ch. Selectivity 33 dB 35 dB
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Figure 6.1: Single conversion receiver architecture.

them into an attractive architectural choice. Hence, this discussion will be limited
to them. One of the challenges RF system designers face is finding a frequency
plan that suits both standards and that fosters hardware sharing. Of course, in the
case of the zero-IF receiver the frequency plan is determined by the architecture:
there is direct conversion to baseband having a center frequency of 0 Hz. The fol-
lowing sections illustrate the implications of moving from a zero-IF receiver up in
frequency to a low-IF configuration or even to a high-IF solution.

6.2 Frequency Plan Choice

In order to evaluate the immunity from interferers of the different possible frequency
plans for a single downconversion receiver as the one shown in Figure 6.1. TACT’s
frequency planning tool is executed. Figure 6.2 shows one of the outputs provided by
the frequency planning tool. This plot gives a snapshot of the intermodulation and
harmonic content due to in-band interferers for different intermediate frequencies.
This figure depicts the worst case intermodulation or harmonic order due to in-
band interferers up to distortion of order 10 for 1000 frequencies within the possible
intermediate frequency range. The y-axes shows the lower order of the distortion
components falling within each of the intermediate frequency bands, whose center
frequency is represented in the x-axis. This plot considers only signals directly
related to the standards (channels, local oscillators, etc.). It could also include any
other signal that the user would like to include so that, for instance, on-chip signals
known a priori (signals coming from the transmitter, a digital clock, etc.). The
execution time of TACT’s frequency planning tool for this run was 36 seconds1.

1This run was performed on an Intel processor 2 GHz with 2 GB of RAM running MATLAB
R14
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Figure 6.2: Minimum order of distortion components vs. the intermediate frequency
band within which they fall.

For a given pair of input signals, distortion components have larger power the
smaller their order is in the weakly non-linear region [11]. Hence, low order dis-
tortion components are, in general, more detrimental to the system. However, the
order is not the only important factor as was mentioned in Section 2.10. The
impact of odd and even-order distortion components depends on the receiver ar-
chitecture [49, 52]. Moreover, different cancellation techniques may apply when
addressing odd or even-order distortion components.

The origin of the signals producing distortion components and the frequency
overlap with the desired signal’s bandwidth are also key in determining the perfor-
mance of each intermediate frequency. For instance, the intermodulation between
the local oscillator and an adjacent channel will have different characteristics than
the intermodulation between two adjacent channels and, therefore, affect the sys-
tem in a different way. TACT stores information about the origin of the signals
causing undesired distortion components that fall in the band of interest as well as
the frequency overlap range. This information is available to the user when only
one intermediate frequency is selected.

Direct inspection of Figure 6.2 shows that WCDMA is somewhat better behaved
than WLAN when it comes to intermodulation performance. For the granularity of
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frequency space exploration of this run (1000 evaluated IFs), the spot where WLAN
starts showing really good performance is around 350MHz. This is a fairly high
frequency that may be quite stringent in the specifications of some of the IF blocks,
mainly the ADC whose design would be very challenging. If this made a user decide
on lower IF frequencies, two fairly good spots for both standards shown in this run
of TACT are fIF = 54.16MHz and fIF = 103.1MHz, much more suitable for a
practical implementation.

Out-of-band blockers are a fact of life. In most cases, the only thing we can do
to prevent their impact is to increase the linearity of the receiver’s blocks. Never-
theless, out-of-band blockers that fall within the RF filter pass band may cause a
lot of problems in a receiver. Section 2.10 described how odd order intermodulation
products of out-of-band interferers and adjacent channels that are not filtered out
may fall in the signal band. Figure 2.7 illustrates this fact. Sometimes, the only
things that can be done to prevent their impact is to increase the linearity and/or
the filtering characteristics of the receiver’s blocks. However, taking these measures
may be too costly or even unfeasible.

However, it is possible to identify the frequency locations that could potentially
cause more damage in the system should an undesired signal fall in that frequency
band and go through a non-linear process in combination with signals belonging to
the standard. The sensitivity to out-of-band blockers falling within the RF filter’s
band is evaluated using the method described in in Section 4.7. As an example of
TACT’s capabilities with respect to this matter, Figure 6.3 shows the out-of-band
blocker locations identified as potentially dangerous by TACT. The bands depicted
in this figure correspond to the side of the RF filter band situated under the signal
band for WCDMA for both fIF = 54.16MHz 6.3(a) and fIF = 103.1MHz 6.3(b).
These plots show the frequency bands that would produce beats falling within the
IF band when mixed with local oscillators, channels, etc.

From the standpoint of sensitivity to out-of-band blockers, fIF = 103.1MHz
is a better choice than fIF = 54.16MHz. Since part of the potentially dangerous
blocker bands are more far apart from the signal band, the same filter characteristics
would provide better immunity to out-of-band blockers. Even if the design of the
ADC is more challenging for the fIF = 103.1MHz, let us see how the receiver
budget would look like for this frequency plan since the Software Radio (SR) trend
is pushing towards higher and higher IFs.

6.3 Budget Design

Once a frequency plan has been chosen, it is time to move on to designing the
receiver budget. In order to find a parameter distribution meeting the receiver
specs, TACT’s budget tool is executed. The distribution of the gain, noise figure,
linearity performance, and filtering characteristics evolve with the simulation step.
These parameters are readjusted in order to meet the noise figure and linearity
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Figure 6.3: Out-of-band blocker bands identified as potentially dangerous for
WCDMA with fIF = 54.16MHz 6.3(a) and fIF = 103.1MHz 6.3(b)

specs set by the standard, the ADC dynamic range specified by the user and the
analog-digital partitioning that results from them.

Figure 6.4 shows the resulting signal levels along the receiver blocks for both
WCDMA 6.4(a) and WLAN 6.4(b) for an example receiver with fIF = 103.1MHz.
The levels of the desired input signals (maximum and minimum option), adjacent
channels, blockers and noise floor are plotted against the different blocks. These
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Figure 6.4: Signal levels along the blocks (1 RF filter, 2 LNA, 3 Mixer, 4 IF filter,
5 VGA, 6 ADC). The WCDMA signals shown in 6.4(a) correspond to: + Pmax, o
Pmin, * Adjacent Channel at 5 MHz offset, x Adjacent Channel at 10 MHz offset,
� Adjacent Channel at 15 MHz offset, ⋄ Out-of-band Blocker at 15 MHz offset, ▽
Out-of-band Blocker at 60 MHz offset, △ Out-of-band Blocker at 85 MHz offset, ⋆

Noise Floor. The WLAN signals shown in 6.4(b) correspond to: + Pmax, o Pmin,
* Adjacent Channel at 25 MHz offset, ⋆ Noise Floor
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Table 6.2: Specifications and performance of a typical run for a WCDMA/WLAN
multi-standard receiver.

Standard WCDMA WLAN
Parameter Specs Result Specs Result
DRADC(dBm) 60 50.65 49 44.33
ENOBADC 10 8.12 8 7.07
Gain(dB) - 69.05 - 66.36
NF (dB) 9 6.06 11 7.85
IIP3(dBm) -17 -15.68 -5 -4.88
IIP2(dBm) 14 27.02 23 27.92

Table 6.3: Parameter distribution for the proposed WCDMA/WLAN multi-
standard receiver.

WCDMA
Parameter RF filter LNA Mixer BB filter VGA
Gain (dB) -2.9 16 3.4 -2.6 55.2
NF (dB) 2 2.4 6.2 11.1 11.5
IIP3 (dBm) 4 0.8 2.6 4.1 5.1
IIP2 (dBm) 40 35 55 45 50

WLAN
Parameter RF filter LNA Mixer BB filter VGA
Gain (dB) -2.9 14.9 3.4 -2.6 53.54
NF (dB) 2 2.9 7.6 14.5 14.7
IIP3 (dBm) 13.8 11.4 12.8 13.8 14.1
IIP2 (dBm) 40 35 55 45 50

signal levels are shown at the input of the RF filter (1), the LNA (2), the mixer
(3), the baseband filter (4), the baseband VGA (5), and the ADC (6). Table 6.2
summarizes the performance of this receiver and Table 6.3 shows the parameter
distribution obtained running TACT’s budget tool. The obtained performance is
shown to meet or exceed the requirements of the WCDMA/WLAN standards. As
such, the case study validates the benefits of the proposed tool.

