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Abstract
To achieve the goal of efficient ”anytime, anywhere” communication, it is essential to develop mobile devices which can efficiently support multiple wireless communication standards. Also, in order to efficiently accommodate the further evolution of these standards,
it should be possible to modify/upgrade the operation of the mobile devices without having to recall previously deployed devices. This is achievable if as much functionality of
the mobile device as possible is provided through software. A mobile device which fits
this description is called a Software Defined Radio (SDR).
Reconfigurable hardware-based solutions are an attractive option for realizing SDRs
as they can potentially provide a favourable combination of the flexibility of a DSP or
a GPP and the efficiency of an ASIC. The work presented in this thesis discusses the
development of efficient reconfigurable hardware for one of the most energy-intensive
functionalities in the mobile device, namely, Forward Error Correction (FEC). FEC is
required in order to achieve reliable transfer of information at minimal transmit power
levels. FEC is achieved by encoding the information in a process called channel coding.
Previous studies have shown that the FEC unit accounts for around 40% of the total
energy consumption of the mobile unit. In addition, modern wireless standards also
place the additional requirement of flexibility on the FEC unit. Thus, the FEC unit of
the mobile device represents a considerable amount of computing ability that needs to
be accommodated into a very small power, area and energy budget.
Two channel coding techniques have found widespread use in most modern wireless
standards - namely convolutional coding and turbo coding. The Viterbi algorithm is
most widely used for decoding convolutionally encoded sequences. It is possible to use
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this algorithm iteratively in order to decode turbo codes. Hence, this thesis specifically
focusses on developing architectures for flexible Viterbi decoders. Chapter 2 provides a
description of the Viterbi and turbo decoding techniques.
The flexibility requirements placed on the Viterbi decoder by modern standards can
be divided into two types - code rate flexibility and constraint length flexibility. The
code rate dictates the number of received bits which are handled together as a symbol at
the receiver. Hence, code rate flexibility needs to be built into the basic computing units
which are used to implement the Viterbi algorithm. The constraint length dictates the
number of computations required per received symbol as well as the manner of transfer
of results between these computations. Hence, assuming that multiple processing units
are used to perform the required computations, supporting constraint length flexibility
necessitates changes in the interconnection network connecting the computing units.
A constraint length K Viterbi decoder needs 2K−1 computations to be performed per
received symbol. The results of the computations are exchanged among the computing
units in order to prepare for the next received symbol. The communication pattern
according to which these results are exchanged forms a graph called a de Bruijn graph,
with 2K−1 nodes. This implies that providing constraint length flexibility requires being
able to realize de Bruijn graphs of various sizes on the interconnection network connecting
the processing units.
This thesis focusses on providing constraint length flexibility in an efficient manner.
Quite clearly, the topology employed for interconnecting the processing units has a huge
effect on the efficiency with which multiple constraint lengths can be supported. This
thesis aims to explore the usefulness of interconnection topologies similar to the de Bruijn
graph, for building constraint length flexible Viterbi decoders. Five different topologies
have been considered in this thesis, which can be discussed under two different headings,
as done below:

v

De Bruijn network-based architectures
The interconnection network that is of chief interest in this thesis is the de Bruijn interconnection network itself, as it is identical to the communication pattern for a Viterbi
decoder of a given constraint length. The problem of realizing flexible constraint length
Viterbi decoders using a de Bruijn network has been approached in two different ways.
The first is an embedding-theoretic approach where the problem of supporting multiple
constraint lengths on a de Bruijn network is seen as a problem of embedding smaller
sized de Bruijn graphs on a larger de Bruijn graph. Mathematical manipulations are
presented to show that this embedding can generally be accomplished with a maximum
dilation of

log(N )
,
2

where N is the number of computing nodes in the physical network,

while simultaneously avoiding any congestion of the physical links. In this case, however,
the mapping of the decoder states onto the processing nodes is assumed fixed.
Another scheme is derived based on a variable assignment of decoder states onto
computing nodes, which turns out to be more efficient than the embedding-based approach. For this scheme, the maximum number of cycles per stage is found to be limited
to 2 irrespective of the maximum contraint length to be supported. In addition, it is
also found to be possible to execute multiple smaller decoders in parallel on the physical
network, for smaller constraint lengths. Consequently, post logic-synthesis, this architecture is found to be more area-efficient than the architecture based on the embedding
theoretic approach. It is also a more efficiently scalable architecture.

Alternative architectures
There are several interconnection topologies which are closely connected to the de Bruijn
graph, and hence could form attractive alternatives for realizing flexbile constraint length
Viterbi decoders. We consider two more topologies from this class - namely, the shuffleexchange network and the flattened butterfly network. The variable state assignment
scheme developed for the de Bruijn network is found to be directly applicable to the
shuffle-exchange network. The average number of clock cycles per stage is found to
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be limited to 4 in this case. This is again independent of the constraint length to be
supported. On the flattened butterfly (which is actually identical to the hypercube),
a state scheduling scheme similar to that of bitonic sorting is used. This architecture
is found to offer the ideal throughput of one decoded bit every clock cycle, for any
constraint length.
For comparison with a more general purpose topology, we consider a flexible constraint length Viterbi decoder architecture based on a 2D-mesh, which is a popular
choice for general purpose applications, as well as many signal processing applications.
The state scheduling scheme used here is also similar to that used for bitonic sorting on
a mesh.
All the alternative architectures are capable of executing multiple smaller decoders
in parallel on the larger interconnection network.

Inferences
Following logic synthesis and power estimation, it is found that the de Bruijn networkbased architecture with the variable state assignment scheme yields the lowest (area) −
(time) product, while the flattened butterfly network-based architecture yields the lowest (area) − (time)2 product. This means, that the de Bruijn network-based architecture
is the best choice for moderate throughput applications, while the flattened butterfly
network-based architecture is the best choice for high throughput applications. However, as the flattened butterfly network is less scalable in terms of size compared to
the de Bruijn network, it can be concluded that among the architectures considered
in this thesis, the de Bruijn network-based architecture with the variable state assignment scheme is overall an attractive choice for realizing flexible constraint length Viterbi
decoders.
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Chapter 1
Introduction
This chapter briefly describes the evolution of mobile communication technology through
the past 4 decades. Further, it places the work presented in this thesis in context,
through a description of the various functions involved in a typical modern wireless
communication system. Finally, a high-level description of the requirements placed on
the channel decoder by modern (3G and above) wireless standards is provided. Efficient,
flexible and area-optimal multiprocessor realization of channel decoding algorithms is
the focus of this thesis. The chapter concludes with an outline of the work presented in
this thesis followed by a description of the organization of the succeeding chapters of the
thesis.

1.1

Evolution of mobile communication technology

Mobile communication has transformed the way the world and society functions at large
in the last 40 years. Mobile communication technology has evolved through several
generations in these past years, providing more extensive and robust features with each
subsequent generation. After Motorola, in conjunction with Bell telephone company,
operated the first commercial mobile telephone service, called MTS in the US in 1946,
a number of other commercial services were started in various countries (Televerket in
Norway and B-Netz in West Germany among many others). These constitute the earliest
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generation (called 0G) of mobile communications. Analog signalling (where the voice
signal is directly transmitted, after upconversion to a higher frequency) was used in all
these communication systems. The services graduated from being manually operated at
first, to being able to set up calls automatically between mobiles. These systems only
provided the basic voice transmission.
Subsequently, mobile communication evolved to so-called 1G in the 1980s, where the
technology became more standardized and mature. Examples of 1G standards are the
Nordic Mobile Telephone (NMT) introduced in the Nordic countries, Advanced Mobile
Telephone System (AMTS) introduced in the United States and Australia and Total
Access Communication System (TACS) introduced in the United Kingdom. In these
standards, digital signalling was used for communication between radio towers (each of
which communicate with mobile phones in a particular area) and analog signalling was
used for communication between individual mobile phones and the radio tower. The
service provided still comprised only voice communication.
Analog signalling was removed from mobile communication in the subsequent generation of networks, the 2G generation, in the 1990s. Examples of 2G standards, which
are also in use today, are the Global System for Mobile Communications (GSM) which
was launched first in Finland in 1991 and the Interim Standard-95 (IS-95) or cdmaOne
standard, which was launched in the United States (where it is commonly called CDMA).
The main difference between GSM and IS-95 is in the method of multiplexing multiple
voice or signalling channels for transmission purposes. While Time Division Multiplexing (TDM) is used for multiplexing several speech or signalling channels in GSM, Code
Division Multiple Access (CDMA) is used for the same purpose in IS-95. There were
three primary advancements in this generation over the previous generation:
1. Phone conversations were digitally encrypted.
2. The available communication channel capacity was used much more efficiently than
in 1G, which allowed for greater pervasion of the technology.
3. Data services were introduced for the first time, starting with the Short Message
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Service (SMS).
Some enhancements were made subsequently in these standards in order to obtain
greater efficiency. Packet-switching was employed for network access in addition to the
traditional circuit-switching technique. In packet-switching, a message is broken into
several blocks (called “packets”) and successive packets are routed in different ways
from the source to the destination. This allows for greater routing flexibility compared
to the circuit-switching network access technique, wherein a particular route through
the network is bound to a given source-destination pair and all messages are transferred
from the source to the destination only along this route. The standards incorporating
the packet-switched network access technique are grouped into 2.5G or 2.75G standards.
Examples are the Generalized Packet Radio Service (GPRS) and Enhanced Data Rates
for GSM Evolution (EDGE) for GSM. The Multimedia Messaging Service (MMS) was
also introduced in these standards.
Subsequently, the most recent technology generation in commercial use, called 3G was
introduced. It was launched first by NTT DoCoMo in Japan in 2001, based on WidebandCode Division Multiple Access (W-CDMA) technology which is the 3G successor of the
2G GSM technology. In the US, the 2G IS-95 standard has evolved to the CDMA2000
3G standard, operated by Verizon Wireless since 2003. 3G provides a range of additional
services over 2G communication, including video calls, broadband wireless data transfer
and high speed data transmission of the order of tens of megabits per second, which is
delivered by standard extensions like High Speed Packet Access (HSPA), all in a mobile
environment. Technology has also evolved for short-range high-bandwidth networks
primarily for data communication, for instance the IEEE 802.11 set of standards, which
includes Wi-Fi and WLAN (around 50 Mbps). In December 2007, 190 3G networks
were operating in 40 countries, according to the Global Mobile Suppliers Association.
Efforts are on to develop a common world-wide standard for 3G communication, mainly
through the 3rd Generation Partnership Project (3GPP and 3GPP2).
The demand for mobile communication is great, as can be inferred from the fact that
by June 2007, the 200 millionth 3G subscriber had been connected. The next complete
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evolution in mobile communication, expected to arrive in 2012-2015, is referred to as 4G.
A 4G system is conceived to be a fully IP-based system, capable of providing voice, data
and streamed multimedia services on an ”anytime, anywhere” (in other words, plugand-play) basis, and at higher data rates than previous generations (in the hundreds of
megabits and even giga-bits range), in addition to customized quality-of-service (QoS).
An important objective to be achieved in 4G is efficient utilization of the available
spectrum, in order to be able to accommodate as many users as possible. To achieve
this, the trend in both 3G and 4G standards is to incorporate a considerable amount
of flexibility in the manner in which mobile devices and base-stations/central towers
communicate. Even better spectrum utilization can be obtained by building wireless
communication devices which can support multiple communication standards, wherein
each standard is itself considerably flexible and is geared to efficiently support a particular
type of transmission. Such devices are also expected to have the intelligence to decide
on the best standard for a certain type of communication. For example, if a mobile
device has access to a WCDMA network as well as a Wi-Fi network in a certain area,
the device should be capable of choosing the Wi-Fi network when it wants to transfer
non-voice data(as the Wi-Fi network is geared to more efficiently support high data
transfer rates), and the WCDMA network when voice communication is needed. It is
clear that providing the kind of flexibility outlined above is easiest if the mobile device
functionality is implemented entirely in software. A radio based on this concept is called
software radio, a term coined by Joseph Mitola in 1991. A software radio requires the
signal received from the antenna to be directly digitized, and all subsequent stages (which
operate on digital data) to be implemented in software. However, due to limitations of
contemporary analog/digital conversion technology, the ideal concept of software radio
has been scaled down to a more practical concept, called software defined radio. A
software defined radio is the sum of a software radio and a set of analog circuits, wherein
the analog circuits transform the signal received at the antenna into a form which can be
fed to an analog-to-digital convertor (ADC) and subsequent stages are developed using
digital technology. The flexibility is typically built partly into the digital hardware, and
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Figure 1.1: 4More wireless receiver functional diagram.
partly into the software running on the digital hardware.

1.2

Basic functions in a typical wireless communication system

The functions involved in a typical wireless communication system are shown in the
block diagram of figure 1.1. The specific standard shown is the very recent 4More air
interface defined by the IST project of the same name [26]. Both the transmission and
reception processes have been shown in figure 1.1.
All modern communication standards use digital communication. This means that
even voice data is converted to digital form (through an analog-to-digital converter
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(ADC), before transmission. Ultimately, the information to be transmitted is always
in digital form.
At the transmitter, five major modifications are made to this digital information:
1. The digital information bit stream is first encoded. Encoding broadly refers to the
careful addition of redundancy to the information bit stream in order to increase the
probability of reliable reception of the information sequence even in the presence
of noise. A process called puncturing controls the amount of redundancy added to
the information bit stream.
2. Secondly, the encoded bit stream is spread. This refers to the process of multiplication of the encoded bit stream with a specific bit pattern, in order to implement the
CDMA functionality. Multiple information streams are multiplied with mutually
orthogonal bit patterns, so that it is possible to transmit and receive all the streams
over the same communication channel without the streams interfering with each
other. The bit pattern used for multiplication (spreading sequence) has a much
higher bit rate than the encoded bit stream. This causes a single encoded bit to
“spread” over multiple spreading sequence bits, hence the name “spreading”.
3. Thirdly, the encoded and spread digital sequence is scrambled. Scrambling is the
process of making the communication secure, so that an unwanted listener is not
able to obtain the transferred information. It involves the multiplication of the
encoded digital sequence with a much higher rate pseudo-noise digital sequence.
4. Subsequently, the scrambled and encoded signal is converted to an equivalent signal
in the analog domain, by the process of modulation. In this process, one of the
parameters of the analog signal, which may be the amplitude or the phase or
a combination of the two, is made dependent on the polarity of the bit to be
transmitted.
5. Lastly, the modulated analog signal is transferred to a much higher frequency for
transmission through the process of upconversion. This is achieved through the use
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of an analog mixer and a local oscillator. This section also involves some amount of
filtering, in order to remove unwanted noise and to control the bandwidth occupied
by the transmitted signal.
At the receiver, the complements of the above functions are performed in reverse
order in order to reobtain the original digital information. This includes downconversion, demodulation, descrambling, despreading, depuncturing and decoding in that order.
Besides these, synchronization circuits are needed in the receiver in order to correctly
detect the transitions of the demodulated signal for further processing.
With reference to figure 1.1, upconversion/downconversion is performed in the RF
front-end block of figure 1.1. Among the other functions, (de)modulation and (de)scrambling
are combined in the modem section, while (de)spreading, (de)puncturing and (de)coding
are combined in the codec section.
As mentioned before, the work in this thesis relates to the channel decoder, which is
part of the codec section of the wireless communication receiver.

1.3

Flexibility requirements placed on channel decoders in modern wireless standards

In modern (3G and above) wireless standards, efforts are made to match the capabilities of the receiver to the conditions in the communication channel. For instance, if
the channel has a significantly low noise level, a relatively less robust error correction
scheme would serve the purpose. If the channel has a high noise level, a more robust error
correction scheme would be necessary. Hence, modern channel decoders are expected to
provide support for several channel decoding algorithms, with the ability to switch from
one algorithm to another dynamically during the course of a conversation. Furthermore,
for each supported channel decoding algorithm, various algorithm-level parameters are
also expected to be flexible, in order to finely match the instantaneous communication
channel conditions. Moreover, with the evolution of wireless standards, the expected data
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rate has also been steadily increasing. Due to the two-fold expectation of increased flexibility as well as increased throughput, the design of modern channel decoders presents
a major challenge, which warrants a thorough evaluation of various existing as well as
new design approaches in order to identify the best possible approach.