These results are obtained from scratch in only few seconds [59,61] and provide
very valuable information to RF systems engineers. They provide a starting point
from where the receiver specs can be readjusted using more accurate models for the
receiver blocks as they are available.
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Table 6.4: Summary of the LTE (downlink bands 1, 4, and 10) and WiMAX (profile
2 extended) RF specifications.

Parameter LTE WiMAX
RF Frequency Band 2110-2170 MHz 2305-2395 MHz
RF Channel Bandwidth 20 MHz 20 MHz
Channel Separation 20 MHz 20 MHz
Sensitivity -92 dBm -91 dBm
Max Power Level -25 dBm -30 dBm
Adjacent Ch. Selectivity 27 (case 1) dB Sensitivity + 3 dB

VGA

ADC

Baseband
Digital

ADC

RF filter

VGA

90

0
LO

LNA

Figure 6.5: Zero-IF receiver with all the baseband filtering performed in the digital
domain.

6.4 Case Study: A/D Partitioning

One of the aspects in which TACT can help RF engineers is quantifying some of
the effects of a given analog-digital partitioning. These effects are qualitatively well
know. As was discussed in Section 2.15 the more processing is performed in the
analog domain the less stringent the ADC requirements will be. The following case
study shows how TACT can easily quantify this trade-off. The example chosen to
illustrate this capability addresses a WiMAX/LTE multi-standard receiver. Appen-
dices D and C provide an overview of these two standards. The radio characteristics
of the profiles chosen for this case study are summarized in Table 6.4.

Figure 6.5 shows the receiver architecture for the target standards. A zero-IF
receiver where all the baseband filtering is performed in the digital domain has been
chosen for this case study.

For this configuration, different target ADC dynamic ranges have been consid-
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Table 6.5: Required filtering for different target ADC dynamic range for LTE.

DR/ENOBADC Spec Obtained DR/ENOBADC RF Filtering Order
75 dB / 12.2 bits 71.9 dB / 11.6 bits 3
65 dB / 10.5 bits 64.5 dB / 10.4 bits 6
55 dB / 8.8 bits 54.6 dB / 8.7 bits 10

ered and the amount of RF filtering required in each case has been compared. The
results for LTE, which leads to more stringent filtering than WiMAX, are shown
in Table 6.5. These results have been obtained using the same filter type (But-
terworth) and simulation conditions for all the different target dynamic ranges in
order to make the comparison as fair as possible.

Let us assume that the ADC chosen for this application has a fairly low dynamic
range. Taking as an example a maximum DR of 55 dB, the LTE requirements would
lead to a 10th order analog RF filter. Given this result, if the ADC characteristics
are to remain the same, it would be more reasonable to do part of the channel
selection at baseband, relaxing thus the RF filtering requirements. On the other
hand, should it be possible to impose more stringent requirements on the ADC, for
instance a DR of 75 dB, the channel selection could be performed completely in the
digital domain asking the RF front-end to perform a band selection with a more
reasonable filter order.





Chapter 7

Analog to Digital Converters

We live in an analog world full of analog signals that contain useful information
for us that we usually wish to process. However, processing analog signals is both
cumbersome and ineffective when compared to processing digital signals.

Analog-to-digital converters (referred often to as ADCs or A/D converters) are
devices that turn a signal continuous in time and amplitude into a signal discrete
in time and amplitude.

A/D converters are one of the key blocks of a communications receiver especially
as we move towards cognitive radios. This chapter describes some of the analog-to-
digital conversion basics focusing on a particular type of ADC, the ∆Σ converter.

7.1 Basic Operation

Analog-to-digital conversion consists primarily on two basic operations: sampling
and quantization. Sampling discretizes the signal in the time domain and quanti-
zation discretizes the signal amplitude. Figure 7.1 shows these two operations. An
input analog signal (Figure 7.1(a)) is sampled and held (Figure 7.1(b)), the sam-
pled amplitude is quantized to the closest quantization level (Figure 7.1(c)), and a
discrete output value is created (Figure 7.1(d)).

7.2 The Ideal A/D Converter

Figure 7.2 shows an abstract representation of an A/D converter and Figure 7.3 the
input-output transfer curve for a 2-bit ADC. Vin corresponds to the input voltage,
Vref is the reference voltage, and Bout = b1b2 . . . bN the output digital word where
b1 is the Most Significant Bit (MSB) and bN the Least Significant Bit (LSB).

An ADC with N bits, will have 2N output levels. Defining the LSB unit1 as:

1The LSB unit is as a matter of fact unitless in the physical sense.
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(a) (b)

(c) (d)

Figure 7.1: Sampling, quantization, and digitization in an analog-to-digital conver-
sion.

1LSB =
1

2N
(7.1)

we can define the VLSB , that is, the voltage corresponding to one LSB, as:

VLSB =
Vref

2N
= Vref · 1LSB (7.2)

The equation that relates the input, output, and reference signals and the con-
version error in an ideal A/D converter is:

Vref (b12
−1 + b22

−2 + · · · + bN2−N ) = Vin + VQ (7.3)

where VQ is the quantization error.

7.3 Quantization

Quantization is a non-linear operation and introduces (distortion) errors to the
conversion. One output level corresponds to all the input levels located within a
certain range of the input signal. Hence, the quantization process inherently entails
an error even when dealing with an ideal converter. The quantization error is the
difference between the output and the input of the quantizer.
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Figure 7.2: Abstract representation of an ADC.

Figure 7.3: Input-output characteristic and associated quantization noise for a
generic ADC.



88 CHAPTER 7. ANALOG TO DIGITAL CONVERTERS

The quantization error VQ shown in Equation 7.3 is bounded by:

−
1

2
VLSB ≤ VQ <

1

2
VLSB (7.4)

7.4 Sampling

Sampling periodically2 a continuous time signal x(t) at a sampling frequency fs

results in a continuous time sampled signal xs(t) that can be expressed as:

xs(t) =
∞
∑

n=−∞

x(t)δ(t − nT ) (7.5)

where

δ(t − nT ) =

{

1, t = nT
0, t 6= nT

(7.6)

and

T =
1

fs
(7.7)

is the sampling period. The sampled signal is obtained through the multipli-
cation in the time domain of a train of δ impulses equally spaced by the sampling
period T with the input signal. The periodic sampling process can be regarded as
taking snapshots of the signal at regular intervals.

The discrete time signal x[n] found at the output of the ADC is a discrete time
version of the sampled signal xs(nT ) whose relation with the continuous time input
signal x(t) is shown in Equation 7.8

x[n] = xs(nT ) = x(nT ) (7.8)

The Fourier transform of xs(t) is:

Xs(jω) =
1

T

∞
∑

k=−∞

X(j(ω − kωs)) (7.9)

Since multiplication in time means convolution in frequency, Xs(jω) is a periodic
function of ω consisting of a superposition of replicas of the Fourier transform of
the continuous time input signal, X(jω), scaled by 1/T and shifted by kωs.

The sampling theorem states that if ωs < 2ωin,max there will be no overlap
between the shifted replicas of X(jω). If that is case, x(t) can be recovered exactly
from xs(t). The frequency 2ωin,max is referred to as the Nyquist rate. When the

2Only periodic sampling will be considered in this manuscript. Although not necessarily true
for all systems, signals are normally sampled periodically.
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Figure 7.4: Spectrum of a continuous time signal 7.4(a) and of its sampled version
for different sampling frequencies: fs = fNyquist 7.4(b), leading to an anti-aliasing
filter with tough requirements, fs < fNyquist 7.4(b), where it is not possible to
recover the signal due to aliasing, and fs > fNyquist 7.4(b), where the specifications
of the anti-aliasing filter are quite relaxed the larger the oversampling ratio is.

sampling theorem is fulfilled, a continuous time signal can be univocally represented
and recovered by a sequence of its samples.

Figure 7.4 shows the spectrum of the continuous time signal. When sampled
at the Nyquist frequency there is no overlap between the signal replicas, allowing
for signal recovery. If the signal is sampled using a frequency smaller than the
Nyquist frequency aliasing occurs. This means that the signal replicas overlap with
each other, making signal recovery impossible. In real systems, the continuous
time signal to be sampled is not spectrally pure. In order to avoid aliasing, the
bandwidth of the signal entering the sampler is limited by an anti-aliasing filter
even when sampling at the Nyquist frequency. It is also possible to oversample a
signal. Signal oversampling occurs when a sampling frequency much larger than the
Nyquist frequency is used. Besides ensuring signal recovery, oversampling relaxes
the requirements for the anti-aliasing filter.
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7.5 The Oversampling Advantage

Sampling an analog input signal at the Nyquist rate is a sufficient condition to be
able to recover a digitized signal that has gone through an anti-aliasing filter that
limits its bandwidth to the Nyquist frequency.

Oversampling occurs when the signals of interest are bandlimited to f0 yet the
sample rate is fs > 2f0. We define the oversampling ratio OSR as:

OSR =
fs

2f0
=

fs

fNyq
(7.10)

When the input signal is sampled at a frequency that exceeds the Nyquist rate,
the quantization noise power is spread over a bandwidth which is much larger
than the signal bandwidth. Hence, by using oversampling, resolution in time can
be traded by resolution in amplitude [68, 69]. Assuming the quantization error
can be correctly modeled as white noise, oversampling reduces the in-band rms
quantization noise by the square root of the oversampling ratio. This is equivalent
to an increase in dynamic range of 3 dB (or 0.5 bits) for each doubling of the
sampling rate [70].

Oversampling improves the SNR as:

SNRmax = 6.02N + 1.76 + 10log(OSR) (7.11)

where N is the number of bits and OSR the oversampling ratio.
However, the SNR improvement provided by oversampling is not good enough in

most applications if the OSR is to be kept within reasonable limits. Noise shaping
is needed for many systems to be practical. Otherwise the OSR needed to achieve
the required SNR leads to too high sampling frequencies. For instance, an input
signal of 25 kHz would result in a sampling frequency of 54000 GHz if a 96 dB
SNR is required from a 1 bit A/D converter. This sampling frequency is clearly
impractical [70].

7.6 Oversampled ∆Σ A/D Converters

∆Σ ADCs take advantage of oversampling, noise shaping, and digital filtering and
decimation to achieve a given performance level. They can trade resolution in time
for resolution in amplitude.

Figure 7.6 shows the block diagram of an oversampling ∆Σ A/D converter. It
comprises:

1. Continuous time anti-aliasing filter: It band-limits the input signal to fs/2.
The higher the OSR, the more relaxed the requirements of the anti-aliasing
filter.

2. Sample and hold (often integrated in the ∆Σ modulator).
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(a) (b)

(c)

Figure 7.5: Quantization noise in Nyquist 7.5(a), oversampled 7.5(b), and ∆Σ A/D
converters 7.5(c).
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Figure 7.6: Block diagram of an oversampling ∆Σ A/D converter.

3. ∆Σ modulator: It converts the analog signal into a noise-shaped low-resolution
digital signal.

4. Decimator: Decimation is the process that transforms the digitally modulated
signal from short words occurring at high sampling rate to longer words at the
Nyquist rate [71]. In other words, the decimator converts the oversampled
low-resolution digital signal into a high-resolution digital signal at a lower
sampling rate, usually equal to 2f0. The decimation filter can be conceptually
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thought of as a low-pass filter followed by a down-sampler.

7.7 ∆Σ Modulator

The use of shaped quantization noise applied to oversampling signals is commonly
referred to as delta-sigma ∆Σ modulation. Negative feedback combined with a
coarse quantization at a high sampling rate shapes the spectrum of the quantization
noise away from the signal frequency. In this type of converters the quantized signal
is the integrated (Σ) version of the difference (∆) between input signal and the
analog representation of the binary coded output [72].

Noise shaping pushes much of the noise power out of the signal band [68,72,73].
Figure 7.5(c) shows the distribution of the quantization error power after it has
undergone noise shaping. The signal that is subject to quantization is not the input
signal itself, but a filtered version of the difference between the input signal and
the encoded output. The block diagram of a generic ∆Σ modulator (interpolator
structure) is shown in Figure 7.7 and its linear model in Figure 7.8 where the error
introducer at the quantizer is modeled as an additive noise source .

Treating the linear model as having two independent inputs3 the signal transfer
function STF is:

STF (z) =
Y (z)

U(z)
=

H(z)

1 + H(z)
(7.12)

and the noise transfer function NTF is:

NTF (z) =
Y (z)

E(z)
=

1

1 + H(z)
(7.13)

Therefore,

Y (z) = U(z)
H(z)

H(z) + 1
+ E(z)

1

H(z) + 1
(7.14)

Note that the zeros of NTF are the poles of H(z). In order to do some useful
quantization noise shaping H(z) has to be chosen so that its magnitude is large
from 0 to f0 and small for f > f0 so that:

STF (z) ≈ 1 0 ≤ f ≤ f0 (7.15)

NTF (z) ≈ 0 0 ≤ f ≤ f0 (7.16)

In the case of band-pass ∆Σ modulators the same principles apply when choos-
ing the signal and noise transfer functions but having the center frequency of the
modulator at a frequency different to 0.

3The input signal and the quantization noise are in reality not independent, but it has been
shown that this assumption does not affect the result of the analysis [68]
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Figure 7.7: Block diagram of a generic ∆Σ modulator.

e(n)

u(n) y(n)x(n)

+
−

H(z)

Figure 7.8: Linear model of a generic ∆Σ modulator.

The ∆Σ modulator model is analogous to an amplifier realized using an op-amp
and feedback [70]. At low frequency, where the gain of the op-amp is high, the
feedback reduces the effect of the noise of the output stage of the op-amp in the
closed-loop amplifier’s output signal. At high frequencies, when the op-amp’s gain
is low, the noise is not reduced. In the case of the ∆Σ modulator high frequency
noise is not reduced by the feedback (there is little loop gain at high frequencies).
Nevertheless, high frequency noise can be filtered out at a later stage without
affecting the signal.

When choosing H(z) note that the maximum level of the in-band input signal,
u(n), must remain within the maximum levels of the feedback signal y(n), otherwise
the large gain in H(z) will cause the signal x(n) to saturate. Actually, for many
modulators the input signal needs to be significantly smaller than the bounds of
the quantizer output levels in order to keep the modulator stable. However, the
maximum level of u(n) for out-of-band frequencies where the gain of H(z) is small
will not necessarily cause the signal x(n) to saturate [70].

A modulator is defined to be stable if the input to the quantizer does not become
so large as to cause the quantizer error to become grater than ±∆/2, which is
referred to as overloading the quantizer.

The ∆Σ ADC resolution is determined by [72]:

• the OSR.

• the number of internal quantization bits B.
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• the order of the noise shaping function L.

as:

DR = 10log

(

3(2L + 1)

2π2L

)

+ 10(2L + 1)log(OSR) + 20log(2B − 1) (7.17)

First-Order ∆Σ Modulator

In order to illustrate the concept of ∆Σ modulation let us look at a first order low
pass ∆Σ modulator. In a first order ∆Σ modulator NTF should have a zero at DC
(z = 1) ⇒ H(z) should have a pole at z = 1. With H(z) being a discrete time
integrator:

H(z) =
z−1

1 − z−1
=

1

z − 1
(7.18)

STF = z−1 (7.19)

NTF = 1 − z−1 (7.20)
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Hence, ideally, STF is a delay and NTF is a high-pass filter with a zero at DC,
that is, the modulator shapes the noise so that the quantization noise around DC
is reduced.

Figure 7.9 shows the output spectrum of an ideal first order ∆Σ modulator.
The noise shaping effect can be clearly appreciated in this plot.

Single-loop vs. Cascaded Modulators

High order modulators are used to push the quantization noise further away from
the band of interest and, thus, increase the dynamic range of the ADC as was shown
by Equation 7.17

There are two possible modulator structures that can be used when implement-
ing higher order ∆Σ modulators. The first structure is the single-loop ∆Σ modula-
tion. Single-loop modulators of order L have L differentiators (or integrators) in the
forward path. Depending on the type of modulator, besides having multi-feedback
paths, they could count on feed-forward paths as well. The main drawback of this
structure is that as the modulator order L increases the modulator is more prone
to become unstable.