1.4

Thesis outline and contributions

The work in this thesis is directed towards specifically providing constraint length flexibility in Viterbi decoders. The motivation for this work is provided in chapter 2. There
are two major contributions of the work in this thesis:
1. Two approaches for building flexible constraint length Viterbi decoders on a de
Bruijn interconnection network of processing elements. The first approach views
the problem as a graph embedding problem, while the second approach takes a
more hardware-centric view.
2. Comparison of the silicon area-efficiency of the de Bruijn-based Viterbi decoder
architecture with three other proposed architectures based on the shuffle-exchange
network, the flattened butterfly network and the 2D-mesh network respectively.
The succeeding chapters in the thesis are arranged as follows. Chapter 2 the two most
commonly used channel decoding algorithms, namely convolutional coding and turbo
coding in detail, and interprets the requirements of modern communication standards
in their context. It also provides a survey of previous literature related to the design of
Viterbi/turbo decoders. Chapter 3 first provides a brief survey of some recent approaches
taken towards the design of modern/flexible channel decoders and motivates the approach
taken in this thesis. It then describes the two de Bruijn interconnection network-based
architectures in detail. Chapter 4 describes the other three architectures using the shuffleexchange, flattened butterfly and the 2D-mesh interconnection networks. It also provides
the synthesis results of all the architectures considered and draws inferences about the
area-efficiency of the architectures. Chapter 6 finally draws conclusions from the work
presented in the thesis and outlines some directions for future work.

Chapter 2
Channel decoding algorithms
In this chapter, a detailed description of the two most commonly used channel coding
techniques - namely, convolutional coding and turbo coding is presented. Further, a
survey of prior literature related to various issues in the implementation of these decoders
is also presented. Finally, the specifications of the channel decoder as defined in modern
standards is interpreted in the context of Viterbi/turbo decoders.

2.1

Overview of channel coding and decoding

Channel coding/forward error correction (FEC) is a technique used to minimize the
transmit power level needed in order to achieve an acceptably reliable transfer of information between two communicating mobile units. The basic idea is to add some
redundant bits to the actual information stream in order to be able to reconstruct the
information bits at the receiver, even if some of the bits are received erroneously (due
to the lower transmit power level). The process of adding the redundant bits to the
bit stream at the transmitter is called encoding and the process of obtaining the actual
information bits from the received bit stream at the receiver is called decoding.

9
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Convolutional encoding

The convolutional encoder consists of a shift register, and a set of XOR gates, where each
gate accepts some of the bits of the shift register as inputs (refer figure 2.1). The shift
register is initialized to 0 at the start of the encoding process. For each input information
bit, the outputs of these gates are given out as the encoded bits. Also, the contents of
the shift register are shifted once in the direction of the incoming input stream, and the
input information bit is shifted into the register. This process is repeated for all input
information bits.
o/p[0]

Data

m2 m1 m0

Output bits

o/p[1]
o/p[2]

Figure 2.1: Example convolutional encoder. The input is fed into the leftmost shift
register bit. At each information bit interval, the contents of the shift register are shifted
once to the right, and the outputs of the three XOR gates are serially given out as the
encoder outputs.
Two parameters related to this encoder are of importance. If k output bits are
produced for n input bits (k < n), then the encoder is said to have a code rate of nk . For
the above encoder, the code rate is 1/3. As a particular information bit passes through
the shift register, it influences the generation of multiple sets of encoded bits. Each
set is called a symbol. The number of bit positions in which a particular input bit can
influence the generation of the encoded bits is called the constraint length. For the above
encoder, the constraint length is 4 - consisting of the three shift register bit positions
and the input bit position itself. (However, in this particular encoder, the input bit is
not directly XORed to obtain any output bit).
Thus, the receiver receives a sequence of symbols at its antenna.
The specific shift register bits which are XORed to form a particular output bit are
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specified through a generator polynomial. This polynomial is formed as follows:
1. Assign a power of some variable (say x) to each bit position in the encoder shift
register. For instance, in the shift register of figure 2.1, let us assume that the
rightmost bit is assigned x0 = 1, the bit to its left is assigned x1 and so on.
2. The generator polynomial for a particular output bit is expressed as the sum of
all powers associated with those shift register bits which are XORed to produce
the output bit. For instance, in figure 2.1, the generator polynomial associated
with o/p[0] is x2 + x1 + 1. The generator polynomial can also be expressed as the
ordered set of numbers [1,1,1], where a 1 is written for each bit position which is
fed into the XOR gate for producing a particular output, and a 0 is written for
each bit position which is not used for producing the output. The numbers are
ordered according to the decreasing order of the power associated with the bits
of the encoder shift register (ie. the first number corresponds to x2 , the second
number corresponds to x1 and the third number corresponds to x0 ).
The encoder can be viewed as a Finite State Machine (FSM), where the contents of
the shift register define the state of the machine at any given time. At each time instant,
in accordance to the input information bit, certain output bits are produced and the
encoder goes to a new state due to the shifting of the register contents. As such, the
operation of the encoder can be captured by the state transition diagram shown in figure
2.2:
The state is defined by the three stored bits in the shift register (the leftmost bit
is taken as the MSB). As each information bit is streamed in, the present state in
these registers transitions to a new state, as depicted in the state transition diagram,
where the transitions occurring upon a ’0’ input bit are shown as normal arrows while
the transitions occurring upon a ’1’ input bit are shown as dotted arrows. With each
transition, certain output bits are generated. The arrows in the state diagram have been
annotated with the corresponding input bits and generated output bits (the output bits
have been arranged as (o/p[0],o/p[1],o/p[2])).
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Figure 2.2: State transition diagram for the encoder in figure 2.1

2.3

Convolutional decoding

Viterbi decoders are used to decode convolutionally encoded information sequences. The
basic algorithm [81] was proposed by Andrew Viterbi in 1967 for decoding convolutionally
encoded data symbols. In 1969, J. Omura [66] showed that the Viterbi algorithm was
a dynamic programming solution to the problem of finding the shortest path through
a weighted graph, where the graph in case of convolutional codes refers to the trellis
diagram (explained later). In 1973, Forney [37] showed that the Viterbi algorithm can be
used to find the most likely transmitted information bit sequence from a convolutionally
encoded symbol stream sent over a noisy channel.
For the purpose of explaining the algorithm, it is useful to refer to the trellis diagram,
shown in figure 2.3.
The trellis diagram is just the encoder state transition diagram repeated as many
times as the number of information bits. At the receiver, encoded symbols corresponding
to these information bits are received, from which the corresponding information bits
have to be derived. Now, at the transmitter end, the input bits cause a particular set of
state transitions to occur in the encoder, which corresponds to a unique path through
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Figure 2.3: Trellis diagram for the state transition diagram shown in figure 2.2
the trellis diagram (One such path is shown in bold in figure 2.3). At the receiver, if
this path can be identified among the many possible paths through the trellis (based on
the received encoded bits), then the corresponding information bits can be regenerated.
The Viterbi algorithm estimates the most likely path followed at the transmitter end,
thus enabling the reconstruction of the most likely transmitted information bit sequence.
This is different from the most likely transmitted bit estimation, which is performed
by algorithms like MAP and log MAP [71]. The way the Viterbi algorithm performs
this estimation is by computing for a given input symbol sequence, a metric for every
possible path through the trellis diagram, which characterizes the level of dissimilarity
between the received symbols and the symbols that would have been transmitted, had
the concerned path been followed at the transmitter end. This metric (called the path
metric or accumulated metric) is updated one input symbol at a time. At the end of the
input symbol sequence, the algorithm chooses the path with the least accumulated metric
as the most likely followed path, from where the most likely transmitted information bit
sequence can be obtained. The metric can be obtained in various ways. The most
elementary method is to calculate the Hamming distance between the output symbol
that would have been generated by a particular state transition and the symbol received
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for that time interval from the channel. The Hamming distance is the total number of bit
positions in which two binary numbers are different, in terms of polarity. This quantity is
accumulated for each possible path through the trellis across all time intervals/received
symbols.
Note that there is a potential problem of exponentially growing computational load
per stage in the method stated above. This can be brought out as follows. Consider
state 0 at stage 2 of the trellis in figure 2.3. There are two incoming transitions into this
state, and two outgoing transitions from this state. Thus, there are four possible paths
through this particular state. At the next stage (stage 3), two such sets of four possible
paths have to be considered for metric calculation at state 0 (one coming from state 0
of stage 2, and another coming from state 4 of stage 2).
To avoid this problem, one of the two incoming paths at each state of each stage is
eliminated, and only one is retained. This causes the number of paths to be considered
at each time interval to remain constant. This elimination is possible due to a simple
property of the accumulated metric: it is a monotonically rising quantity. Hence, of the
two incoming paths at a state within a stage, the one with a higher accumulated metric
will continue to remain the less likely path, irrespective of the received symbols considered
after that stage. Hence, this path can be safely eliminated from future consideration and
only the surviving paths through each state considered from the next stage onwards.
To perform this selection of the surviving path through a particular state of a particular stage, an Add-Compare-Select (ACS) operation is performed. In the Add stage,
the incremental metrics (also called the branch metrics) for the two incoming paths
corresponding to the most recent state transitions (in other words, corresponding to
the current received symbol) are added to the corresponding accumulated metrics at
the previous stage on the two incoming paths. The following example will better illustrate this operation. Suppose that at some state s, there are two incoming paths, one
with an accumulated metric of 5 and another with an accumulated metric of 6, taking
into consideration all input symbols until time (t − 1), where t is the current time instant. Assume that the decoder is a rate

1
2

decoder, and the received symbol at time t
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is 10. Also, assume that the latest transition on the first path (corresponding to time
interval t) passing through state s is associated with the output bits 11 and the latest transition on the second path passing through state s is associated with the output
bits 01. If the Hamming metric is used, then the branch metric for the first path will
be (1 ⊕ 1 + 0 ⊕ 1) = (0 + 1) = 1 and the branch metric for the second path will be
(1 ⊕ 0 + 0 ⊕ 1) = (1 + 1) = 2. The updated path metrics would be 5 + 1 = 6 for the first
path and 6 + 2 = 8.
In the Compare-Select stage, the smaller of the accumulated metrics is identified and
the corresponding path (the first path in the previous example) is selected as the survivor
path while the other path is eliminated. The smaller accumulated metric is stored in
memory for retrieval during the next stage of ACS computation. The decision made is
also stored for future use in identifying the most likely path.
Note that dual storage for the path metrics is generally needed as updated metrics
to be consumed at the next stage of computation may arrive before the present values
of the same metrics are consumed in the current stage. This is typically implemented
through the use of a ping-pong memory. A ping-pong memory consists of two memory
bank. The ACS units write the updated path metrics into one of the banks while reading
from the other in one stage computation. In the next stage computation, the roles of
the memory banks are interchanged.
At the end of the incoming symbol sequence, there are a set of survivor paths, one
passing through each state, out of which the most likely followed path has to be identified, in accordance with the algorithm. One way is to find the path with the least
accumulated metric among the paths passing through each of the states by comparing
all the accumulated metrics. This technique becomes difficult to realize when the number of states (paths) becomes large, as is the case in most modern standards where a
constraint length of 9 (which corresponds to an encoder with 256 states) is common.
Another way of achieving this is to stream in special tail bits into the encoder, following
the last information bit, which cause the encoder to end up in a predetermined state after the transmission. This last state, which is obviously on the most likely path, can be
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precommunicated to the receiver, so that the most likely path can be uniquely identified
at the receiver from among the survivor paths. For both these methods, however, it is
necessary to remember the entire path for each of the states in the encoder. In practice, the length of the transmitted sequence is large enough that it is not practical for
the receiver to remember the entire path. Fortunately, in Viterbi decoders, the survivor
paths display a merging property. Suppose that the algorithm has proceeded for some
(m + L) stages. It is found that all surviving paths at stage (m + L) pass through the
same state (say s) at stage m. This means that state s is definitely on the final survivor
path. Consequently, the survivor path can be traced backwards from state s and the
decoded bits given out as the output sequence (how to obtain the decoded bits from the
survivor path is explained in the next paragraph). Due to this merging property, it is
only necessary to retain survivor path history which is L stages long. In practice, this
L (called the truncation length) has been fixed through various simulations at roughly
5 times the constraint length (refer [56, 67] for more explanation on the causes for this
behaviour). This allows us to decode arbitrarily long information sequences, by only
remembering path lengths upto about 5 times the constraint length.
There are two basic methods by which these paths can be retraced and the decoded
bits obtained - the traceback method and the register exchange method. In the traceback
method, for each state in each stage, the decision made at that stage is stored. After
an appropriate number of stages (at least equal to the truncation length) have elapsed,
a separate process is started in order to retrace the survivor path based on the stored
decisions. This retracing is done in an iterative manner. Starting with a state on the
survivor path at the most recently computed stage (say St ), the state on the same path
at the previous stage (St−1 ) is determined using the stored decision at St for that state
(how this is done is explained in more detail together with other path retracing methods
in section 2.5). The process is repeated for all previous states in order to trace back the
survivor path (m+ L) stages back, where the survivor memory is (m+ L) stages long. As
the previous state is computed from a given current state, it is also possible to determine
that information bit which would have caused that particular transition to occur. After
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L stages of traceback, the information bits causing the next m current state-to-previous
state transitions can be delivered as decoded output bits.
In the register exchange method, the entire path upto the current stage is stored,
in terms of information bits causing the various transitions, for each state. Once the
survivor path through a state at a given stage (St ) is determined through the ACS
operation, the entire path information associated with the state on the survivor path at
the previous stage (St−1 ) is accepted, the current transition is appended to it, and the
new survivor path information is stored at the location associated with the state under
consideration. Since the entire path information is available at each state, there is no
need for a separate process to obtain the decoded bits. Obtaining the decoded bits is
reduced to reading the appropriate bits off a register.
In the traceback method, a decision bit is stored for each state of the decoder for
a number of stages which is at least equal to the truncation depth. Thus, (L× (no.
of states)) bits are required to be stored in all. In the register exchange method, a
word comprised of decision bits which is at least L bits long is required to be stored
for each state, which also leads to a total storage requirement of (L× (no. of states)).
Thus, the total amount of memory needed for survivor path storage is the same in both
the methods. However, in the register exchange method, a word containing the entire
path information at a state St−1 at stage (t − 1) is transferred to a state St at stage
t. If a constraint length of 9 is considered, this word needs to be at least 9 × 5 = 45
bits long. Thus, the register exchange method has a considerably larger interconnection
requirement. However, it eliminates the need to explicitly trace back paths, due to which
higher throughputs can be obtained. These as well as other recent methods for obtaining
the output bits are explained in detail in chapter 2.5.