Cascaded modulators, also known as Multi stAge noise SHaping (MASH) mod-
ulators cascade low order stable stages. The input of the ith stage from i = 2 is the
quantization noise of the ith − 1 stage. This allows to cancel the noise of all the
stages except for the last one, which has undergone Lth order noise shaping, using
digital cancellation logic. MASH structures do not present stability problems when
properly designed. They are, however, very sensitive to mismatches between the
analog and the digital circuits and not immune to leakage from the quantization
noise of the first stage to the output.

A thorough description of different modulator structures and their characteris-
tics can be found at [68,73].

Single-bit vs. Multi-bit

The internal quantizer of the ∆Σ modulator can be single-bit or multi-bit. A higher
the number of bits in the quantizer entails an increase in the output resolution
relaxing, therefore, the OSR requirement. Multi-bit quantizers are more stable
than single-bit quantizers since the quantization error is smaller. They are especially
suitable for broadband applications. On the other hand using a multi-bit quantizer
increases the modulator complexity and linearity issues appear when the feedback
DAC is also multi-bit.

Traditionally, 1-bit DACs have often been used in oversampling converters in
order to avoid issues with linearity. 1-bit DACs are inherently linear if second
order effects are ignored. A 1-bit D/A converter has only two output values which
define a straight line. Therefore, no calibration or trimming is required. Second
order effects that can affect this linearity are signal-dependent power supply or
reference voltages or memory in the D/A. However, nowadays many applications
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require higher resolution. Different linearization techniques can be applied in that
case [68,73].

CT∆Σ vs. DT∆Σ

In discrete time ∆Σ (DT∆Σ) modulators the sample and hold (S/H) circuit is
located at the input of the modulator, whereas in continuous time ∆Σ (CT∆Σ)
modulators the S/H is located inside the loop, right before the internal quantizer.

DT∆Σ modulators are implemented using switched capacitor circuits. This al-
lows them to be very precise since the loop filter parameters are set by capacitor
ratios, which are easy to control accurately, instead of by capacitor absolute val-
ues. However, their sampling frequency is limited by the charge transfer accuracy
requirements. CT∆Σ modulators can deal with higher frequencies due to their con-
tinuous time operation. They are more sensitive, however, to timing uncertainties
such as clock jitter or to excess loop delay, which can even cause system instability.
A more thorough comparison of CT∆Σ and DT∆Σ can be found at [68,73–76].

Nyquist Rate vs. Oversampled ADCs

One of the main advantages conventional (Nyquist) converters present is their use
of a lower sampling frequency in comparison with their oversampled counterparts
(usually fNyquist). Normally, the higher the frequency the converter runs at, the
higher its power consumption. Working at high frequencies requires fast and com-
plex digital signal processing stages and makes the system more prone to suffering
from timing related issues.

On the other hand, Nyquist rate converters need precise analog components in
their filters and conversion circuits and are more vulnerable to noise and interference
than oversampling converters.

Oversampling converters relax the requirements on the analog circuitry. They
can use simple and relatively high-tolerance analog components even for high res-
olution. Due to the oversampling advantage, the analog anti-aliasing filter of the
ADC is easier to design4.

Extra bits of resolution can be obtained for the same oversampling ratio by
spectrally shaping the quantization noise through the use of feedback.

∆Σ ADC for Narrow and Wideband Applications

Narrow band applications, such as speech and audio processing, can use a single-bit
quantizer and a high OSR in a DT∆Σ ADC.

On the other hand, wideband applications cannot rely on increasing the OSR
to improve the resolution. They require very high speed circuits, more than what
is practical.

There are two possible solutions that pose different design challenges.

4See Section 7.4.
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1. Use a higher order modulator with a reduced OSR. Challenges:

• The anti-aliasing filter would need a sharper cut-off frequency.

• The decimation filter becomes more complicated with the increase in
noise shaping order.

2. Use multi-bit internal quantization. Challenges:

• It requires a highly linear feedback D/A converter.

• Increases the hardware complexity of the digital decimation filter.

It is more and more popular to use CT ∆Σ ADCs for wideband applications since
they can deal with higher frequency signals than their DT counterparts. However,
their sensitivity to timing non-idealities poses a major challenge.





Chapter 8

Continuous Time Modeling of
Sampling Related Effects in ∆Σ

Modulators

This chapter focuses on the modeling in continuous time of sampling and time uncer-
tainty effects that are traditionally addressed in the discrete time domain [74,77–80].
The work presented in this chapter does not provide a full model of the modulator
nor a design methodology that would lead from high level design specifications to
a certain modulator topology, order, quantization levels, etc. There are a number
of publications that address these issues [69,74,76]. Optimal NTF and STF design
are not going to be discussed.

The aim of this particular work is to provide an s-domain representation of
fenomena originated in the z-domain that affect the stability of the CT∆Σ modu-
lator. This s-domain model helps estimating the sensitivity of a modulator with a
given loop filter to timing errors in terms of stability in an analytical form. Pre-
viously published work [75] already proposes a continuous time representation of
a single loop ∆Σ modulator. This work, however, only analyzes the effect of the
phase shift produced in the quantizer in the stability of the ∆Σ modulator.

In the proposed model the effect of excess loop delay (ELD), clock jitter, and
any other phase shift or timing non-idealities present in the system such as non-
ideal clock duty cycle are analyzed together. These effects have different origins
and are to be dealt with using different techniques at circuit level. Nevertheless, all
of them make that the edges of the feedback signal are not located in the ideal time
instants. In the mathematical description that will be presented in the following
lines it will be shown why their influence will be analyzed together when looking
at the stability behaviour.

Figure 8.1 shows the block diagram of a continuous time ∆Σ modulator. This
picture illustrates the boundaries between the discrete and continuous time parts
of the system, which in the case of CT∆Σ modulators is located in the feed-forward

99
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Figure 8.1: Block diagram of a CT∆Σ showing the DT and CT Fourier transforms
of the signals.

path of the modulator loop. This representation of the modulator has been chosen
because it is independent of the loop filter structure [73].

The following sections will start by introducing the non-ideal effects related with
the position of the DAC feedback pulse edges. The chapter continues providing a
model in the s-domain of these effects that allows to analyze the stability charac-
teristics of different modulator topologies as a function of these non-idealities.

8.1 Excess Loop Delay

The Excess Loop Delay (ELD) refers to the delay between the quantizer clock and
the DAC pulse. This delay occurs because the transistors in these blocks do not
switch instantaneously in real systems. Figure 8.2 shows this effect. Ideally, the
DAC would react instantly and produce a pulse simultaneously to the edge of the
quantizer clock. However, the actual DAC pulse is shifted with respect to the ideal
DAC pulse by the excess loop delay τd. The excess loop delay can be expressed as
a fraction of the sampling period:

τd = γTs (8.1)

The s-domain representation of the ELD is:

ELD = e−τds = e−γTss (8.2)



8.2. CLOCK JITTER 101

Figure 8.2: Excess Loop Delay

The increase of the excess loop delay degrades the modulator performance since
it causes an increase in the in-band noise and a decrease in the dynamic range and
maximum stable input amplitude.

When using the z-domain model of the modulator model, ELD makes that
more than one sample will be affected by the delayed DAC pulse. This affects
the equivalence between H(s) and H(z). A deeper explanation and the method of
calculation of the modified z-transform can be found at [74,76,81].

8.2 Clock Jitter

Sampling time uncertainty, also known as aperture jitter or simply clock jitter, is
a limiting factor of the performance of ∆Σ modulators. CT∆Σ are particularly
sensitive to clock jitter [69,76].

Timing uncertainties appear mainly at two points of the CT∆Σ modulator loop:
the quantizer, where there might be sampling errors, and the output of the DAC,
where the edges of the feedback pulses might be affected by aperture jitter.

The former are not as detrimental to the system’s performance as the later [76–
78]. The errors introduced in the system by the sampling time uncertainty at the
quantizer are subject to the same noise shaping as the quantization noise. Besides,
in many practical systems, an intentional excess loop delay is introduced in the
feedback path which reduces significantly the impact of this jitter in the overall
performance of the circuit. Timing uncertainties at the output of the DAC do not
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Figure 8.3: Timing uncertainty at the output of the DAC

benefit from noise shaping since they are fed back straight into the input of the
loop filter. Timing uncertainties appearing at this point of the modulator make
the edges of the DAC feedback pulses happen at time instants different from the
ideal ones. Due to its stochastic nature, jitter has little or no effect on the system
stability as long as its mean is zero and its standard deviation relatively small.