2.4

Turbo encoding and decoding

An example turbo encoder is shown in figure 2.4.
The encoder consists of two Recursive Systematic Convolutional (RSC) encoders.
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Figure 2.4: Example turbo encoder
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Figure 2.5: The turbo decoder
These are shift-register based encoders similar to convolutional encoders, but in which,
the bit shifted in at each step is determined by the input bit as well as the current
state of the encoder. One such encoder works on the input data bits in their original
order, while the other works on the input data in a permuted order. The permutation
is realized through an interleaver. Each bit is transmitted from the encoder along with
the two associated parity bits, making this encoder a

1
3

encoder. As the RSC encoders

have a shift register length of 3, the constraint length of the turbo encoder is 4.
The corresponding turbo decoder is shown in figure 2.5.
The turbo decoder comprises of two Soft-Input-Soft-Output (SISO) decoders which
are connected in a feedback loop. Each decoder accepts soft or quantized inputs and
generates soft outputs (where each decoded bit is annotated with a measure of certainty
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about its value). Two key algorithms have been proposed for SISO decoding - the
Soft-Output-Viterbi-Algorithm (SOVA) [42] and the Maximum A-posteriori Probability
(MAP) algorithm [71]. Both these algorithms are based on traversal of the trellis diagram
similar to Viterbi decoding.
The upper decoder works on the received versions of the original input bit and one
of the parity bits, while the lower decoder works on the permuted version of the received
original bit and the other parity bit. The upper decoder obtains estimates of the information bits based on its inputs, and feeds this information to the lower decoder. The
lower decoder uses both its own inputs and the estimates provided by the upper decoder
to estimate the information bits. These estimates are fed back to the upper decoder,
which proceeds to the next iteration and generates new estimates of the information bits.
A number of such iterations (typically 4) are performed, with the Bit Error Rate (BER)
reducing with each successive iteration. The final information bit estimates after all the
iterations are over are given out as outputs after performing the necessary quantization
of the soft values into hard (0 or 1) bit polarities.
As the SISO algorithms are also based on the traversal of the trellis, the computation
and communication requirements of the SISO decoders are analogous to Viterbi decoders.
This indicates that efficient architectures for Viterbi decoding can be naturally extended
to accommodate turbo decoding as well. Hence, in this thesis, we focus on efficient
architectures for Viterbi decoding as a conceptual starting point for research into more
general channel decoder architectures.
Previous research in Viterbi decoders, or more generally, in channel decoders, has
focussed on various diverse topics. It can be suitably represented as shown in figure 2.6.
The next section provides a survey of previous results regarding various issues in the
implementation of conventional as well as modern/flexible Viterbi/turbo decoders. The
aim behind including this survey is to provide more insight into the properties of the
Viterbi/turbo decoder, and also to bring together various distributed and well-known
innovations which are today a part of the standard optimization process in any decoder
design.
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Research in Viterbi decoders

Issues related to flexibility,
SDR etc.
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Execution of ACS
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hardware−based
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Figure 2.6: Broad subdivision of previous research efforts in the area of Viterbi decoders
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Figure 2.7: Subdivision of research related to execution of ACS operations in Viterbi
decoders.

2.5

Previous results related to Viterbi decoder implementation

The specific fundamental issues on which prior research has focused can be dividied into
four topics as given below:
1. Execution of the basic ACS operation and efficient transport of path metrics.
2. Optimal bit representation of the path metrics.
3. Optimal survivor path representation and management.
4. Methods of extracting more parallelism in the algorithm in order to obtain higher
throughputs and/or more efficient use of the hardware resources.

2.5.1

Execution of the basic ACS operation and efficient transport of path metrics

The ACS computations can be performed on the array of ACS units in two ways as listed
below:
1. State-sequential or intermediately state-parallel (a few ACS units on which the ACS
computations for all states in each stage are performed in a sequential manner).
2. State-parallel (one ACS unit for each state in the trellis, on which each stage is
executed in one clock cycle).
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State-sequential approach
Using only one ACS unit on which the ACS computations of all states within a stage
are executed leads to the minimum possible consumption of silicon area. However, the
throughput is also adversely affected. Such a solution is not capable of providing the
throughputs required in modern standards and hence a completely state-sequential approach has not received significant attention in the literature. A lot of attention has been
given to architectures with an intermediate amount of parallelism, where P ACS units
are used to execute N ACS operations per stage in a sequential manner (N > P ). Each
ACS unit executes ⌈ N
⌉ ACS operations at every stage. Many previous efforts present
P
architectures in this category and provide different kinds of tradeoffs between area and
throughput.
Architectural frameworks: Architecture scalability is a major issue in the design
of modern channel decoders. The range of constraint lengths, code rates and generator
polynomials required to be supported is increasing with the advancement of wireless
standards. Also, it is undesirable in the current times to spend a lot of time in arriving
at a new architecture for being able to support enhanced error correction capabilities - in
other words, the time-to-market for a new decoder design should preferably be less. For
these reasons, it is preferable to develop architecture templates of frameworks that can
accept the constraint length, code rate or generator polynomials as input parameters and
yield efficient architectures for any value of these parameters. Several previous efforts
have focussed on the development of such frameworks. (for instance, [72, 73, 13, 5]).
The general architectural model used in these efforts is shown in figure 2.8.
These propositions aim to realize the required communication between the ACS units
partly through the connections between the input and output local memories and the
ACS units, and partly through the interconnection network connecting the memories.
Perfect shuffle [50] or related networks are chosen for the interconnection between the
memories.
As an example, the authors in [72, 73] propose to characterize the required communication pattern as a matrix transformation, which is realized through a sequence of three
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Figure 2.8: General architectural model used in [72, 73, 13, 5] which propose area-efficient
architectural frameworks/families.
smaller matrix transformations - the first and third transformations only rearrange elements within the rows, while the second transformation only rearranges elements within
the columns. The hardware is designed in order to support such transformations.

Interconnection topology: How efficiently path metrics and decision sequences can
be transported between the ACS units is obviously affected by the topology used for connecting the ACS unit. Several previous efforts have investigated various different topologies for their usefulness towards Viterbi decoding. While hypercubes, cube-connected
cycles and other networks have been considered in [18] for instance, de Bruijn and related networks have been considered in [57, 46]. A snapshot of the schemes proposed in
[57, 46] is shown in figure 2.9. An important point to note here is that, [46] shows that
the use of a de Bruijn interconnection network can support multiple constraint lengths
without any change in network configuration.
These efforts show that using de Bruijn and related networks can potentially lead to
the derivation of efficient and scalable schemes for the communication between the ACS
units. Moreover, [57] shows that such networks can also be laid out in an area-optimal
manner by following a regular approach based on the concept of necklaces. A necklace
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Figure 2.9: Four ACS unit architecture interconnected through a de Bruijn network
implementing a 16-state decoder in the manner described in [46]. The table on the right
shows the sequence of states scheduled on each of the ACS units. [57] basically describes
the scheme used in each time unit of the overall scheme described in [46].
is formed by one complete cycle of nodes which are connected together by shuffle edges.
For instances, in a 16-node de Bruijn network, the cycle of nodes 0 → 8 → 4 → 2 →
1 → 0 forms a necklace. The proposed layout strategy places nodes within a necklace
close together, with different necklaces placed in columns, and then shifts the positions
of nodes within a necklace in such a manner that the other required interconnections
in the graph (those not covered in the necklaces) can be provided efficiently and in a
symmetrical manner.

Path metric and decision sequence memory access: There are basically two
ways to partition the memory needed for storing the path metrics and decision sequences.
In one approach, each ACS unit has a local memory which stores the path metrics and
decision sequences required for its immediate ACS operation. In this case, it is necessary
to achieve the required transport of data between the ACS units through the interconnection network connecting them. In the other approach, all the metrics are stored together
in one or more memory banks, and all the ACS units access these banks for reading data
as well as for writing results. The required transport of data is achieved by appropriate
addressing of the memory banks. Quite obviously, as the number of ACS units increase,
the requirements on the bandwidth of the centralized memory increases. As such, this

Chapter 2. Channel decoding algorithms

25

0

0

0

0

1

2

4

1

2

4

1

2

3

6

5

3

4

1

2

4

5

3

6

5

6

5

3

6

7

7

7

7

Figure 2.10: Locations of states and butterflies during one full cycle of in-place updating.
Each row can be seen as a memory location, onto which different state metrics are written
in different clock cycles. Note that the address of a given metric across successive stages
can be obtained from its base address by a simple right-shift operation
approach is not easily scalable in order to support higher throughputs. Also, the size and
power dissipation of the memory increases as its bandwidth is increased, further reducing the efficiency of the decoder. However, some previous efforts have yielded significant
optimizations which ease the problem of the design and accessing of the central memory.
Two such approaches are presently described.
While [8] proposes an in-place updating scheme which halves the path metric memory
requirement, [47] proposes a technique called swapped state grouping for reducing the
interconnection network to a fixed network of 2 × 2 switches, while still restricting the
number of parallel accesses to a memory bank in each cycle to 1. The schemes are
depicted in figures 2.10 and 2.11.
Pipelining the ACS operations: After a set of ACS operations are performed, it
takes some number of clock cycles, in general, for the results to be routed to the ACS
units where they are needed for the next set of operations. During these cycles, the ACS
units need to be stalled. This leads to inefficient use of the available hardware. Hence,
it is desirable to find methods of pipelining the ACS operations which are required to
be performed, in order to increase the efficiency of the architecture. Two well-known
methods for the same are presented in what follows.
A basic scheme for pipelining the execution of ACS operations across successive
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Figure 2.11: Metric storage scheme according to swapped state grouping for a 16-state
Viterbi decoder. The architecture consists of 4 ACS units and as many memory banks.
The locations of the metrics corresponding to the high half states (states 8 through
16) are swapped relative to the normal binary order of storing. Besides this, a special
assignment of state computations onto the ACS units is also derived in order to restrict
the access rate for each memory bank to 1 per cycle.
stages is proposed in [39]. An architecture with this kind of pipelining is called a cascade
architecture. The cascade architecture proposed in [39], called the Canonic Cascade
Viterbi Decoder, uses log(n) ACS units, where n is the number of states in the decoder,
and a ring topology to interconnect them in order to achieve a reduction in routing
area (refer figure 2.12). Each ACS unit is responsible for the execution of all the ACS
operations in a stage of the trellis. Also, each ACS unit starts performing the next ACS
operation after forwarding its current outputs to the subsequent ACS unit in the ring.
Thus, in this architecture, multiple stages of the trellis are executed on the hardware
in a pipelined manner. For appropriate transfer of the state metrics, each ACS unit
is connected to its neighbours through a shift register and a cross-point switch. This
architecture has been improved in terms of efficiency in [35, 36].
Another method of pipelining the ACS operations within a stage is described in [22].
The technique is called trellis pipeline-interleaving. The ACS operations of the states in
the trellis are shown to be loosely coupled, in the sense that, the trellis can be divided into
subtrellises which can be executed independently most of the time and the results need
to be merged only once in every log(n) stages, where n is the number of states in the
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Figure 2.12: An example canonic cascade Viterbi decoder with a binary alphabet and
n = 16 states. ACS = Add-Compare-Select. BMG = Branch metric generator. S =
Switch. The squares represent storage elements.
decoder. This characteristic is brought out using the topological equivalence between the
trellis (which is a shuffle-exchange network) and a binary n-cube network of equivalent
size (refer figure 2.13). This technique thus identifies the states which need to be mapped
to each ACS unit so that the ACS units can be deeply pipelined and kept active most
of the time, except for a small number of idle cycles at the end of every log(n) stages.
A common framework for obtaining both the kinds of pipelining described above is
described in [7]. Pipelining methods known for FFT computation have also been applied
to Viterbi decoding, as, for instance, in [45] and [65].
State-parallel approach
When the focus is on obtaining a high speed of decoding, having as many ACS units
as the number of states becomes an attractive option. In this case, there are two basic
problems which need to be tackled - (i) Optimal exchange of metrics between a large
number of ACS units. (ii) Identification of additional sources of parallelism in order to
use the provided hardware efficiently, as state-level parallelism is already fully exploited.
A few existing approaches to these problems are described in what follows.
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Figure 2.13: Splitting the recursion into loosely couple parts. The network on the right
is equivalent to an n-cube network. The different shadings indicate the loosely coupled
sets of computations.
A number of different interconnection networks have been studied for their usability
in the transfer of path metrics between the ACS units in a fully parallel Viterbi decoder
realization. Again, as in the case of state-sequential decoder, shuffle-exchange networks
have been found to be favourable choices for connecting the ACS units in a fully parallel
Viterbi decoder ([40, 41]). A two-column, ring-based topology based on the concept of
Hamiltonian cycles which are found in de Bruijn graphs is proposed in [76]. This is
analogous to the physical layout strategy proposed for the shuffle-exchange network in
[57] (refer section 2.5.1.
In order to tap additional sources of parallelism, beyond that offered by the ACS
computations of a single stage, it is necessary to look at parallelizing ACS operations
across multiple stages. A similar idea was proposed earlier as the cascade architecture in
section 2.5.1 (refer figure 2.12. [10] proposes a different way of extracting this parallelism
- by combining successive stages of the trellis into a single stage. (refer figure 2.14). This
modification increases the number of inputs and outputs (in other words, the radix)
for the computations at each state. Although this increases the hardware complexity,
the achievable throughput is also increased. [10] shows that the relative increase in
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Figure 2.14: (a) 8-state radix-2 trellis. (b) 4-state subtrellis decomposition. (c) 8-state
radix-4 trellis. A radix-4 trellis represents the case when computations across 2 successive
stages are combined into a single stage.
throughput is more than the relative increase in hardware complexity and silicon area,
which makes the realization of higher-radix trellises an attractive option.
Many other methods of extracting parallelism in Viterbi decoders have been proposed
in earlier literature. Some of them have been covered separately in section 2.5.4.
Bit-serial arithmetic, as an approach to reduce power dissipation and area in fully
parallel Viterbi decoders has been proposed by Chang et al. in [17].

2.5.2

Optimal representation of path metrics

As the Viterbi algorithm proceeds through the stages, the path metrics go on increasing
in value. If the maximum size of a unit information packet used in the communication
standard is known, the bit-width required for path metric representation can be decided
accordingly. However, in practical cases, this maximum size is relatively large. Also,
there are several ACS units in most Viterbi decoder implementations. Hence, it is of
great interest to see if the required bit-width for the path metrics can be reduced by
the use of advanced schemes for path metric representation. Intuitively, we can consider
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Figure 2.15: Broad subdivision of previous research related to path metric representation
in Viterbi decoders.
subtracting a common quantity from all the path metrics at regular intervals in order
to limit the bit-width used for the path metrics, while ensuring that the comparison
results are not affected at any point. This is the basis of the metric rescaling approach
to limiting the path metric bit-width. The bit-width reduction is proportional to the
frequency of rescaling the metrics. Such methods can be found in literature dated prior to
1989 (for instance [19, 39]). The other approach, which is now the most exclusively used
method, is called controlled overflow, proposed by Hekstra in 1989 [43]. This method was
known by subject experts prior to this publication, but it was documented in publicly
available literature for the first time by Hekstra. The great advantage of this method is
that no additional circuitry (like the subtractor needed in the metric rescaling scheme) is
needed to obtain the bit-width reduction. The key idea is to accommodate the overflow
which will occur due to the finite bit-width in a controlled manner by incorporating two’s
complement arithmetic. A slight increase in bit-width is necessary in order to maintain
the correctness of the decisions. The method is based on two properties of the Viterbi
algorithm:
1. The output of the algorithm depends only on the differences of the path metrics.
2. The difference between metrics is bounded.
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Assuming a 2’s complement number representation, the movement of the path metrics
is as follows. Path metrics start from 0 and go on increasing till they reach the maximum
value that can be represented by the number system, at which point they overflow going
to the most negative number which can be represented in the number system. From
here, they increase in value again, until they cross 0 and the entire process repeats over
and over again. The first property above allows us to compare the 2’s complement values
of the path metrics since the output of the algorithm does not require the actual values
of the path metrics to be retained, but only their relative differences.
However, in such a system, additional care is required in order to ensure that the
comparison results are correct at all times. To identify the cases where ambiguity could
occur, let us consider the process of comparison of two arbitrary path metrics (a and b)
represented according to the 2’s complement representation. The most direct comparison is an unsigned comparison of a and b. However, since the number of times a path
metric has circulated over the number range is not recorded, the result of an unsigned
comparison will not be necessarily correct. For instance, suppose a < b by direct comparison. But if a has overflowed more number of times than b, then actually, a > b.
This ambiguity can be removed if one can guarantee that the largest path metric will
not reenter a given half of the number system until the smallest path metric exits that
half. If this condition is guaranteed, the comparison becomes easy as the unsigned comparison will always yield the correct results. A very useful analogy for the behaviour of
the path metrics is given in [74], which is reproduced briefly here. The accumulating
path metrics can be viewed as runners in a race, involving laps around the range of
the number system. The condition stated above, that the largest path metric does not
reenter a given half of the number system until the smallest path metric exits that half
indicates that it is a very competitive race. In other words, no two runners in the race
are separated by more than half a lap. In this condition, the relative placement of the
“runners” can be derived unambiguously from their current absolute locations on the
track, even without knowledge about the current lap number. This is the basic idea
of the scheme proposed in [43]. The range of the number of system is decided by the
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Figure 2.16: The modulo normalization architecture of [74] using the modified comparator
rule, which can be stated as follows: Assume that y(m1,m2) is the result of an unsigned
comparison between the quantities (m1)%(P) and (m2)%(P), where P=2x and x is the
number of bits used for path metric representation. Then, z(m1,m2) equals y(m1,m2) or
its complement depending on whether m1 and m2 are of the same sign or of opposite signs
(in other words, depending on whether the MSBs of m1 and m2 are same or different).
bit-width used for the representation of the path metrics. The condition described above
requires that the range of each half of the number system be at least p, where p is the
maximum difference between the path metrics (which is bounded). Hence, compared to
a direct representation of the path metrics, a cost of one extra bit is involved in using
the controlled overflow scheme.
[74] also reviews various other normalization schemes, concluding with the inference
that the controlled overflow method is the most favourable. It also proposes a modified
comparison rule which reduces the complexity of the ACS circuitry when compared to a
circuit which directly implements the scheme described in [43]. This architecture is used
in most contemporary implementations. The architecture is depicted in figure 2.16.
For turbo decoders, the behaviour of the path metrics change due to the feedback
nature of communication between the two decoders constituting the turbo decoder. Normalization schemes similar to [74], but geared to turbo decoders have also been proposed
in literature ([84, 85, 38, 55] for instance).
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2.5.3

Optimal survivor path representation and management

At regular intervals between the ACS operations, it is necessary to obtain one of the
survivor paths from the stored decision bits, off which one can then read the decoded
output bits. The most straightforward method to do this is by maintaining for each
state, a register which contains, in terms of decision bits, the complete survivor path
passing through that state back a certain number of stages which is at least equal to the
truncation length. At each state, for each stage, the path with the lower accumulated
path metric is identified through the ACS operation. Then, the entire path information
is transferred from the register corresponding to the previous state on this path to the
register corresponding to the current state, alongwith the required updation with the
newly obtained decision bit. This method is called the register transfer method and is
depicted in figure 2.18.
This method requires a huge word (containing the complete path - which can be 50
bits long for a constraint length 9 decoder according to the 5 times constraint length
heuristic) to be transferred between the processing nodes at each stage. This considerably increases the interconnection complexity and also increases the power consumption.
However, obtaining the decoded bits does not need a separate process as the decoded
bits can be read off the appropriate locations of any randomly selected register. The
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register selected for reading can be randomly selected due to the merging property of
the survivor paths explained earlier in section 2.3.
[68] proposed the other basic method in 1981, called the traceback method. In this, at
each stage, for each state, only the decision bit obtained from the ACS operation of that
stage is stored. As the bits are stored across a certain number of stages which again, is
at least equal to the truncation length, the total memory requirement remains the same
as for the register transfer method. However, the interconnection complexity is greatly
reduced as the complete path information is not transferred between the processing
nodes. The penalty for the reduction in interconnection complexity is paid for through
increased latency for obtaining the decoded bit, as now, a separate process is needed to
explicitly trace back the survivor path. The basic step to be carried out at each step of
the traceback process is obtaining for a selected survivor path, the state at the previous
stage, from the state on the survivor path at the current stage and the current decision
bit. Suppose that St is the state on the survivor path at time t and dt is the current
decision made at time t. Then, the state St−1 on the survivor path at time (t − 1) can
be obtained as: St−1 = [(St << 1), dt ], where [a, b] denotes the concatenation of two bit
fields a and b. The direction of shifting of St in the traceback process is opposite to that
in the encoder. The particular type of shift (left or right) is only a matter of convention.
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Here, a left shift is shown in order to correspond to the right shift of the current state
performed in the encoder of figure 2.1.
This process continues until the state on the survivor path at time (t − L) is found,
where L is the truncation length. From that point, the information bits associated with
the transitions traced back can be directly provided as the decoded bits.
A variety of alternatives to these two basic methods have been proposed in the literature. A few of the important ones are described below in the order in which they were
proposed. The aim is to provide an idea of the state-of-the-art in this well-researched
sub-topic within the area of Viterbi/turbo decoder design.
Intuitively, the throughput of the traceback method can be increased by reading and
processing more than one decision bit at a time. This basic idea is proposed by Shung
and Cypher, in 1993 [20]. The authors show that having multiple read pointers allows
for a reduction in the speed of read access, reduces the memory requirements and allows
for a uniform speed realization, which requires only one clock. General equations for the
multiple read-pointer technique are derived and two implementations based on standard
RAM and custom shift registers are presented.
Black and Meng, in 1993 [11], proposed two new survivor management techniques,
which are hybrid versions of the two classical techniques, register exchange and traceback. The first, called pretraceback, involves adding some levels of lookahead to the
traceback recursion. Briefly, single-stage decisions over a certain number of stages are
stored together as composite decisions, which allows multiple stages to be traced back
with a single traceback operation. This speeds up the traceback process which increases
the achievable throughput. The pretraceback is implemented through a register transfer
network with length equal to the number of stages whose decisions are collated as composite decisions (the number of levels of lookahead). The second technique proposed,
called traceforward eliminates the need for a traceback recursion to find the starting
state for the decode operation by obtaining and storing the decode starting state for
each possible path during the forward ACS update. This again helps in reducing the
number of cycles needed to perform the traceback operation, albeit at the cost of extra
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logic and storage for identifying the tail state for each surviving path. The pretraceback
method is shown to be more advantageous for radix-2 trellis of more than 16 states, and
the traceforward method advantageous for trellises of fewer states but a higher radix.
Lin, in 2000 [53], proposed a new method for traceback, in which each node only stores
the decision bit corresponding to its cycle similar to traceback, but these bits are used to
switch a demultiplexer-based permutation network, which mirrors the underlying trellis.
This leads to an architecture which consumes lesser area than the register exchange
method, while still allowing the traceback to finish in one clock cycle, as the permutation
network is combinational in nature. The paper also shows how a performance-routing
area tradeoff can be achieved in this method by folding the permutation network over
some number of levels.
El-Dib and Elmasry have recently proposed two innovations to the traceback process.
In 2004 [24], they proposed the use of the “pointer” concept for easing the use of the
register exchange method for large constraint length Viterbi decoders. The main idea is
that a pointer is associated with the survivor path register for each state, and instead of
transferring entire register contents as in the conventional register transfer method, only
the pointer to the destination register is altered to point to the source register, which
in effect, relabels the source register as the destination register. In 2005 [25], the same
authors proposed a memoryless version of the traceback subsystem. This is an extension
of the pointer-based technique in [24] with the additional constraint that the encoder be
reset to a fixed state after every L iterations, where L is the truncation length.

2.5.4

Methods of extracting additional parallelism

To obtain very high throughput rate Viterbi decoders, additional sources of parallelism,
other than the inherent parallelism available within the execution of the states of a
single stage need to be exploited. A few schemes addressing this issue are described
below. Again, a chronological order is followed so that the derivation of the more recent
and more efficient schemes can be brought out.
Lin and Messerschmitt, in 1989 [51], have proposed several schemes for obtaining
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Figure 2.19: Broad subdivision of previous research related to exposing additional parallelism for high speed operation in Viterbi decoders.
unlimited parallelism (or equivalently, concurrency) in the Viterbi decoding process.
The following methods are proposed:
1. Layered method: A method of decoding multiple trellis stages concurrently. The
trellis is collapsed into higher order trellises (“super-trellises”), and higher level
survivor path history at the level of the super-trellises is maintained and used in
order to obtain higher decoding speed. Multiple layers of higher-order trellises may
be used. (refer figure 2.20).
2. Pipeline-interleaving: Obtaining additional concurrency by interleaving the transmission of multiple information sources. (refer figure 2.21).
3. Single-source/Self-interleaving: Obtaining additional concurrency by interleaving
the transmission of information bits (out-of-order transmission) from the same
source. The code performance is, however, impacted by this type of interleaving,
which places limits on the amount of interleaving possible.
4. Block method: Obtaining additional concurrency by dividing the information sequence into blocks where the encoder memory is reset at the start of each block.
In this case, the starting encoder state for each block is known a-priori, due to
which these blocks can be decoded concurrently.
When the information source is controllable (ie. extra bits can be inserted into
the information bit sequence), the block method is shown to be the most attractive

Chapter 2. Channel decoding algorithms

38

(a)

(b)

(c)
Figure 2.20: An example trellis at (a) layer 1 (b) layer 2 (c) layer 3

1

4

2

7

5

3

8

6

9

Figure 2.21: Pipeline interleaving of three information sources. The number on a node
shows the information bit which is processed in that stage.
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alternative, while the layered method is shown to be the best method when the source
is not controllable. These techniques have been generalized for arbitrary finite state
machines (FSMs) by the same authors in [52].
Fettweis and Meyr have explored a number of alternatives for obtaining additional
parallelism which have been widely cited in subsequent literature. A survey of their work
until 1991 is available in [34]. Three levels at which parallelism can be introduced are
identified - bit level, word level and algorithm level. The innovations are listed below:
1. For bit-level parallelism, the use of carry-save adders, rather than ripple adders
is proposed in order to obtain a reduced critical path length. This work is also
described in [32]. This modification also allows pipelining to be introduced into the
adders which leads to an architecture whose achievable throughput is independent
of word length [30].
2. For word-level (stage-level) parallelism, the algorithm is algebraically reformulated
to expose a very useful fact - that the addition and maximum selection operation
which constitute the ACS operation form an algebraic structure called a semiring. The authors employ the fact that equations formed with semi-ring operations
are linear, and apply lookahead computation techniques which are applicable to
linear equations, in the context of Viterbi decoders. This increases the achievable
throughput. More simply put, this property makes it possible to combine the
execution of multiple stages of the trellis into a single operation. (This is similar
to the radix-4 operation described in [10]). This work is also described in [32, 29]
and by other authors in [78, 83]. The method can also be viewed as a special case
of the layered method with 2 layers, as noted in [51].
3. For algorithm-level parallelism, the following observation is used. If a decoder
starts decoding in the mid-stream of the data ie. somewhere in the middle of the
trellis, with arbitrary starting path metrics, a limited number of stages of initial
synchronization occurs after which the decoder behaves exactly as if it had started
decoding at the start of the trellis. In fact, this synchronization can be shown
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Figure 2.22: Scheme of the overlap-abut method of block decoding
to complete in the same number of stages as the truncation length [33]. Hence,
it is possible to break up the incoming data into multiple blocks and perform the
ACS operation within these blocks in parallel. For each block of length M symbols,
apart from the M ACS stages which are anyway needed, an overhead L ACS stages
prior to and L ACS stages after the block is necessary to obtain the correct results.
This idea leads to a family of new parallel architectures as described in [33], capable
of achieving throughputs which are higher than conventional decoders by orders of
magnitude. The scheme used in one of the architectures in this family is depicted
in figure 2.22.
4. Another important innovation is the combining of the word-level and algorithmlevel parallelism into a single architecture. This has been documented as the minimized method [28, 31].
The basic idea of algorithm-level parallelism is described earlier in [79] (1981). The
authors additionally proposes a ROM-based table lookup implementation which is infeasible for any practical decoder size, and hence not followed up in subsequent literature.
The same idea is also independently proposed in [9], in addition to an important observation: The encoder state reinitialization methods of [51] cannot be applied to the
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Figure 2.23: Continuous stream processing using the (Sliding Block Viterbi Decoder
(SBVD) method proposed in [12].
problem of digital sequence detection in the presence of intersymbol interference (ISI).
Black and Meng, in 1997 [12], have generalized the sliding block method of [79].
The scheme proposed by them is shown in figure 2.23. Note that, if all the received
symbols are available, the path metric updation process can be performed either in the
forward direction (left to right) or in the backward direction (right to left). In [12], a
hybrid algorithm is described which allows for a combination of forward and backward
processing of the input data blocks (with appropriate merging of paths somewhere in
the middle) and the forward-only and backward-only methods are shown to be special
cases of this algorithm. To increase the throughput, a block of data is decoded through
a set of forward and backward passes, which allows the identification of the path with
the minimum accumulated metric. As this path is known to be the most likely path (not
randomly selected), all the information bits associated with the block can be decoded in
a single step. It is shown that the survivor path length in the proposed method can be
reduced to 2.5 times the constraint length since it is a best-state survivor path decoding
algorithm. Finally, in order to obtain even higher throughput, a systolic implementation
of the hybrid method is described which combines the algorithm-level concurrency of the
Viterbi algorithm with pipelining of the various sub-units of the decoder.
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Flexibility requirements revisited

Here, we provide a brief description of the requirements imposed on channel decoders
by modern wireless standards in the context of the Viterbi/turbo decoding algorithms.
This is necessary for placing the contributions of the thesis in context.
The higher the constraint length and code rate, the more robust the error correction,
which is intuitive because the effect of a single information bit is spread over a larger
number of output bits. Hence, for modern wireless standards, the constraint length as
well as the code rate is allowed to vary during the course of a conversation. Accommodating these two kinds of flexibilities leads to requirements on distinct sections of the
decoder hardware. The code rate flexibility needs to be built into the ACS units, by
appropriately modifying the incremental/branch metric calculator unit. This inference
follows directly from knowledge of the operation of the Viterbi algorithm. The constraint
length flexibility needs to be built into the interconnection network connecting the ACS
units. This can be derived from the fact that for a given constraint length K, the communication pattern required for the transfer of data (path metrics) generated at each
stage can be expressed as a de Bruijn graph of 2K−1 nodes (or states). Different values of
K would thus require the updated path metrics to be transferred along de Bruijn graphs
of different sizes.

Chapter 3
De Bruijn network-based
architectures
In chapter 1, it was shown that the code rate flexibility places demands on the incremental
metric generator of the ACS unit, while constraint length flexibility places demands on
the interconnection network connecting the ACS units. This thesis focusses on providing
constraint length flexibility in an efficient manner. In this chapter, firstly, a brief survey of
recent results related to modern/flexible channel decoder implementation is provided, and
the approach taken in this thesis is contrasted with respect to these results. Subsequently,
two approaches to building flexible constraint length Viterbi decoders on a de Bruijn
interconnection network are presented. In the first approach, the problem is viewed as
a graph embedding problem, and mathematical manipulations are presented in order to
achieve a “good” embedding, with respect to certain parameters. In the second approach,
a more hardware-centric approach is taken and another scheme is presented. Although
the first approach leads to an answer for the question of how well smaller de Bruijn
graphs can be embedded on a larger de Bruijn graph (which has not been attempted
earlier to the best of the author’s knowledge), the synthesis results in chapter 5 show
that the second scheme leads to a more area-efficient realization of flexible constraint
length Viterbi decoders on a de Bruijn interconnection network.
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Figure 3.1: Broad subdivision of previous recent research related to the design of modern/flexible channel decoders and their application to SDRs.

3.1

Previous results related to modern/flexible channel decoder implementation

As seen earlier in chapter 2, plenty of research has already been done in tackling the
basic issues related to the implementation of Viterbi/turbo decoders. In recent times,
the focus has slightly shifted from such basic issues, to the design of more efficient
flexible channel decoders as also towards architectures which are capable of supporting
all the functionalities in the wireless DSP unit together with the channel decoder, without
inordinately compromising on performance and power/energy dissipation. This section
provides a brief survey of existing work related to such architectures.

3.1.1

Architectures for the entire wireless DSP unit

Recently proposed architectures for this purpose can be divided into two main types 1. Processor-like solutions, where a combination of pipelining and other techniques
like Single Instruction Multiple Data (SIMD)/Very Long Instruction Word (VLIW)
are used to exploit the parallelism inherent in many of the algorithms required in
the wireless DSP unit. Examples of such architectures are [80, 54, 27].
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Figure 3.2: High-level block diagram of the SODA multicore DSP architecture.
2. Heterogeneous reconfigurable hardware solutions, where individual nodes are customized for handling the different types of computing loads presented by the
algorithms required in the wireless DSP unit.