8.3 Continuous Time Modeling of Timing Non-Idealities
and their Impact on the Modulator Stability

A ∆Σ modulator can be seen as a mixed-signal control system. It is well known
that one of the most important effects of implementing a control system digitally
is the delay associated with the hold [82–84]. When such a delay is present in a
feedback system its stability and damping characteristics are degraded.

Figure 8.3 illustrates this effect where the difference between the ideal and the
real time at which an edge of the feedback pulse occurs is expressed as a fraction
of the sampling period.

In this representation, αTs is the difference between the ideal and the real rising
edge of the feedback pulse and βTs is the difference between the ideal and the real
falling edge of the feedback pulse. Hence, the rising edge of the pulse occurs at
t = a = αTs and the falling edge at t = b = Ts + βTs = (1 + β)Ts

Normalizing the amplitude of the pulse, its time domain representation can be
written as:

p(t) =

{

0, t < a, t > b
1, a ≤ t ≤ b

(8.3)

The Laplace transform of this function can be written as:
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Figure 8.4: Linear model of a continuous time ∆Σ modulator.

P (s) =
e−as − e−bs

s
(8.4)

8.4 Linearized Model of the Modulator

In this analysis, the linear model of the continuous time ∆Σ modulator introduced
in Figure 8.1 is shown in Figure 8.4. The equations that describe the system are:

Xn(s) = L0(s)X(s) + L1(s)HDAC(s)Y (s)

Y (s) = HQ(s)Xn(s)







(8.5)

where X(s) is the input signal, Y (s) is the output signal, Xn(s) is the signal
at the output of the loop filter, HDAC and HQ(s) are the transfer functions of
the DAC and quantizer, respectively, and L0 and L1 are the loop filter transfer
functions related to the STF and NTF as:

NTF (s) =
1

1 − L1(s)
(8.6)

and

STF (s) =
L0(s)

1 − L1(s)
(8.7)

When linearizing the quantizer, the quantization noise can be modeled as an
additive noise source E(s) or as a multiplicative factor λ. Each of these two models
is useful when looking at different aspects of the system. When looking at the
transfer functions of both signal and noise, the additive noise model is more useful
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since it leads to expressions for the STF and NTF. However, when looking at the
∆Σ modulator as a control system whose stability might be at stake, modeling the
quantization noise using λ can be extremely useful. Using this model, stability can
be assessed using a root locus analysis. When this approach is chosen root locus
analysis can be carried out having λ as the gain that is swept when finding how
the positions of the poles move. This model is valid only 1 bit quantizers, but a
reasonably good starting point for the analysis.

Besides introducing quantization noise in the system, the quantizer produces a
phase shift between the input and the output signal. This sampling related effect
is indicated in Figure 8.4 by Hs(s). For the purposes of this work, which focuses on
the system stability as was mentioned before, the actual output signal is irrelevant.
Hence, the phase shift produced in the quantizer can be artificially moved into
the DAC transfer function HDAC without altering the closed loop behaviour that
determines the stability characteristics of the system and simplifying both the model
and the math used to analyze it.

Hence, when looking at the system stability we can consider that:

Y (s) = λXn(s) (8.8)

which together with Equation 8.5 leads to:

Y (s)

X(s)
=

λL0(s)

1 − λL1(s)HDAC(s)
(8.9)

8.5 Continuous Time Modeling of Timing Non-Idealities

Equation 8.4 characterizes the effect of the hold operation together with the un-
certainty in the sampling time. This equation considers the generic non-ideal case
where the delay of the rising edge and the delay of the falling edge of the feedback
pulse provided by the DAC are not equal.

This equation can be used to make an assessment of the effect of the hold
operation on the stability of the ∆Σ modulator when the held value that is fed
back in the loop is affected by time uncertainties.

In order to analyze how different delays in the feedback DAC pulses would affect
the system poles and, therefore, the system stability, Equation 8.4 is linearized using
a (1,1) Padé approximant as:

P (s) ≈
T (1 + β − α)[6(1 + α + β) − sT (α2 + 4α(1 + β) + (1 + β)2]

2[3(1 + α + β) + sT (α2 + α(1 + β) + (1 + β)2]
(8.10)

Padé approximants are a commonly used mathematical tool to approximate the
effect of time delays [85] and in CT-DT boundaries [86–88]. The Padé approximant
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Figure 8.5: Linear model of a continuous time ∆Σ modulator.

of order (n,m) of a function f(x) is a rational function p(x)
q(x) where p(x) is a poly-

nomial of order n and q(x) is a polynomial of order m. Padé approximations often
provide better results than Taylor expansions.

A Padé approximant of order (1,1) would model the zero order hold transfer
function related to the DAC feedback pulse as a system that introduces an extra
pole and an extra zero in the ∆Σ modulator transfer function.

8.6 Modulator Stability Analysis Including Timing
Uncertainty Effects

The Padé approximation of the time delays can be used when evaluating the poles
of the modulator. Thus, the loop stability can be evaluated not only considering
different values of the quantizer gain λ, but also taking into account the effect of
the timing uncertainty present in the DAC feedback pulse by using different values
of α and β. Thus, for a given loop filter, the family of pole locations corresponding
to different values of α, β, and λ can be generated with a negligible computational
cost and their stability margin analyzed.

The stability margin for different loop filters types and orders and for different
values of the feed-forward and feed-back coefficients can be estimated and analyzed
using a closed formula. Hence, the simulation time is decreased and the size of the
design space exploration increased.

8.7 Application Example

Let us explore the effects on stability of timing non-idealities on an example struc-
ture. Let us take as starting point a second order loop filter realized using a cascade
of integrators with distributed feedback (CIFB structure) as the one shown in Fig-
ure 8.5. Should we consider the ideal structure, the system would have two poles.
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Figure 8.6: Continuous time poles of the system for α ∈ (−0.1, 0.1), β ∈
(−0.1, 0.1), λ ∈ (0.5, 5.5) for a0 = 1, a1 = 1 8.6(a), a0 = 1, a1 = 2 8.6(b),
a0 = 2, a1 = 1 8.6(c), a0 = 2, a1 = 2 8.6(d).

However, since we are also considering the effect of possible time delays in the DAC
feedback pulse using a (1,1) Padé approximant the system would turn into a third
order one.

The denominator of the transfer function using the Padé approximation is:

den = 2Ts

(

α2 + α(1 + β) + (1 + β)2
)

s3+

+[6(1 + α + β) + a1T
2
s (−1 + α − β)

(

α2 + 4α(1 + β) + (1 + β)2
)

λ]s2+

+[a0T
2
s (−1 + α − β)

(

α2 + 4α(1 + β) + (1 + β)2
)

λ−

−6a1Ts(−1 + α − β)(1 + α + β)λ]s−

−6a0Ts(−1 + α − β)(1 + α + β)λ

(8.11)
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Figure 8.7: Discrete time poles of the system for α ∈ (−0.1, 0.1), β ∈ (−0.1, 0.1), λ ∈
(0.5, 5.5) for a0 = 1, a1 = 1 8.7(a), a0 = 1, a1 = 2 8.7(b), a0 = 2, a1 = 1 8.7(c),
a0 = 2, a1 = 2 8.7(d).

Using symbolic analysis it is possible to obtain an analytical expression for the
position of the poles as a function of Ts, a0, a1, α, β, and λ. A tool like Mathematica
provides the pole expressions in a negligible amount of time. These expressions
contain an extremely high number of terms difficulting their intuitive interpretation.
When trying to get insight on the system behaviour it is more visual to sweep the
values of the above mentioned parameters and look at the system behaviour.

Figure 8.6 shows the poles of the continuous time model of the system for
α ∈ (−0.1, 0.1), β ∈ (−0.1, 0.1), λ ∈ (0.5, 5.5) for four feedback coefficients. Fig-
ure 8.7 shows the equivalent discrete time pole locations when using a bilinear
transformation.

Identifying the most stable solution is quite obvious by inspection of the pole
positions. Out of the 1331 combinations of delay of the DAC feedback pulse edges
and quantizer gain values explored in this run, a0 = 1, a1 = 1 is the most stable
configuration with 862 stable cases. The a0 = 2, a1 = 1 is clearly the most sensitive
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to stability issues out of the four configurations studied for this example. Its poles
move very quickly into the right-hand side of the s-plane.