The nodes are often intercon-

nected through a Network-on-Chip (NoC). Examples of solutions in this class are
[64, 69, 70, 2, 1, 4, 3].
As an example of the first type, we describe in some detail, the architecture proposed
in [54]. This architecture is called Signal-processing On-Demand Architecture (SODA).
A block schematic is presented in figure 3.2.
The authors draw a few important conclusions regarding the nature of tasks in the
wireless DSP unit:
1. The inter-kernel traffic, where kernels refer to the basic computational blocks in
the wireless DSP unit, requires relatively low throughput. This suggests the use
of less complex interconnection networks to connect the nodes, in order to reduce
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the system complexity. However, the type of traffic between different kernels can
vary widely. Hence, support for variable buffer sizes is necessary.
2. There are certain tasks (like FFT and channel decoding) which exhibit a huge
amount of parallelism, which makes dedicated computing structures for such tasks
desirable. (It can be seen from the description of the Viterbi algorithm in chapter
1 that there is no data dependency between the computation of the ACS operation for the states within a stage - in other words, these computations can all be
performed in parallel. Additional sources of parallelism are also available in the
Viterbi algorithm as will be explained in section 2.5.4.
3. 8- or 16-bit wide lines are sufficient for communication between various kernels.
This relatively low bit-width eases the requirement of data movement within the
SIMD units.
As can be seen in figure 3.2, this architecture consists of multiple processing elements
(PEs), a scalar control processor (ARM) and a global scratchpad memory, all connected
through a shared bus. Each PE consists of a scalar unit and a wide SIMD unit. The
SIMD unit runs most of the compute-intensive algorithms, like searcher, FFT and the
channel decoder. The scalar unit is used to support many of the DSP algorithms that are
scalar in nature and cannot be parallelized. The processing model used can be defined
as VLIW (between scalar and SIMD units) + SIMD, with static scheduling of kernels on
the PEs. One notable point is that a shuffle-exchange network is used to connect the
individual processing components inside the SIMD unit, as it is found to fit well into the
communication requirements as laid down by the various tasks which have to be carried
out on the SIMD unit.
As an example of a heterogeneous/coarse-grained solution for the wireless DSP unit,
we describe the Montium architecture proposed in [70]. The overall fabric, called Chameleon,
is a heterogeneous architecture, where individual nodes could be DSPs, embedded FPGAs, ASICs, GPPs or the Montium processor, which is a coarsely reconfigurable custom
processor meant to support the computational demands of typical DSP algorithms. The
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Figure 3.3: Chameleon SoC template
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Figure 3.4: Montium processing tile
nodes are connected together by a Network-on-Chip (NoC). The proposition is to choose
the granularity of individual nodes according to the set of operations required in a given
application (for instance, SDR). A high level block diagram of the Chameleon SoC template is shown in figure 3.3. The authors also propose a new node architecture called
Montium, which can provide efficient support for algorithms having different amounts of
inherent parallelism. A high level diagram of the Montium tile is shown in figure 3.4.
The Configuration and Communication Unit is responsible for configuring the set
of five ALUs (with memory) comprising the Tile Processor (TP), as well as providing
support for both streaming and block processing modes in the TP. Configuration information includes the instructions to be executed on the TP and the interconnection
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pattern to be implemented between the individual processing elements in the TP. The
configuration information is provided through a file loaded onto the internal memory
of the Montium tile through the NoC connecting the heterogeneous processing nodes.
After the datapath and instructions have been set up as necessary within the TP, the
Instruction Decoder and the Sequencer blocks orchestrate the execution of the required
operations on the TP.
Research efforts have also been directed towards optimal design of the NoC connecting
such heterogeneous processing nodes (for instance, the Scalable Communications Core
(SCC) [44] and the Globally Asynchronous Locally Synchronous (GALS)-based FAUST
NoC [49]). The GALS design methodology allows for different clock domains to be used
for different regions within a complex System-on-Chip (SoC) which greatly eases the
design of the clock distribution network.

3.1.2

Architectures for modern/flexible channel decoders

Chapter 1 described how modern wireless standards (3G and above) demand a high
amount of flexibility in the operation of the channel decoders. From here on, we review
work related specifically to the design of channel decoders which are flexible in the set
of supported parameters as well as in the set of supported decoder types.
Studies carried out in [48] and [23] have recently shown that it is most beneficial to
combine Viterbi and turbo decoders or turbo and LDPC decoders. These studies also
show that the maximum savings are achieved by sharing the memory resources between
the decoders. One of the earliest architectures proposed for reconfigurable Viterbi/turbo
decoders is the Viturbo architecture [15]. It is capable of supporting Viterbi decoding
with a code rate of either

1
2

or

1
3

and constraint length anywhere between 3 and 9.

Viturbo can also support turbo decoding with a code rate of

1
2

and constraint length of

4. A high level view of the Viturbo architecture is shown in figure 3.5.
The authors adopt a fully parallel approach for performing the ACS operations, with
an ACS unit for each state of the decoder across all constraint lengths. The Branch
Metric Unit (BMU) calculates all possible branch metrics for a decoder with a specific

Chapter 3.

De Bruijn network-based architectures

Configurable Data Router
for path metric
differences

Interleaver
Inputs

49

Path
difference
memory

Order
inversion
memory 1

Mux
BMU

BMU
Muxes

Configurable data router
for decision bits

Decision
bit
memory 1

Configurable data router
for path metrics

Decision
bit
memory 2

ACS
Units

Codeword
LUT

Interleaver

Thresholder
Soft decision
memory

Survivor
memory

Inversion
mux

Order
inversion
memory 2

Deinterleaver

Mux

Figure 3.5: Viturbo - High level block diagram. BMU: Branch Metric Unit. LUT:
Look-Up Table. ACS: Add-Compare-Select.
constraint length and rate, based on the received symbols. Specific sets of branch metrics
are needed for each ACS unit to perform the ACS operation. These metrics are selected
and routed to the ACS units by the BMU muxes together with the Codeword LUT.
As shown in figure 3.5, the problem of routing path metrics is solved by using a
multiplexer-bank based configurable data router, with custom logic to support multiple
constraint lengths. Finally, for power reduction, custom switch-off logic has been used
to power down those parts of the system which are not required for a given type and size
of decoder.
More recently, an instruction set-based architecture called RECFEC (REConfigurable
processor for Forward Error Correction) has been proposed in [63]. A high level block
diagram is shown in figure 3.6.
During normal operation, Configuration Words which accommodate the configuration
information of PEs are broadcast from the Configuration Buffer (CB) to the Processing
Element (PE) Pool. The Data Buffer (DB) is embedded data memory that interfaces
with external memory and pumps data to the PE Pool. A high throughput data network
connecting the PE pool, DB and CB facilitates the supply of data to and collection of the
results from the PE Pool (shown by arrows in figure 3.6). No particular interconnection

Output
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Figure 3.6: RECFEC architecture
topology has been adhered to. Reconfiguration of the network connecting the DB to the
PE Pool facilitates the support of different data movement patterns. All data transfers
between the DB or the CB and the external memory are handled by the DMA Controller.
The PE Controller is a general purpose 32-bit RISC processor which controls the sequence
of operations. Each Processing Element (PE) in the PE pool contains circuits used for
implementing the various types of decoders as well as an ALU for performing basic logic
and arithmetic functions. The sequence of operations and the configuration words are
specified through instructions. Due to this property, this architecture is able to support
a wide range of decoding types, and is also truly software upgradable.
Using FPGAs to implement the required flexibility has been investigated by Tessier
et al. in [77]. The adaptive Viterbi algorithm [75, 16] is used for decoding in order
to reduce the power consumption, which otherwise, is higher for FPGA-based solutions
when compared to ASIC-like solutions. The adaptive Viterbi algorithm is an extension
of the conventional Viterbi algorithm where some of the survivor paths are pruned at
each stage based on the magnitude of difference between their path metrics and the
minimum path metric at that stage. The authors show that significant power gains
are to be made by dynamically reconfiguring the decoder constraint length according to
the channel conditions. A detailed study of the obtained performance and the power
consumption of the implementation of a flexible decoder on an FPGA is provided. The
throughput, however, is limited to the range of hundreds of Kbps, while the power
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consumption is of the order of hundreds of mW. Another approach has been described
by Campos and Cumplido in [14]. The main innovation performed by the authors is
the design of a more compact ACS unit, where the Compare operation is performed
first, followed by the Select and finally the Addition. The throughput quoted is higher
than that in [77]. However, a comparison is difficult since different FPGA boards have
been used. Also, the power consumption is not mentioned. Note that neither of these
implementations require FPGA reprogramming to obtain the reconfigurability. However,
the reconfiguration requires multiple clock cycles.
A flexible constraint length Viterbi decoder architecture with the emphasis on circuitlevel enhancements is described in [6]. The innovations described by the authors are listed
below:
1. Use of radix-4 ACS units with one level of lookahead. Radix-4 ACS units process 2
stages of the trellis per iteration (The radix-4 trellis organization is shown in figure
2.14).
2. Driving the carry and sum outputs through separate logically identical logic circuits
in order to reduce the ripple delay.
3. Use of double-buffered register files rather than dual memories for path metric
storage, in order to reduce area consumption.
4. Intelligent use of constants in the branch metric generation process to reduce its
complexity and area consumption .
5. Customized write and read access to the traceback memories in order to save power
over conventional register-file circuits.
6. Fine-grain inclusion of supply-gating and clock-gating circuitry in order to further
reduce power.
Note that in this architecture too, no specific interconnect topology has been adhered
to, for connecting the ACS units.
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The Viturbo architecture uses custom-built networks to interconnect the basic processing units, without trying to match the interconnect topology to the required communication patterns in channel decoding. RECFEC uses a mesh network to connect the
basic processing units (the mesh being a regular network and hence, a popular choice
for applications in general), but strangely, uses memory to implement the data transfers
needed for the Viterbi algorithm (an approach also followed in another instruction-set
based architecture called FlexiTrep, proposed in [82]). A question that can be raised
here is - are there other interconnection topologies which can support flexible channel
decoders more efficiently than the choices made in such architectures? Or, in other
words, how useful are the topologies mirroring the actual communication pattern of the
often-used channel decoders, in efficiently supporting flexible channel decoders? Such a
question has been addressed recently in relation to flexible turbo and LDPC decoders
([61, 60, 59, 58, 62]. The butterfly, Benes and de Bruijn networks are compared for their
usefulness for these decoders and it is shown that the de Bruijn network is an attractive
option for the implementation of such decoders. Answering these questions for Viterbi
decoders is the main objective of the work in this thesis.

3.2

Motivation for the approach taken in this thesis

The motivation for our work is derived from the following observations:
1. It is evident from already available results that the choice of the interconnection
network connecting the ACS units of a Viterbi decoder has a great influence on the
efficiency of the architecture. The main motivation for the work in this thesis is to
explore the usefulness of interconnection networks which are related to the actual
communication graph of the Viterbi decoder, for implementing flexible constraint
length Viterbi decoders. To the best of the author’s knowledge, such a study
has not been undertaken due to the fact that such interconnection networks tend
to occupy relatively more silicon area. However, in modern wireless devices, the
power and energy consumption is a more important constraint than the silicon area
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occupation. Hence, it is of interest to see whether the use of such interconnection
networks allows the derivation of efficient schemes which yield significant savings in
power and energy consumption. Moreover, the cost in silicon area can be offset by
reusing the hardware resources for other algorithms in the wireless DSP unit. A fact
which points to this potential for hardware reuse is that the communication pattern
required for OFDM modulation and demodulation is similar to that required for
the Fast Fourier Transform (FFT), namely a butterfly interconnection pattern.
This pattern can be shown to be similar to the de Bruijn graph, which is the
interconnection pattern required for Viterbi decoding. Of course, increasing leakage
currents in modern technology nodes place additional constraints on the allowable
silicon area occupation as well, but this issue is not taken into account in the work
in this thesis, and is in fact a direction of future work.
2. Once silicon area occupation becomes a secondary constraint, implementing an
algorithm in as parallel a manner as possible has potential benefits in terms of
power/energy consumption.

Operating parallel architectures at the maximum

possible operating frequency can provide high throughputs, while for moderate
throughputs, a relatively low operating frequency can be used which lowers the
power/energy consumption. Thus, in all the proposed architectures, a state-parallel
approach is taken. Specifically, the architectures are capable of executing the largest
constraint length Viterbi decoder in a completely parallel manner. For smaller constraint length decoders, an attempt is made to execute multiple decoders in parallel
by exploiting additional sources of parallelism like the ones mentioned in section
2.5.4.
3. The architectural schemes developed are designed to be scalable, in order to be
able to support the flexibility requirements of future mobile standards, without
any additional design effort. The hardware descriptions of the architectures are
also made parameterizable for the same purpose.
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Embedding-based approach

In this study, we assume the physical architecture to consist of N processing units which
are connected together in a de Bruijn topology (refer figure 3.7). Assuming the processing
units to be numbered from 0 through (N − 1), the de Bruijn topology implies that every
processing unit/node i is connected to two nodes - (2 ∗ i)%N and (2 ∗ i + 1)%N. The
interconnection network is a multi-stage network, where the switching of data onto the
links is accomplished through a set of switching elements (multiplexer-demultiplexers)
and some control logic. The switching elements allow data from any of the four incoming
links of a node to be routed in one of two ways • To any of the outgoing links except the link in the direction from which the data
enters the node.
• To the logic inside the processing unit.
In addition, data at the output of the logic inside the processing unit can also be
routed to any of the outgoing links.
We use this architecture to implement a flexible constraint length Viterbi decoder
with a maximum supported constraint length of K where N = 2K−1. For this purpose,
we place an ACS unit inside each node in the network in addition to the switching logic
described earlier. As can be seen from the description of the Viterbi algorithm in chapter
2, each ACS operation accepts two inputs. Hence, an extra multiplexer is added to the
switching logic so that two data items can be routed in every clock cycle to the ACS
unit within each node.
In figure 3.7, two copies of the same processing node are drawn in each row in order
to conform to the conventional representation of the de Bruijn network, as done in other
texts like [50] for instance. This form of depiction is also more suitable for the explanation
of the routing technique described subsequently.
Note from the description of the Viterbi algorithm in the last chapter, that the
communication graph for a constraint length k decoder is a de Bruijn graph of 2k−1
nodes. Hence, providing support for different constraint lengths on any physical network
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Figure 3.7: The physical architecture used for Viterbi decoder implementation
essentially means providing support for communication patterns corresponding to de
Bruijn graphs of various sizes (variable number of nodes).
When the interconnection network is itself a de Bruijn network as in figure 3.7, this
objective can be mathematically cast as the problem of embedding smaller de Bruijn
graphs on a larger de Bruijn graph. Embedding of graphs is a well-established field in
computer science, which relates to the realization of different graphs, called guest graphs
on a particular host graph. In any embedding, there are four parameters which are used
to ascertain the quality of the embedding, namely the dilation, congestion, load and
expansion [50]. The dilation refers to the maximum amount by which we have to stretch
an edge of the guest graph in order to embed it on the host graph. The congestion
refers to the maximum number of guest graph edges embedded onto a single host graph
edge. The expansion refers to the ratio of the number of nodes in the host graph to
the number of nodes in the guest graph. The load refers to the number of guest graph
nodes embedded onto a single node in the host graph. Quite obviously, in terms of actual
hardware realizations like flexible constraint length Viterbi decoders, these parameters
have a significant impact on the quality of the realization.
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Consider a smaller de Bruijn decoder having n states to be realized on a larger physical
de Bruijn interconnection network having N nodes. First, it is necessary to decide on
a mapping of the n states onto the N nodes. We assume the most straightforward
mapping, wherein the n states of the decoder are mapped onto the first n nodes of
the network (node numbers 0 through (n − 1)). Given this mapping (which implies a
load of 1), we aim to obtain a method of routing the edges of the smaller guest graph
using the links of the larger host graph in such a way that we obtain the smallest
dilation and congestion. Note that one clock cycle is needed per link traversal on the
physical network (a multi-hop interconnection network is assumed). This choice allows
the maximum possible operating frequency to be independent of the number of nodes in
the network, which aids the scalability of the architecture. While lesser dilation implies
lesser latency per decoded bit, lesser congestion simplifies the logic needed for routing
data on the network. In fact, a congestion of 1 is highly desirable, since no link-sharing
logic would be necessary in that case.
In order to obtain a scalable method which is valid for any N and n, we first aim to
characterize mathematically, the required connections between the states of the decoder
to be realized and the connections available between the nodes on the network. In an
N node de Bruijn network, each source node u is connected to two destination nodes,
an even numbered destination node given by (2 ∗ u) mod (N) and an odd numbered
destination node given by (2 ∗ u + 1) mod (N) (see the left side of figure 3.8). If u is represented by an N bit binary string u = ulog(N ) . . . u1 , then the even numbered destination
node has the binary representation ulog(N )−1 . . . u1 0 and the odd numbered destination
node has the binary representation ulog(N )−1 . . . u1 1. (Throughout this discussion, log()
implies log2 ()).
The host de Bruijn network is assumed to have bidirectional links (the reason will
become clear as the embedding technique is explained subsequently). In that case, from
every source node u, there exist links to four destinations, shown in column 1 of Table
3.1. Each link represents a specific bit level transformation on the source node numbers
(SNNs) which transforms them to the destination node numbers (DNNs), as indicated
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Table 3.1: The set of destinations for a given source available on the physical (host) de
Bruijn network and the corresponding bit level transformation of the source node which
yields the destination node
Destination number
ulog(N )−1 . . . u1 0
ulog(N )−1 . . . u1 1
0ulog(N ) . . . u2
1ulog(N ) . . . u2