The number of stable solutions out of the total number of combinations explored
for these four feedback coefficient settings are:

a0 a1 Stable/Total
1 1 862/1331
1 2 563/1331
2 1 71/1331
2 2 403/1331

In this example the proposed methodology explores and compares the stability
of a modulator structure for different feedback coefficients. The comparison can be
easily extended to other modulator topologies, orders, or loop filter types.

It must be noted that so far this methodology addresses the stability of the
∆Σ modulator without taking into account the SNR obtained for the different
topologies yet. Stability is not the only constraint to bear in mind when designing
a ∆Σ modulator. For instance, having a very stable modulator with an extremely
poor SNR will not be useful in most applications. A reasonable trade-off between
stability and performance.

The results of this analysis performed using an s-domain model are in the process
of being validated using time domain simulations.



Chapter 9

Conclusions

New design methodologies and tools are crucial in order to surmount the design
challenges new technologies and increasingly complex systems pose. The integration
trends imposed by the market push towards the Software Radio (SR) paradigm. 4G
radio receivers where different wireless standards converge make RF engineers face
harder and harder challenges. EDA tools come to the rescue facilitating the design
of multi-band, multi-mode receivers at different levels. EDA tools will definitely
play an increasing role in design and verification of wireless systems.

Advances in technology allow for ever increasing integration levels leading to
System-on-Chip (SoC) solutions. This, combined with low power circuit techniques,
leads to very compact systems with low power consumption. However, this bargain
does not come for free. Increased complexity levels and reliability issues are some
of the “side-effects” the race for a true single chip radio brings along. Design for
manufacturability is a must in present systems. Using EDA tools at different ab-
straction levels allows to apply the “divide and conquer” strategy to the problem of
designing receivers suitable for 4G wireless.

The overview of the design considerations given in Chapters 1 and 2 shows that
designing a multi-standard wireless communications receiver is not an easy task.
The drawbacks of the traditional approach, illustrated in Chapter 2, justifies the
need for an automated methodology that addresses the problem.

A design and optimization methodology that can be used for system level spec-
ification of wireless communication receivers for both the multi-standard and the
single-standard case has been proposed in this thesis. This methodology has been
implemented in a tool called TACT, a multi-standard RF Transceiver Architecture
Comparison Tool.

TACT is an attempt to map the know-how of an experienced RF system designer
into a CAD tool that facilitates the design-space exploration at the system level.
The use of this tool/methodology helps RF engineers in the design-space exploration
of frequency plans and receiver budgets for different receiver architectures.

The focus of the proposed methodology is to meet or exceed specs without
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overdesigning the receiver blocks while fostering hardware shareability. This tool
can be employed for educational, research and industrial purposes.

TACT is a modular tool. Each sub-tool can be used independently or as part
of the TACT simulation flow as shown in Chapter 3. The two operations that lay
the foundation of the design methodology are the frequency plan evaluation and
the budget design and optimization.

The frequency planning algorithm used in TACT evaluates the possible on-
chip frequency plans providing designers a valuable insight on the implications of
choosing a particular intermediate frequency. The performance of each frequency
conversion setting is measured in terms of its degree of freedom from interfering
signals. One of the contributions of this thesis is the automation of the evaluation
of the effect of the out-of-band blockers in the performance. This allows to choose
a frequency plan which is less stringent with the filter specs while keeping the
immunity to interferers as high as possible.

The results of this frequency planning algorithm, which is described in Chapter 4
are combined with the budget tool in order to provide full radio receiver specs for
the different wireless communications standards specifications.

The budget design algorithm is based on a multi-agent behavioral-based opti-
mization algorithm. Agents interact with their environment and among each other
as they are pursuing their objectives in parallel. By default, agents adopt a cooper-
ative behaviour and perform an impact oriented parameter redistribution that does
not affect other agents. Agents can, however, adopt more aggressive behaviours
leading to global changes under certain circumstances as described in Chapter 5.
The implemented algorithm, where deterministic optimization techniques are com-
bined with a multi-agent behavioral-based approach allows for a fast convergence
of the algorithm while serving the purpose of not setting too tough requirements in
blocks where it is not needed.

TACT is also a hierarchical tool. Using high level models at the beginning of the
design process narrows down the search space with a very small time penalty. The
next step is to focus on this handful of solutions and explore them more thoroughly
using more elaborated models. The interface with ADS can help increasing the
access to lower level models of the blocks. This may help reducing the number of
design iterations and silicon spins and, consequently, the time-to-market.

The usefulness of the proposed methodology is illustrated showing different de-
sign aspects through case studies targeting WCDMA/WLAN and WiMAX/LTE in
Chapter 6.

Innovative design methodologies are needed at all levels, not only the architec-
tural one. The last part of the thesis is devoted to design methodologies for one of
the key receiver blocks: the A/D converter. This work focuses on continuous time
∆Σ ADCs, more specifically in the ∆Σ modulator. ∆Σ ADCs are becoming very
popular in broadband applications as Chapter 7 discussed. One of their main draw-
backs is their sensitivity to non-ideal timing effects such as ELD that can jeopardize
not only their performance but also their stability. Chapter 8 proposes a method to
evaluate the performance in terms of stability of different modulator structures and
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loop filter characteristics using a continuous time model. The mathematical devel-
opment of this model has produced very promising results. Simulations in the time
domain are being setup in order to verify the s-domain results. New approaches
that address the system time variant dynamics are the next target of this research
work.





Appendix A

WCDMA

The 3rd Generation Partnership Project: "3GPP will provide globally applicable
Technical Specifications for a 3rd Generation Mobile System based on the evolved
GSM core network, and the Universal Terrestrial Radio Access (UTRA), to be
transposed by relevant standardization bodies (Organizational Partners) into ap-
propriate deliverables (e.g., standards)" [89].

The 3GPP TS 25 series describes the radio specifications for UMTS, the Uni-
versal Mobile Telecommunications System [90]. UMTS is commonly referred to as
WCDMA, Wideband Code Division Multiple Access, which is both the name of
the standard and the multiple access technique that it uses.

A.1 Bearer Capability

Data Rate The minimum bearer capabilities for UMTS are:

Rural outdoor: at least 144 kbps (384 kbps desired) with a maximum speed
of 500 km/h.

Suburban outdoor: at least 384 kbps (512 kbps desired) with a maximum
speed of 512 km/h.

Indoor/Low range outdoor: at least 2 Mbps with a maximum speed of 10
km/h.

Control-plane capacity The system should support at least active 200 users per
cell for spectrum allocations up to 5 MHz and at least 400 users for higher
spectrum allocations.

Handover UMTS provides seamless handover between cells of one operator. Effi-
cient handover between different operators or access networks is expected, as
well as between UMTS and 2G systems such as GSM.
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A.2 The Physical Layer

The general characteristics of UMTS physical layer are [91]:

Duplexing

UMTS Layer 1 supports both FDD (Frequency Division Duplex) and TDD (Time
Division Duplex) for operating with paired and unpaired bands respectively.

Multiple Access and Channel Bandwidth

UMTS Layer 1 uses Direct-Sequence Code Division Multiple Access (DS-CDMA).
The information is spread over:

5 MHz (FDD and 3.84 Mcps TDD), also denoted as Wideband CDMA (WCDMA).
10 MHz (7.68 Mcps TDD).
1.6 MHz (1.28 Mcps TDD), also known as Narrowband CDMA.

Modulation

The possible modulation types are QPSK, 8PSK, 16-QAM, and 64-QAM. The
subset of modulation types among them that is supported by each option is detailed
in [92,92].



Appendix B

WLAN

Wireless Local Area Networks (WLAN) operate in the range of tens of meters [93].
The main application of WLANs is providing internet access in office or home en-
vironments and in hotspots located in larger environments such as airports, hotels,
etc.

Mainly two different standards addressed WLANs, the european HiperLAN and
the 802.11 family of IEEE standards. However, HiperLAN never really took off
commercially, which means that the WLAN de facto standard is IEEE Std 802.11.

B.1 Ad hoc vs. Infrastructure Networks

IEEE Std 802.11 describes the WLAN Medium Access Control (MAC) and Physical
Layer (PHY) specifications [93]. This standard sets the specifications an IEEE
802.11 compliant device needs to fulfill in order to operate within both ad hoc and
infrastructure networks. Ad hoc networks are established between two stations
without a centralized control. In infrastructure networks terminals are associated
to an access point that normally provides further access to the fixed internet via a
wired connexion.

B.2 Mobility

IEEE Std 802.11 compliant equipment is required to appear to higher layers as a
wired 802 LAN. Hence, its MAC layer is forced to incorporate functionality that
traditionally has been provided by other layers, such as handling portability and
mobility1, in order to “ensure” a QoS whose handling and requirements are WLAN
aware.

1Portable, mobile, and stationary equipment are not distinguished in this standard. It is
assumed that propagation effects make all those cases appear to be mobile and, therefore, undis-
tinguishable.
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Table B.1: Summary of the WLAN characteristics.

PHY RF Band Channel Spacing Data Rate Modulation
FHSS 2.4 GHz 1 MHz 1 Mbps 2GFSK

2 Mbps 4GFSK
DSSS 2.4 GHz 5, 30 MHz 1 Mbps DBPSK

2 Mbps DQPSK
OFDM 5 GHz 20, 10, 5 MHz 6, 9, 12, 18, 24, BPSK, QPSK,

36, 48, 54 Mbps 16-QAM, 64-QAM
HP/DSSS 2.4 GHz 25/20, 10, 5 MHz 5.5, 11 Mbps CCK

Even though the standard discusses mobility (both within the basic service area
of communicating stations of a basic service set or moving between different basic
service sets), no actual hand-over is supported by 802.11, which means that the
connection is most probably lost when associating to a new access point (a station
can only be associated to a single access point). Mobility is always ensured if there
is no transition between access points, however.

B.3 The Physical Layer

The data rates vary between 1 and 54 Mbps depending on the conditions and
communication techniques used.

Different profiles of the standard support different characteristics such as multi-
ple access techniques, frequency bands, or data rates. Table B.1 summarizes some
of them.



Appendix C

Long Term Evolution (LTE) of the
3GPP Radio Technology

This appendix summarizes the E-UTRAN characteristics that have an impact on
the radio design of the User Equipment (UE).

The 3rd Generation Partnership Project (3GPP [89]) Long Term Evolution
(LTE) gathers contributions on the evolution of the Universal Terrestrial Radio
Access (UTRA). Their goal is "to develop a framework for the evolution of the
3GPP radio-access technology towards a high data rate, low latency and packet op-
timized radio access technology" [94]. In brief, the objectives LTE wants to achieve
are [95,96]:

• Scalable bandwidth 1.25, 1.6, 2.5, 5, 10, 15, and 20 MHz.

• Support for inter-working with existing 2G and 3G systems and non-3GPP
specified systems.

• Reasonable system and terminal complexity, cost, and power consumption.

• Backwards compatibility is highly desirable, but the trade off versus perfor-
mance and/or capability enhancements should be carefully considered.

• The system should be optimized for low mobile speed but also support high
mobile speed

• Possibility for simplified co-existence between operator in adjacent bands as
well as cross-border co-existence.

The following sections describe in more detail some of the 3GPP LTE require-
ments.
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C.1 Capability Related Requirements

Peak Data Rate 100 Mbps instantaneous downlink peak data rate and 50 Mbps
uplink peak data rate within a 20 MHz downlink spectrum allocation. The
peak data rates may be affected by the number of transmit and receive anten-
nas at the User Equipment (UE). These capabilities are specified for 2 receive
antennas at the UE (downlink capability) and 1 transmit antenna at the UE
(uplink capability). The supported peak data rate should scale linearly ac-
cording to the size of the allocated spectrum. These instantaneous peak data
rates do not need to be supported simultaneously when the spectrum is shared
between the downlink and the uplink transmission.

Control-plane capacity The system should support at least active 200 users per
cell for spectrum allocations up to 5 MHz and at least 400 users for higher
spectrum allocations.

C.2 System Performance Requirements

Mobility E-UTRAN should support mobility across the cellular network with han-
dovers maintaining or improving the quality provided by CS domain han-
dovers in GERAN.
Speed Mobility
0-15 Km/h Optimized
15-120 Km/h High performance
120-350 Km/h Maintained
350-500 Km/h Maintained1

Coverage All system performance requirements should be met for cells up to 5
km. A slight performance degradation is acceptable for cells larger than 5km
and up to 30 km, but the mobility performance requirements should be met.
Cells up to 100 km should not be precluded by the specifications.

C.3 Deployment Scenarios

At high level, the enormous amount of possible deployment scenarios can be reduced
to two:

Standalone deployment scenario The operator is deploying E-UTRAN either
with no previous network deployed in the same geographical area ore with an
already deployed UTRAN/GERAN network with which interworking is not
required.

Integrating deployment scenario The operator is deploying E-UTRAN in a
geographical area with an already deployed UTRAN/GERAN network (with
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total or partial coverage and possibly different levels of maturity) with which
interworking is required.

C.4 Deployment Related Requirements

Spectrum flexibility Possible spectrum allocations in E-UTRA: 1.25 MHz, 1.6
MHz2, 2.5 MHz, 5 MHz, 10 MHz, 15 MHz, and 20 MHz. In order to optimize
the use of the available spectrum, broadcast transmission should be supported
in both "downlink-only" and "downlink and uplink" mode. The operator
should also be able to modify the radio resource allocation for broadcast
transmission depending on the situation.

Spectrum deployment E-UTRA should support the following scenarios:

• Co-existence with GERAN/3G systems in the same geographical area
and/or on adjacent channels.

• Co-existence with other operators in the same geographical area and/or
on adjacent channels.

• Co-existence on overlapping and/or adjacent spectrum at country bor-
ders.

• Standalone operation.

Co-existence and interworking with 3GPP RAT While keeping the termi-
nal complexity and the network performance within reasonable limits, E-
UTRAN is required to support:

• Inter-RAT measurements

• Measurement of, and handover from and to, 3GPP UTRAN and 3GPP
GERAN systems in terminals supporting also these systems.

• The interruption time during a handover between E-UTRAN and UTRAN
or GERAN systems should be less than 300 ms for real-time services and
less than 500 ms for non real-time services.

C.5 Requirements for E-UTRAN Architecture and
Migration

• The E-UTRAN architecture shall be packet based while supporting real-time
and conversational class traffic.

• E-UTRAN shall support an end-to-end QoS. QoS mechanisms should take
into account the different existing types of traffic to provide efficient band-
width utilization (control plane traffic, user plane traffic, etc.).

2Intended primarily to provide compatibility on the bands with 1.28 Mcps TDD
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Table C.1: Summary of the LTE Physical Layer characteristics.

Parameter Downlink Uplink

Multiple Access Scheme OFDM SC-FDMA
Duplexing FDD/TDD FDD/TDD
MIMO 2-4 Tx antennas

2-4 Rx antennas
Modulation Schemes QPSK, 16QAM, 64QAM QPSK, 16QAM, 64QAM

C.6 Radio Resource Management Requirements

E-UTRAN shall support load sharing and policy management across different Radio
Access Technologies. Selection mechanisms should be provided to ensure the UE is
(re-)directed towards the appropriate RAT while minimizing data transfer latency
and end to end QoS in inter-RAT handover scenarios.

C.7 Complexity and Cost-Related Requirements

In order to decrease the cost and complexity of both the UE and the E-UTRAN,
the number of options, mandatory features and test cases should be minimized.
Size, weight, and battery life in the UE should be maximized. The E-UTRAN
architecture should reduce the cost of future network deployment and enable the
usage of existing site locations. All the interfaces specified shall be open for multi-
vendor equipment interoperability. Easy and efficient use of OAM&P. E-UTRA
shall support all its services in the PS domain, with VoIP with comparable quality
as voice traffic over the UMTS CS network.

C.8 LTE. The Physical Layer

This section describes the general characteristics of the LTE Physical Layer (layer
1) relevant to the radio design [97]. These characteristics are summarized in C.1

Multiple Access

The LTE Layer 1 can be adapted to all the spectrum allocations since it is defined
in a bandwidth independent way. Both Frequency Division Duplex (FDD) and
Time Division Duplex (TDD) are supported. Thus, paired and unpaired spectrum
transmissions can be handled.