Transformation effected
by the path
left shift and shift in a 0
left shift and shift in a 1
right shift and shift in a
0
right shift and shift in a
1

Modified node number
u∗2
u∗2+1
u
2

u+N
2

in Table 3.1.
For the purpose of illustration, refer figure 3.8. On the left side, is a 4-state decoder
communication graph that is to be realized on an 8-node physical de Bruijn network
shown on the right side. The physical network corresponds to a maximum supported
constraint length of 4.
As shown in bold in figure 3.8, certain edges of the guest graph are directly available
on the host graph. In general, all the edges/paths originating from SNNs 0 through
( n2 − 1) of the guest graph are directly available on the physical network. We call these
paths the direct paths. This observation can be explained as follows: the guest graph
paths represent the transformations i to (2i%n) or i to (2i + 1)%n ∀ i in SNNs 0 through

( n2 − 1). As long as i <= ( n2 − 1), the results of these operations (in other words, the
DNNs) remain the same even if the modulus operation is performed with respect to a
different number N > n. Since the number of physical nodes in the de Bruijn network
(N) satisfies this condition, these paths are directly available on the network.
Now, consider the paths originating from SNNs

n
2

through (n − 1). For these paths,

the results of a modulus operation performed with respect to n will not be the same as the
results of a modulus operation performed with respect to N, when N > n. Consequently,
these paths are not available directly on the physical network. They have to be explicitly
routed.
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Figure 3.8: A 4-state decoder to be realized on an 8-node network. The links drawn in
bold show those edges of the guest graph which are directly realizable on the physical
network.
Consider the path 3 → 2 from the guest graph of figure 3.8 which needs to be explicitly
routed on the physical network. Since the physical network contains 8 nodes, we represent
all SNNs and DNNs with log(N) = log(8) = 3 bits. In binary representation, we need
the path 011 → 010. In other words, the SNN 011 needs to be transformed to DNN 010
through some sequence of the bit-level transformations afforded by the physical network.
As seen from table 3.1, in a single step, the physical network allows a left or a right
shift of a given number, with the insertion of either a 0 or a 1. We first perform the
same transformation as is afforded in the guest graph - for a first step, we left shift the
SNN once, and insert a 0 from the LSB position: 011 → 110 (the inserted bit is shown
in bold).
Now, the DNN (2) is contained in the bit-field [1:0] of the node number. However,
there is a 1 to the left of the DNN (called MSBguest ) which needs to be converted to a
0. Since a bit can only be shifted left or right through the physical links, this 1 needs to
be shifted out of the node number and a 0 needs to be shifted in. This can be done by
the addition of two more transformations (a left shift followed by a right shift) as shown
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below: 011 → 110 → 100 → 010 = 2 = DNN (again, the inserted bits are shown in
bold). The other required paths can also be realized by the same set of transformations.
This basic method, which begins with left shifts and ends with right shifts is called
the Left Shift First (LSF) method.
Note that supporting both left shifts and right shifts allows us to obtain a lower step
count (or dilation or latency) for performing a given transformation, since it allows us
to reuse some of the bits of the SNN to form the DNN. If only one kind of shift were
supported, the entire DNN would need to be shifted in from one of the ends, which
would require more number of steps. For this reason, the physical links in the network
of figure 3.7 are assumed to be bidirectional.
How many left shifts and right shifts are needed in general in the LSF method? Assume that

N
n

= r. Then, there will be log(r) 0s starting from the MSB of the node number

(called MSBhost ), in the binary representations of all the SNNs which are transformed
by the LSF method. This can be brought out in another way. The node numbers are
represented with binary strings which are log(N) bits long, whereas the states need only
log(n) bits for their binary representation. Hence, in the binary representation of each
state, there will log(N) − log(n) = log(r) 0s starting from the MSBhost . The MSBguest
needs to be shifted out through all the log(r) bit positions (which requires log(r) + 1
left shifts), and the flipped bit shifted back in through these log(r) bit positions (which
requires log(r) right shifts). As an example, log(r) = 1 in the above example. The SNN
to DNN transformation needs log(r) + 1 = 2 left shifts and log(r) = 1 right shift. The
dilation incurred by the LSF method is 2log(r) + 1.
Now, lets consider the possibility of the same physical link being traversed by two
different paths routed according to the LSF method. The condition where a physical
link occurs on more than one path (either at the same location or at different locations
on the paths) is called a conflict in the following discussion (an example is provided after
lemma 3.1). The following lemma defines the conditions under which a conflict occurs
in the LSF method.
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Lemma 3.1. A conflict is possible in the LSF method iff the ratio of the DNNs of
two paths is a power of 2.
Proof. During the left shifts or right shifts, we multiply or divide an intermediate
node number by 2. Hence, a conflict will occur iff the numbers we start with during the
left shifts, or the numbers we end with during the right shifts are such that their ratio is
a power of 2. Now, considering only the left shifts’ segment of any two paths, a conflict
will occur iff the ratio of the SNNs is a power of 2. However, since the SNNs for which
the LSF method is applied are constrained to be in the range

n
2

to (n − 1), the ratio of

two SNNs can never be a power of 2. Hence, there cannot be a conflict in the left shifts’
segment of two paths. However, conflicts are possible in the right shifts’ segment of two
paths, as there are paths in any particular realization for which the ratio of the DNNs
is a power of 2.
As an example, consider the paths 5 → 2 and 6 → 4 which are present in an 8-node
de Bruijn graph (ratio of DNNs =

4
2

= 21 ). If these were to be realized on a 32-node

network, according to the LSF method, the paths would be laid out as follows:
5 → 2: 00101 → 01010 → 10100 → 01000 → 00100 → 00010
6 → 4 : 00110 → 01100 → 11000 → 10000 → 01000 → 00100
As shown in bold, the link 8 → 4 is traversed by both these paths, causing a conflict
(or in embedding theoretic terms, a congestion of greater than 1). In terms of physical
realization, supporting such link sharing would require extra switching logic which would
add to the hardware complexity of the decoder. Also, with increasing decoder sizes, the
amount of link sharing between paths may increase, thus adding a disproportionate
amount of hardware complexity to the decoder. Hence, it is of interest to investigate
methods by which such link sharing can be reduced, or ideally eliminated.
Is there a method to remove such conflicts in all possible cases in the LSF method?
We notice that there is a freedom of choice available in terms of the bits that are inserted
during the left shifts or right shifts, since these bits are all shifted in and then shifted
out; in other words, they do not form part of the DNN. It is possible that a particular
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choice of these bits helps in reducing/eliminating the conflicts in the LSF method. In the
following lemma, we present one possible choice of these bits that eliminates all conflicts
of the type illustrated above, alongwith its proof.
Lemma 3.2. All conflicts in the LSF method can be avoided if a 1 is shifted in at
the second left shift on all paths.
Proof. Consider two SNNs i and j. We trace the path laid out from these SNNs while
factoring in the above mentioned modification. At the first left shift, a 0 or 1 may be
shifted in, depending on whether the DNN is even or odd. This is represented by k1 in
the following expression. The left shifts’ segment of the path can be represented as - i →

(21 .i + k1 ) → (22 .i + 21 .k1 +1) → . . . (after log(r) shifts). . . 2log(r) .i + 2log(r)−1 .k1 + 2log(r)−2 .
But 2log(r) =

N
.
n

Hence, we get the intermediate node number after log(r) left shifts as

N
N
( Nn .i + 2n
.k1 + 4n
) (for the special case of

N
n

= 2, this node number will be just (2 ∗ i + k1).

At the next left shift, the MSBguest is shifted out. For the particular case of

N
n

= 2,

this step is the second left shift, when a 1 is shifted in. Hence, the node number can
be represented as - 2 ∗ (2 ∗ i + k1 ) + 1 − N. For the case of any other value of
resulting node number can be expressed as - 2 ∗ ( Nn .i +
=

N
(2.i
n

+ k1 +

1
2

N
.k
2n 1

+

N
)
4n

− n)

(Note that the general expression works even for the case when

N
,
n

the

−N
N
n

= 2. This can be

attributed to the fact there are no more fractional terms in the expression for the node
number after log(r) + 1 left shifts. We take only this general expression forward in the
rest of the proof.)
Similarly, for the SNN j, we get the corresponding node number as -

N
(2.j+k2 + 21 −n)
n

(k2 is used instead of k1 ).
Now, consider the ratio of the node numbers on the two paths at the start of the
right shifts -

N
(2.i+k1 + 12 −n)
n
N
(2.j+k2 + 21 −n)
n

. This evaluates to

2(2.i+k1 −n)+1
.
2(2.j+k2 −n)+1

This is clearly a ratio ofodd

numbers, which can never be equal to a power of 2. Hence, due to the modification
proposed above, the numbers at the start of the right shifts segment of any two paths
are always such that their ratio is not a power of 2.
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Now, we track the behaviour of this ratio as the numerator and denominator are both
divided by 2, due to the right shifts. Note that for all left shifts after the second left
shift, 0s are shifted in. There are log(r) + 1 − 2 = log(r) − 1 such 0s. As such, for the
first log(r) − 1 right shifts, a perfect division (without a remainder) of the numerator
and denominator is performed as these 0s are shifted out. At the last right shift, the 1
shifted in at the second left shift is shifted out. Hence, an imperfect division (division of
an odd number by 2) of the numerator and denominator is performed.
All the perfect divisions represent a reduction of the fraction representing the ratio
of the numbers at the start of the right shifts’ segments of the two paths. Hence, if the
numbers at the start of the reduction are such that their ratio is not a power of 2, this
property will be retained at all successive reduction steps. This means that there is no
combination of a node a on the first path and node b on the second path, such that

a
b

is

a power of 2. As this is a necessary condition for the same link to be traversed on both
the paths in the right shifts’ segment, a conflict will never occur between the two paths
in the right shifts’ segment. Of course, this property may not be retained at the last
right shift, since imperfect division does not imply a correct reduction of the fraction.
But this is of no consequence, as no more shifts are performed after this point.
Hence, there will be no conflict in the right shift’s segment of any two paths. As it is
already demonstrated that there is no conflict possible in the left shifts’ segment of any
two paths (refer lemma 3.1), all conflicts between any two paths laid out by the LSF
method can be avoided with the above modification. Note that conflicts between the left
shifts’ segment of one path and the right shifts’ segment of another path need not be
investigated as the physical network is assumed to have bidirectional links.

As an illustration, we retrace the two paths 5 → 2 and 6 → 4 with the above
modification: (the second inserted bit is shown in bold)
5 → 2: 00101 → 01010 → 10101→ 01010 → 00101 → 00010
6 → 4: 00110 → 01100 → 11001→ 10010 → 01001 → 00100
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As can be seen, there is no common link between the two paths. Thus, the conflict
is avoided.
One can see that the path latency in the LSF method will go on increasing as the
r =

N
n

ratio goes on increasing. In other words, this method will not be very efficient

when relatively smaller decoders have to realized on large-sized physical networks. The
efficiency can be raised if the MSBguest which is to be modified is shifted out through
the LSB of the node number (called LSBhost ) - in other words, shifted out from the
right. This leads to another method of realization of the paths called the Right Shift
First (RSF) method, which is complementary to the LSF method, in that it begins with
right shifts and ends with left shifts.
As an example, if the path 3 → 2 of an n = 4-state decoder has to be realized on an
N = 64-node physical network, it can be done as follows:
3 → 2: 000011 → 000001 → 000000 → 000001 → 000010
The latency in this method, which is 4, is lesser than the latency of 9 that would be
incurred if the path had been laid out by the LSF method as shown below:
3 → 2: 000011 → 000110 → 001101 → 011010 → 110100 → 101000 → 010100 →
001010 → 000101 → 000010
In the path laid out by the RSF method above, note that the there is a redundant
link sequence - 000001 → 000000 → 000001. In other words, the MSBguest of the SNN
is the same as the MSBguest of the DNN, and ideally this bit should not be shifted out
and shifted in again. Upon closer observation, we see that there can be more than one
bit which is common between the SNN and DNN. For instance, consider the SNN-DNN
pairs 14 → 12 and 14 → 13 of a 16-state decoder. The first two bits of 14(1110) and
12(1100) are the same. In general, we observe that for an SNN having a run of a 1s
including the MSBguest , the DNNs have a run of (a − 1) 1s including the MSBguest .
This can also be explained in another manner: in an n-node de Bruijn graph, an SNN
i is connected to DNNs (2i)%n and (2i + 1)%n. Note that the RSF method is applied
only to SNNs

n
2

through (n − 1), where each SNN has an MSBguest of 1. Due to the

multiplication by 2 specified by the de Bruijn graph, this MSBguest is shifted out of the
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node number representation, reducing the length of the run of 1s from the MSBguest by
one.
Due to the presence of such a commonality between the SNN and DNN, we need to
shift out only the last (log(n) − (a − 1)) bits of the SNN and shift in the respective bits
of the DNN.
Now, we need to decide the number of shifts to be performed for each SNN-DNN
pair, and hence, we need to characterize the set of SNNs that have the same run-length
of 1s including the MSBguest . This can be done as follows.
Consider again the example of a 16-state decoder. The first range of SNNs with a
run-length of one 1 including the MSBguest exists from 8 to 11 (i.e

n
2

to 34 n − 1). The

second range of SNNs with a run-length of 2 exists from 12 to 13 (i.e. 34 n to 87 n − 1). In
general, the range m of SNNs, where each SNN has a run-length of m 1s including the
MSBguest exists from

(2m −1)n
2m

to

(2m+1 −1)n
2m+1

− 1, where m takes values from 1 to log(n).

Thus, there exist log(n) ranges for an n-state decoder.
For all paths in a range m, we perform (log(n) − (m − 1)) right shifts to remove the
last (log(n) − (m − 1)) bits of the SNN and then an equal number of left shifts to shift
in the last (log(n) − (m − 1)) bits of the DNN.
Note that the same data is to be routed to both the even and odd DNNs from a
given SNN. Hence, we route the path to the odd DNN along the even DNN path, except
at the last step, where we shift in a 0 on the even DNN path and a 1 on the odd DNN
path.
As an example, consider the realization of a 16-state decoder on a 256-node network.
The paths 14 → 12 and 14 → 13, which are associated with the SNN range 3, will be
laid out with the help of log(n) − (m − 1) = 4 − (3 − 1) = 2 right shifts and 2 left shifts
as follows:
14 → 12 : 00001110 → 00000111 → 00000011 → 00000110 → 00001100.
14 → 13 : 00001110 → 00000111 → 00000011 → 00000110 → 00001101.
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In this method, the path latency is different for different ranges of SNNs, but the
same for all paths originating from SNNs within a range. For all paths originating from
SNNs in a range m, the path latency is (2log(n) − 2(m − 1)). Hence, the maximum path
latency occurs for paths in range 1, and it is 2log(n).
In order to obtain the minimum possible dilation for a given realization, we decide
between the use of the LSF and RSF method by comparing the maximum path latencies.
In other words, if 2log(r) + 1 >= 2log(n), we use RSF to lay out all the paths, else we
use LSF to lay out all the paths.
In the RSF method too, conflicts can occur if the method shown above is applied
directly. Consider the paths 10→4 and 11→6 which are required in an n = 16-state
Viterbi decoder, realized on an N = 256-node physical network.
10→4: 00001010 → 00000101 → 00000010 → . . .
11→6: 00001011 → 00000101 → 00000010 → . . .
The conflict occurs as soon as the last bit that is different between the two SNNs
(shown underlined) is shifted out. To avoid such conflicts, the differentiating bits must
somehow be retained in the node number during the shifting process. Analogous to the
case with the LSF method, the bits which are inserted during the right shifts and shifted
out during the left shifts in the RSF method do not form part of the DNN, and hence
we can choose a particular sequence of these bits which leads to the elimination of such
conflicts.
Note that for two paths to be non-conflicting, the following needs to hold true - for
any link L occurring at step s on path 1, the same link should not occur on path 2 either
at step ’s’ or at any other step. To prove this, it is necessary to prove that a node pair
a → b occurring on path 1 in one direction of shifting does not occur on path 2 at any
step along the segment with the same direction of shifting. Although this is the general
condition, lemma 3.3 proves that in case of the RSF method, it is enough to prove that
no node pair a → b occurring on a path 1 at step s can occur at the same step on a path
2 (of course, in the same direction of shifting), in order to prove that path 1 and path 2
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are non-conflicting paths. This relaxation of proof conditions is used in the subsequent
lemmas, (3.4, 3.5 and 3.6). These lemmas describe one sequence of inserted bits which
can successfully eliminate all conflicts, alongwith the proof for its effectiveness.
Lemma 3.3. A node occurring at a step s on a path laid out by the RSF method can
′

never occur at a different step s 6= s on any other path laid out by the same method.
Proof. In the RSF method, for an SNN in a range m, log(n) − (m − 1) right shifts
followed by an equal number of left shifts are performed. The RSF method is applied
under the condition that 2log(r) + 1 >= 2log(n), which translates to log(r) >= log(n).
This means, that the number of right shifts or left shifts performed is always lesser than
or equal to log(r).
One of the ways to prove the exclusivity of node numbers occurring on any two
paths is to show the existence of a difference in a particular bit-field within the binary
representations of the node numbers on the two paths. This is the approach taken in
this proof and the subsequent proofs related to the RSF method.
We first introduce the modification needed in the RSF method in order to eliminate
all potential conflicts - during the right shifts, we propose to shift in the complement of
the even DNN corresponding to a given SNN, LSB first.
For example, the path 10→4 required in the realization of a 16-state decoder on a
256-node network will be realized with the above modification as follows:
10→4:
Even DNN = 0100
Even DNN complement = 1011

Path: 00001010 → 10000101 → 11000010 → 01100001 → 10110000 → 01100000
→ 11000001 → 10000010 → 00000100
Keeping this modification in mind, note that the first bit shifted in during the right
shifts (referred to as B henceforth) according to the modified RSF method is always 1,
because it is the complement of the LSB of the even DNN (which is a 0).

Chapter 3.

De Bruijn network-based architectures

67

The bit-field referred to in this proof is formed by the concatenation of B, the log(r)
leading 0s and the m 1s present in the binary representation of the node number at any
intermediate step in the RSF method. For instance, consider the realization of a 16-state
Viterbi decoder on a 256-node network. The bit-field referred to is shown in bold in the
following representation of an example node 10 (range 1) in binary form (shown after
the first right shift): 00001010 → 10000101.
Note that this bit-field moves within the binary representation of the node number
as the right shifts and left shifts are performed. Now, consider an intermediate node
′

number on another path and at a different step number s . In general, we can suppose
that there will be some partial overlap between the referred bit-fields in the two node
numbers. Consider the extent of the partial overlap, or more appropriately, the extent
of the offset between the locations of the two bit-fields. Since the number of right shifts
or left shifts is less than or equal to log(r) as proved earlier in the proof, there will
be a maximum offset of less than or equal to log(r) bits between the locations of the
above-mentioned bit-fields in the node numbers on the two paths. Since the length of
the referred bit-field is log(r) + 2 bits, such an offset will always cause one of the log(r)
leading 0s to be present in the node number on one of the paths, at the bit position
corresponding to either B or MSBguest of the other node number (note that B and
MSBguest are both 1). Due to this difference, we can say that a particular intermediate
node number occurring at step s on one path will never occur on another path at a
′

different location s .

Keeping lemma 3.3 in mind, it is enough to prove that an intermediate node number
occurring at a step s on one path will not occur on another path at the same step s,
in order to prove that two paths laid out by the RSF method are non-conflicting. This
property is made use of in lemma 3.4 and lemma 3.5.
Lemma 3.4. All potential conflicts between any two paths laid out by the RSF method
in a given range ’m’ are avoided if the complement of the even DNN (corresponding to
each SNN) is shifted in, MSB first, during the right shifts, for all paths.
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Proof. (refer figure 3.10 for an example).
Consider two paths whose SNNs are such that, the pth bit is the last bit that is different
(or complementary), counting from the LSB of the node number (LSBhost ). Let SNN1
have the binary representation alog(n) . . . a1 and SNN2 have the binary representation
blog(n) . . . b1 .
Let DNN1 have the binary representation clog(n) . . . c1 and DNN2 have the binary
representation dlog(n) . . . d1 (we do not specify whether the DNNs are even or odd since
that does not affect our proof). In accordance with left shift of the SNN defined by the
de Bruijn topology, the (p + 1)th bit (cp+1 and dp+1 ) will be the last bit that is different
(counting from LSBhost ), between the DNNs.
For the proof, we consider the right shifts’ segment and left shifts’ segment separately.
In both sections, we strive to demonstrate that an intermediate node number occurring
on one of the paths at a step l does not occur on the other path at the same step. This is
enough to prove that path 1 and path 2 are non-conflicting, keeping lemma 3.3 in mind.
Right shifts’ segment:
For the first (p − 1) right shifts, ap and bp are present in the node representations on the
two paths at each shift, thus making the intermediate nodes on the two paths different.
Hence, the two paths cannot conflict in this part. At the next right shift, ap and bp are
shifted out from LSBhost . In the worst case, when no other bits are different between
SNN1 and SNN2, the same node number will be reached on both paths. However, even
in this case, the same link will not be traversed as the bits shifted in at the next right
shift, c(p+1) and d(p+1) , are complements of each other. Also, these two bits remain part
of the node representations on the two paths all through the remaining right shifts (at
the last right shift, they are ((log(n) − (m − 1)) − (p + 1)) positions from MSBhost ), and
hence the two paths will continue to be distinct throughout the remaining right shifts.
Left shifts’ segment:
During the left shifts, for the first ((log(n) − (m − 1)) − (p + 1)) left shifts, c(p+1) and
d(p+1) remain part of the node representations and hence, the two paths continue to be
distinct. At the next shift, these bits will be shifted out from MSBhost , but ap and bp are
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shifted in from LSBhost , which remain part of the node representation for all remaining
left shifts. Hence, the node numbers will continue to be different for all the left shifts
too.
For instance, the conflict in the RSF method indicated above is removed by using
the above modification as follows:
10→4: Even DNN = 0100 Even DNN complement = 1011 Path: 00001010 →
10000101 → 11000010 → 01100001 → 10110000 → 01100000 → 11000001 → 10000010
→ 00000100
11→6: Even DNN = 0110 Even DNN complement = 1001
Path: 00001011 → 10000101 → 01000010 → 00100001 → 10010000 → 00100000
→ 01000001 → 10000011 → 00000110
Lemma 3.5. There can be no conflict between two paths belonging to different ranges,
when laid out by the RSF method. .
Proof. (Refer the example given after this lemma.)
We can assume that m1 < m2, since the proof will recursively hold to cover all the
ranges. Let the path in range 1 be denoted by path 1 and the path in range 2 be denoted
by path 2. Again, as in the previous lemma, we aim to prove that a node number
occurring at a step s on one of the paths will not occur at the same step on the other
path. This is enough to prove that the two paths are non-conflicting, keeping lemma 3.3
in mind.
In the right shifts’ segment, the node representation at any intermediate step s on
path 2 has a substring containing log(r) zeroes followed by m2 1s, whereas the same
substring in the node representation at the same step s on path 2, (’same’ here indicates
the substring occupying the same bit positions), contains log(r) zeroes followed by m1
1s followed by (m2 − m1) 0s.
In all the left shifts, the node representation at any intermediate step s on path 2
has a substring containing log(r) zeroes followed by (m2 − 1) 1s, whereas the same field
in the node representation at the same intermediate step s on path 1 has a substring
containing log(r) zeroes followed by (m1 − 1) 1s and (m2 − m1) 0s.
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It follows from the observations made above that as long as m1 6= m2, a node number
occurring in left shift (right shift) section of path1 at a step s will not occur at the same
step in the left shift (right shift) section of path2. The case of the same link occurring
in the left shift section of path 1 and the right shift section of path 2, or vice versa need
not be considered, since the physical network is assumed to have bidirectional links.
This can be illustrated by the following example: consider the realization of the
paths 10→4 and 13→10 (belonging to ranges 1 and 2 respectively) of a 16-state decoder
realized on a 256-node physical network. The bit-fields referred to in the above lemma
are shown in bold face in the paths traced out below.
10→4: Even DNN = 0100 Even DNN complement = 1011 Path: 00001010 →
10000101 → 11000010 → 01100001 → 10110000 → 01100000 → 11000001 → 10000010
→ 00000100
13→10: Even DNN = 1010 Even DNN complement = 0101 Path: 00001101 →
10000110 → 01000011 → 10100001 → 01000010 → 10000101 → 00001010
It is seen that there is no link common to both the paths.
The following lemma formally ties up the above two lemmas.
Lemma 3.6. There can be no conflict between any two paths laid out by the modified
RSF method.
Proof. A potential conflict can be of two types: a conflict between two paths in the
same range m or a conflict between two paths in two different ranges m1 and m2. Hence,
the proof follows from lemma 3.4 and 3.5.
The next two lemmas prove that neither the LSF method nor the RSF method causes
any conflict with any of the paths originating from SNNs 0 through ( n2 − 1).
Lemma 3.7. There can be no conflict between a path laid out by the LSF method
and any of the direct paths.
Proof. One of the nodes on each link of the direct connections is always less than n2 .
Also, the direct links perform a left shift of the node number. Hence, for a conflict to
occur, an intermediate node number less than

n
2

should occur in the left shifts’ segment

of a path laid out by LSF. However, in the LSF method, the left shifts’ segment starts
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and the node number is multiplied by 2 with

each successive left shift. Hence, in this segment, there can be no conflict with the direct
connections.
Lemma 3.8. There can be no conflict between a path laid out by the RSF method
and any of the direct paths.
Proof. In the RSF method, for the first (log(n) − (m − 1)) steps, we perform right
shifts. Due to the assumption of bidirectional physical links, there cannot be a conflict
in this section. Note that the first bit to be shifted in during the right shifts is always
a 1 as explained earlier in lemma 3.3. At the end of the right shifts, this 1 is located
at the position log(N) − (log(n) − (m − 1) − 1) = (log(r) + m). As shown in lemma
3.3, in the cases where the RSF method is applied, the condition log(r) ≥ log(n) holds
true. As such, we can also say that (log(r) + m) ≥ (log(n) + 1). Note that the MSBguest
corresponds to the bit position log(n) − 1. Hence, the 1 that is shifted in at the first
left shift is always located to the left of the MSBguest , at the end of the right shifts.
This means the node number at the end of the right shifts will always be greater than or
equal to n2 . Now, at each left shift, this node number is multiplied by 2, with or without
the addition of a 1. Hence, the intermediate node numbers in the left shift section will
always be greater than n2 . Hence, there can be no conflict by the same argument as that
given in lemma 3.7.
The last lemma formally ties up all the above lemmas in order to prove that the
presented methods alongwith the associated modifications eliminate all possible conflicts.
(in other words, they ensure a congestion of 1).
Theorem 3.9. There is no conflict between any of the paths laid out by the proposed
realization technique.
Proof. Any potential conflict can be classified into one of the following types:
1. a conflict between two paths laid out by the LSF method
2. a conflict between two paths laid out by the RSF method
3. a conflict between a path laid out by the LSF method and a direct connection.
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Figure 3.9: Realization of a 4-state decoder on an 8-node de Bruijn network (LSF
method)
4. a conflict between a path laid out by the RSF method and a direct connection.
Hence, the proof follows from lemmas 3.2, 3.6, 3.7 and 3.8.
The LSF method is illustrated in figure 3.9 while the RSF method is illustrated in
figure 3.10.
In terms of hardware, each of the switching elements shown in figure 1 is controlled
by settings stored in a memory. The contents of the memory are calculated offline in
accordance with the technique described above and addressed by the input indicating
the current constraint length. Note that changing the constraint length takes only one
clock cycle.
The average number of cycles per decoded bit indicates the throughput that can
be expected from the architecture. In this method, the average number of cycles per
decoded bit is different for different constraint lengths. We can assume that the ACS
operation is performed in one clock cycle. Now, when the LSF method is used, the
average number of cycles per decoded bit will be 2log(r) + 1, and when the RSF method
is used, this number will be 2log(n). Hence, if N is a perfect square, the maximum value
of the average number of cycles per decoded bit (= log(N)) will occur for the decoder
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Figure 3.10: Realization of a 4-state decoder on a 16-node de Bruijn network (RSF
method)
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log(N )
.
2

If N is not a perfect square, the
p
maximum latency (= log(N)) will be incurred by the decoder with n = (2 ∗ N) states,

when log(n) =

(log(N )+1)
.
2

In order to obtain increased throughput, one might think of the possibility of pipelining the transport of metrics through the physical links. This would allow metrics to be
inserted into the network every clock cycle, which would eliminate the need for stalling
the ACS units in between successive stages. However, two properties of the architecture
make this possibility infeasible. Firstly, the lengths of different paths realized by the RSF
method are different. For ensuring correct functionality alongwith pipelining, buffer registers are required on all the paths, in order to equalize all the path lengths. Moreover,
additional logic is needed to read off data from the appropriate buffer register according
to different constraint lengths. This, combined with the fact that the bitwidths of the
physical links are relatively large in keeping with the register transfer method (64 bits
for a constraint length 9 decoder), makes the support for pipelining disproportionately
costly in terms of area and also power.
The implementation results of this and all succeeding architectures are plotted in
figures 5.1 and 5.2 of chapter 5.
Viewed in an embedding-theoretic way, the described technique proves the result that
there is at least one way to embed smaller de Bruijn graphs on a large de Bruijn graph
with bidirectional links, incurring a maximum latency of log(N) while also eliminating
any congestion.