The downlink multiple access scheme is based on Orthogonal Frequency Division
Multiplexing (OFDM) with a Cyclic Prefix (CP).

The uplink multiple access scheme is based on Single-Carrier Frequency Division
Multiple Access (SC-FDMA).
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The generic radio frame has a duration of 10 ms divided in 20 slots with a slot
duration of 0.5 ms3. A resource block spans:

• Either 12 sub-carriers with a sub-carrier bandwidth of 15 kHz.

• Or 24 sub-carriers with a sub-carrier bandwidth of 7.5 kHz.

Multi-layer transmissions using Multiple Input Multiple Output (MIMO) an-
tennas are supported with 2 or 4 transmit and receive antennas in the downlink.

Supported Modulation Schemes

The supported modulation schemes are QPSK, 16QAM, and 64QAM for both the
uplink and the downlink.

Physical Layer Measurements

Layer 1 carries out radio characteristics measurements and reports them to higher
layers in the network. These measurements include:

• Measurements for intra-frequency handover. The Reference Signal (RS) Re-
ceived Power and Received Signal Strength Indicator (RSSI) are measured to
this end.

• Measurements for inter-frequency handover.

• Measurements for inter-RAT handover.

• Timing measurements.

• Measurements for Radio Resource Management (RRM).

3An alternative radio frame structure with a half-frame duration of 5 ms and slots of 0.675
ms is available for TDD in order to optimize co-existence with a legacy 1.28 Mcps UTRA TDD
system.
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WiMAX

WiMAX stands for Worldwide Interoperability for Microwave Access. Actually,
formally speaking, WiMAX is not a standard. It is a “harmonization” effort of the
WiMAX forum.

The definition and goal of the WiMAX Forum as stated in [98] are: "The
WiMAX Forum is an industry-led, non-profit corporation formed to help promote
and certify the interoperability of broadband wireless products compliant with the
IEEE 802.16 and ETSI HiperMAN standards". "The Forum’s goal is to accelerate
global deployments of and grow the market for standards-based, interoperable,
broadband wireless access (BWA) solutions".

The WiMAX Forum grants official WiMAX certification to equipment that
demonstrates both performance and interoperability [99]:

Conformance The wireless equipment must comply with the IEEE 802.16 and
the ETSI HiperMAN standards and support the profiles set by the WiMAX
Forum.

Interoperability The wireless equipment mus be interoperable with standardized
equipment from other vendors.

Cost reduction is one of the main factors driving the WiMAX Forum efforts.
Since radios are one of major cost components of communication systems, the
WiMAX Forum is advocating for a global harmonization of the spectrum allocation.
Thus, fewer radios will be needed to cover the market requirements worldwide
keeping the cost down thanks to economies of scale and the increased competition
between a larger number of players.

The main applications of WiMAX lie within last mile broadband connections,
broadband hotspots, cellular backhaul for Wi-Fi hotspots, and high speed enterprise
connectivity.

The deployment cost is a vital factor affecting the cost, deployment, and pene-
tration speed. One of the focuses of the WiMAX Forum when it comes to spectrum
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Table D.1: Summary of the WiMAX air interface.

Designation Applicability PHY Duplexing
alternative

WirelessMAN-SC 10-66 GHz 8.1 TDD
FDD

WirelessMAN-SCa Below 11 GHz 8.2 TDD
licensed bands FDD

WirelessMAN-OFDM Below 11 GHz 8.3 TDD
licensed bands FDD

WirelessMAN-OFDMA Below 11 GHz 8.4 TDD
licensed bands FDD

WirelessHUMAN Below 11 GHz [8.2, 8.3, or 8.4] TDD
license-exempt bands and 8.5
bands

allocation, is providing access to low frequency bands. The lower the frequency
band, the fewer the required base stations to give coverage to a certain area1. The
number of base stations is critical in order to keep the costs during the deployment
phase down. Hence the interest of the WiMAX Forum in obtaining bands in the sub
1 GHz range allocated for the use of WiMAX services by the regulatory bodies [98].

“Fixed WiMAX” is based on the IEEE Std. 802.16-2004 [100] with the amend-
ments introduced in IEEE 802.16e-2005 [101,102]. This option is intended for fixed
or nomadic high bandwidth wireless links where handoffs are not supported [103].

“Mobile WiMAX” is based on the IEEE 802.16e-2005 [101] amendment to the
IEEE Std. 802.16-2004 [100]. It supports mobility in a time varying radio channel
in the 2-6 GHz range. It supports soft handoffs where full mobility is required and
hard handoffs when portability or simple mobility are required [103].

D.1 WiMAX. The Physical Layer

Table D.1 summarizes the characteristics of the different possible WiMAX air in-
terfaces. The following sections give an overview of the IEEE Std 802.16-2004
characteristics [100] that are most relevant for the design of the RF front-end and
the analog back-end of the Subscriber Station (SS) focusing on the mobile wireless
broadband access as specified in IEEE Std 802.16e-2005 [101]. IEEE Std 802.16e-
2005 enhances the capabilities of IEEE Std 802.16-2004 so that communications
with SS moving at vehicular speeds are supported in licensed bands suitable for
mobility below 6 GHz.

The single carrier modulation air interface for 10-66 GHz is known as WirelessMAN-
SC. Line-of-sight (LOS) is required at these frequencies due to the short wavelength.

1Remember that radio waves propagate further the lower the frequency band
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Frequencies below 11 GHz do not require LOS. Near-LOS and non-LOS (NLOS)
are supported. Since multipath might be significant mechanism such as interference
mitigation, advanced power management techniques and multiple antennas shall be
provided.

D.2 Coexistence

WiMAX is to support the following scenarios [102]:

• Co-existence with other communication systems in the same geographical area
and/or on adjacent channels.

• Co-existence with other operators in the same geographical area and/or on
adjacent channels.

• Co-existence on overlapping and/or adjacent spectrum at country borders.

• Co-existence with systems operating different duplex methods.

• Standalone operation.

D.3 Mobile WiMAX

Bandwidth Mobile WiMAX supports bandwidths ranging between 1.5 and 28
MHz, namely 1.5, 3.5, 5, 7, 8.75, 10, 20, and 28 MHz.

Duplexing Both TDD and FDD are supported. FDD supports both full and
half-duplex SSs. The certification profiles support FDD and TDD for fixed
WiMAX and TDD for mobile WiMAX.

Multiple Access Technique Mobile WiMAX is specified as WirelessMAN-OFDMA:
Orthogonal Frequency Division Multiple access. This is an OFDM based
technique. Hence, it presents high performance levels in NLOS environments
thanks to its good behaviour in fading environments. Mobile WiMAX uses
scalable OFDMA (SOFDMA). In SOFDMA the subcarrier spacing is kept
constant in order to maintain reasonable complexity levels. Each user is as-
signed a subchannel inside the channel as a multiple access technique. A
subchannel is a subset of subcarriers that may or may not be adjacent. The
subcarriers belonging to a subchannel might be dynamically reassigned.

Modulation Schemes Based on the quality of the RF channel different modula-
tion techniques are selected. Higher order modulations provide more bits per
symbol. Hence, they allow to achieve higher throughputs or better spectral
efficiencies. On the other hand, they require better SNR to keep a certain
BER in comparison with low order modulations. Therefore, if a reliable data
transfer is to be ensured, high order modulations can only be used when the
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airlink allows and low order modulations when the airlink degrades. The
supported modulation schemes are QPSK, 16-QAM, and 64 QAM.

Power Control The power control algorithm should be implemented without any
data loss both at the initial calibration and at the periodic adjustment pro-
cedure. In changing from one burst profile to another, the BS could use one
of the two power adjustment rules described below:

Power Adjustment rule = 0. The constellation peak power is maintained,
that is, corner points are transmitted at equal power levels regardless of
the modulation type.

Power Adjustment rule = 1. The constellation mean power is maintained,
that is, the signal is transmitted at equal mean power levels regardless
of modulation type.

When changing from one burst profile to another, margins should be main-
tained to prevent saturation of the amplifier and violation of emission masks.

The downlink data bursts are transmitted in order of decreasing robustness.
For instance, data would begin with QPSK modulation, followed by 16-QAM, and
finally by 64-QAM.
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