3.4

Variable state-to-node assignment-based approach

The usefulness of the embedding theoretic result derived above towards Viterbi decoding
is limited by the fact that the technique does not provide a way to execute multiple
decoders on the network in the case of smaller constraint lengths. The various switch
settings or configuration bits also require storage which leads to disproportionate silicon
area consumption as detailed in chapter 5. These observations suggest the need to search
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for a more efficient scheme for realization of Viterbi decoders on a de Bruijn network.
It is possible to recast the embedding problem as one of embedding multiple smaller
de Bruijn graphs onto a larger de Bruijn graph and search for mathematical manipulations similar to the ones presented in the above discussion to minimize the dilation and
congestion. However, the embedding approach in general has one potential disadvantage
- the static mapping of the decoder states onto the nodes. A straightforward mapping
of state i onto node i was assumed in the previous section in order set up a definite
environment for mathematical analysis. It is quite obvious that the method of mapping of the states onto the nodes will have a great effect on the quality of the mapping
in general. Moreover, from a hardware perspective, it is not even necessary to have a
static mapping of decoder states onto the physical nodes. Intuitively, allowing the same
state to be mapped to different nodes at different time instants can potentially lead to
a more efficient way of realizing Viterbi decoders on the network. This suggests that it
is necessary to move away from embedding-based approaches and explore other kinds of
schemes which also utilize the available freedom of assigning the same state computation
to different nodes at different time instants. In what follows, one such improved scheme
is described.
An example of this scheme for a 4-state decoder implemented on an 8-node network
is shown in figure 3.11.
As shown, the scheme starts with a scheduling where state i is mapped to node

N
n

∗ i,

where n is the number of states. From this point, the results are just sent along the
existing links at each stage, and subsequent states are scheduled depending on where
the appropriate metrics are available. After log(n) stages, the metrics are all located in
the top n nodes. From here, it is not possible to bring any two metrics to a common
node for the next stage of ACS operations by only following the existing links. Hence, a
certain number of metric rearrangement stages are performed, in which the path metrics
are transported along specific links to bring them back to the initial position, from where
the entire scheme repeats. These specific links can be identified by considering the node
where each metric is located after log(n) operations and the node where the metric needs
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Figure 3.11: State scheduling scheme for a 4-state decoder realized on an 8-node de
Bruijn. The nodes represent ACS units. The links along which path metrics are transferred are shown as normal arrows, while the unused links are shown as dotted arrows.
to reach in order for the scheme to begin again.
Consider, for example, the metric at the third node (node number 2) at the penultimate stage in figure 3.11, which contains the updated metric of state 2. This metric
needs to be routed to node 4 for the scheme to begin again. We can get from node
number 2 to node number 4 by performing one left shift. In general, we observe that the
metric at any node i can be transferred back to the starting point by performing log(r)
left circular shifts where r =

N
n

as before.

In terms of the network, the data is transferred over the links which connect node
i to (2i)%(N). Note however, that the same node number transformation can also
be performed by right circular shifts. More precisely, the transformation achieved by
performing log(r) left circular shifts can also be achieved by performing log(n) right
circular shifts, since log(n) + log(r) = log(N). The particular kind of shift chosen for a
given constraint length can be decided based on which of these two values is lesser, in
order to minimize the number of metric rearrangement stages. The right circular shifts
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N. Additional logic is however needed

to perform the appropriate transfer of metrics after the log(N) operations.
In this method, different metrics may be transferred over the same physical link
during the metric rearrangement stages (note that this does not happen during the ACS
computation stages). However, there will never be a case when the two metrics have to
be transported over the same physical link in the same clock cycle. This is ensured due
to the use of circular shifts during the metric rearrangement stages. As such, no extra
logic is necessary in order to contain any congestion of the physical links. Hence, no
effort is made to transfer only one data item through each physical link, as was done in
the embedding approach in 3.3.
This architecture is not entirely time-efficient in the sense that the ACS units are not
active during the metric rearrangement stages. However, the number of cycles for which
the ACS units have to be stalled is restricted to (min(log(n), log(r)) + 1) (for instance, in
figure 3.11, there are min(log(r), log(n)) + 1 = 1 + 1 = 2 metric rearrangement stages).
The average number of cycles per stage can be calculated as the number of cycles needed
for one iteration of the scheme divided by the number of stages in one iteration of the
scheme, which is

log(n)+min[log(n),log(r)]+1
.
log(n)

The maximum value of this expression occurs

for the minimum constraint length to be supported. This can be intuitively explained
as follows - for larger constraint lengths, the penalty for the metric rearrangement is
spread over a larger number of ACS operation stages, since log(n) is relatively large.
If we consider the minimum constraint length to be supported as 3, which corresponds
to a 4-state decoder, then the maximum average number of cycles per stage is limited
to

(log(4)+log(4)+1)
log(4)

= 2.5 (assuming that log(n) < log(r) for n = 4, which would be the

case when the constraint lengths specified in modern standards are to be supported).
It is important to note that this is constant irrespective of the size of the decoder ie.
irrespective of the maximum constraint length to be supported. Thus, the performance
of this architecture scales well with decoder size. Another important point to be noted
is that the scheme just described requires the links to have only half-duplex capacity
(since data may be transferred in one of two directions over a physical link but never
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simultaneously in both directions), whereas the embedding-based technique described in
section 3.3 requires the links to be bidirectional. Hence, this architecture is expected to
be relatively more area-efficient.
For implementation purposes, an expression for calculating the state which is scheduled on a node in a given clock cycle is required. This expression can be found as
follows:
The clock cycle numbering is begun from the last intermediate metric rearrangement
stage (the leftmost stage in figure 3.11). Thus this stage corresponds to clock cycle
number 0 and the ACS operation stages are cycle numbers 1 and 2. Now, from figure
3.11, we can see that it is possible to group the states of the decoder into sets which are
mapped onto consecutive nodes. For instance, in cycle 0, there are 4 sets of states, each
containing 1 state. In cycle 2, there are 2 sets, each containing 2 states and so on. In
general, the number of states in each of the sets in cycle number s is 2s . The gap (in
terms of number of nodes between the starting points) between two successive sets is 2
in cycle number 0 (=

N
n

in general) , 4 in cycle number 1 (= 2 ∗ Nn in general) and so on.

If the stage number is s, this gap can be expressed by (2s ∗

N
).
n

s in the equation goes

from 0 to log(n).
The aim here is to obtain an expression for the node on which a particular state
is scheduled in a particular clock cycle. In cycle number s, each set contains 2s states
which are scheduled consecutively. This is expressed by having i%2s as one term in the
expression, where i is the state whose mapping is to be found. Another additive term
is needed in order to express the gap between the sets. Note that this gap should be
applied to states which are separated by 2s , as can be seen from figure 3.11. Hence, this
additive term takes the form - 2s ∗

N
n

∗ quotient( 2is ). Hence, the overall expression can

be presented as follows:
In stage s, decoder state i is mapped to physical node z where - z = 2s ∗ Nn ∗quotient( 2is )
+ i%2s .
The significant advantage in this scheme over the embedding-theoretic scheme is that
it is possible to easily extend this scheme to support the execution of several smaller
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Figure 3.12: Two 4 -state decoders parallelized on the 8-node network. The nodes
present ACS units. The links along which path metrics are transferred are shown as
normal arrows, while the unused links are shown as dotted arrows.
trellises in parallel on the physical network. In particular, Nn trellises can be executed in
parallel on the network as shown in figure 3.12. (For instance, four trellises of an
n = 64-state decoder can be supported on an N = 256-node architecture). In
this case, state i of trellis j is initially mapped to node

N
n

∗ i + j. Otherwise, the scheme

is similar to the one-trellis case. To provide data for the parallel trellises, any of the
methods discussed in the previous chapter can be used.
In this case too, during the metric rearrangement cycles, the metric at node i is
transferred to the initial point through log(r) left circular shifts, or an equivalent number
of right circular shifts. For the parallel trellises case, the expression for finding the state
scheduled at a node is found to be as follows: At node z, during stage s, the scheduled
state is given by - (z%2s+1 )+2s+1 ∗quotient( 2s+1z ∗ N ). This expression is based on analysis
n

similar to that presented for the unparallelized case.
There is also one more advantage of this architecture with respect to the embeddingtheory-based architecture, in addition to the ability to exploit parallelism. The physical
links required in the embedding theoretic scheme need to be bidirectional or full-duplex,
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since data may be transported in both directions over a physical link simultaneously. On
the other hand, in the scheme described in this section, data is always transported in
one of two directions over a physical link in any given clock cycle. This can be observed
from the fact that the data movement in this scheme in any given clock cycle can be
represented either as left shifts or as right shifts - it is never required to represent the
data movement as a combination of left and right shifts. As a result of this difference, the
silicon area consumption of this architecture can be expected to be considerably lesser
than that of the embedding theory-based architecture. As seen in chapter 5, due to these
two advantages over the embedding theory-based architecture, the variable state-to-node
assignment-based architecture turns out to be much more area-efficient than the former.
This scheme is the main contribution of this thesis. The implementation results and
inferences are provided in figures 5.1 and 5.2 of chapter 5.

Chapter 4
Alternative architectures
In the last chapter, two flexible constraint length Viterbi decoder architectures based on
the de Bruijn interconnection network were described. In this chapter, three more architectures based on the shuffle-exchange, flattened butterfly and 2-D mesh respectively
are described. The shuffle-exchange and flattened butterfly networks belong to the same
family of networks as the de Bruijn network. However, they provide a different tradeoff
between area occupation and throughput, and hence, a comparison between the relative
area-efficiencies of these networks is of interest. The 2-D mesh is a popular interconnection network, which topology-wise, occupies relatively lesser area compared to the de
Bruijn, shuffle-exchange and flattened butterfly networks. As such, it is also of interest
to compare the area-efficiencies of a mesh-based Viterbi decoder architecture with the
other architectures.

4.1

Implementation on a shuffle exchange network

An N-node shuffle exchange graph has edges defined as follows ([50]):
There is an edge between node i and j if:
• j is a single left or a right circular shift of i. (This edge is called a shuffle edge.)
• j and i are different only in the LSB. (This edge is called an exchange edge.)
81
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Figure 4.1 shows a physical realization of an 8-node shuffle exchange graph, where
the edges are shown to be bidirectional links (allowing transfer of data in both directions
simultaneously).
2

0

3

1

6

4

7

5

Figure 4.1: 8-node shuffle exchange network. The links are bidirectional.
Note that all the links in a de Bruijn network can be described as shuffle links whereas
the shuffle-exchange network has a mix of shuffle and exchange links. As exchange
links connect consecutively numbered nodes, while shuffle links connect nodes which are
relatively farther away in terms of their numbers, we can say that the shuffle-exchange
network contains more near-neighbour communication than the de Bruijn network. As
such, the shuffle exchange network is expected to occupy relatively less silicon area,
compared to the de Bruijn network. [40] shows that an N-node de Bruijn graph can be
embedded in an N-node shuffle exchange network with a dilation of 2 and a congestion
of 1. This is shown for an 8-node case in figure 4.2. The path from each SNN to one of
the DNNs is laid along a shuffle link, whereas the path to the other DNN is laid along
a shuffle link followed by an exchange link. The connectivity pattern for SNNs in the
first half (0 to

N
2

− 1) is different from the connectivity pattern for SNNs in the latter

half. For SNNs in the first half, the path to the even DNN is laid out using a shuffle
link, whereas the path to the odd DNN is laid out using a shuffle link followed by an
exchange link. As an example, the path 1 → 2 is realized in one hop directly (1 → 2),
while the path 1 → 3 is routed as: 1 → 2 → 3. For the latter half of the SNNs, the path
to the odd DNN is laid out using a shuffle link, while the path to the even DNN is laid
out using a shuffle link followed by an exchange link. As an example, the path 5 → 3 is
available directly, whereas the path 5 → 2 is realized as 5 → 3 → 2.

Chapter 4.

Alternative architectures

2

0

0

0

1

1

2

2

3

3

4

4

5

5

6

6

7

7

3

1

6

4

83

7

5

Figure 4.2: 8-node de Bruijn network realized on the 8-node shuffle exchange network.
The links are shown with appropriate directions. An alternative representation which is
similar to the representation of the de Bruijn network is shown on the right hand side.
The realization of the de Bruijn network on the shuffle-exchange network is represented in a different manner on the right hand side of figure 4.2. This is more similar
to the representation of the de Bruijn network in figure 3.7 in chapter 3, and is more
suitable for the depiction of the realization of the Viterbi decoder on the network.
As shown in figure 4.2, all the links of an N-node shuffle exchange network do not need
to be bidirectional in order to realize an N-node de Bruijn network. More precisely, only
the exchange links need to be bidirectional, whereas the shuffle links are unidirectional.
With the directivity of the links defined as in figure 4.2, it is possible to reuse the
scheme described for the de Bruijn network in section 3.4 of chapter 3, with only some restructuring of the switching logic. Figure 4.3 shows the variable state-to-node assignment
scheme executed on a shuffle-exchange network, for an 8-state decoder.
As mentioned before, one of the two paths originating from each SNN has a latency
of 2 clock cycles. Hence, each of the log(n) ACS operation stages requires 2 clock cycles.
In the metric rearrangement stages, all the stages except the last metric rearrangement
stage require data to be routed only along the shuffle links. As these links are directly
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Figure 4.3: Variable state-to-node assignment scheme executed on a shuffle-exchange
network. 2 4-state decoders are shown parallelized on an 8-node network
available in the physical networks, these stages require only one clock cycle each. However, in the last metric rearrangement stage, data is required to be transferred along
the communication pattern described by the de Bruijn graph. Hence, the last metric
rearrangement stage requires two clock cycles.
Now, the average number of cycles needed per stage can be calculated as - (no. of
cycles needed for log(n) ACS stages + no. of cycles needed for metric rearrangement
stages)/(log(n)). This is equivalent to -

2∗log(n)+(min[log(n),log(r)]+1)+1
.
log(n)

The expression for

calculating the state to be scheduled on a particular node remains the same as in case
of the de Bruijn implementation.
As in the case of the de Bruijn-based architecture, the maximum value of the average
number of cycles per stage is obtained for the smallest constraint length to be supported.
If we assume the smallest constraint length to be supported to be 3 (4-state decoder), then
the maximum value of the average number of cycles per stage is -

2∗log(4)+log(4)+1+1
log(4)

=4

(assuming that log(n) < log(r) at n = 4, which would be the case when the constraint
lengths specified in modern standards are to be supported). This is again constant with
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respect to the decoder size. Hence it can be said that even this architecture scales
relatively well with decoder size, performance-wise.
Compared to the de Bruijn network-based architecture executing the same scheme,
(presented in section 3.4), the shuffle-exchange network-based architecture has a higher
value of the average number of clock cycles per stage. This means, that the shuffleexchange network-based architecture will not provide as much throughput as the de
Bruijn network-based architecture. However, it is expected to occupy lesser silicon area
than the de Bruijn network, as explained earlier, although this area reduction will be
slightly offset by the fact that the exchange links in the shuffle-exchange network-based
architecture are required to be bidirectional or full-duplex. As such, it is interesting to
see if the area reduction of the shuffle-exchange network-based implementation achieved
with respect to the de Bruijn network-based implementation is greater or lesser than
the reduction in the average performance. The comparison is detailed in chapter 5.

4.2

Implementation on a flattened butterfly network

The butterfly graph is another graph closely related to the de Bruijn and shuffle exchange
graphs. [50] contains detailed material on the properties of the graph. The definition
of the butterfly graph is reproduced here from [50] in order to aid comprehension. The
r-dimensional butterfly has (r + 1) ∗ 2r nodes and r ∗ 2r+1 edges. The nodes correspond
to pairs w, i, where i is the level or dimension of the node (0 6 i 6 r) and w is an r-bit
binary number that denotes the row of the node. Two nodes w, i and w‘ , i‘ are linked by
an edge if and only if i‘ = i + 1 and either:
• w and w‘ are identical
• w and w‘ differ in precisely the ith bit.
An 3-dimensional butterfly (with (3 + 1) ∗ 23 = 32) nodes is shown in figure 4.4.
In order to execute the Viterbi algorithm on this network, the nodes are replaced
with ACS units and the edges are replaced with bidirectional links. Now, it is necessary
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Figure 4.4: A 3-dimensional butterfly. Level i straight edges link nodes in the same row
for 0 6 i 6 r. Level i cross edges link nodes in rows that differ in the ith bit (here the
numbering of the bit positions starts from the MSB of the node number).
to find a state-scheduling scheme which extracts the highest possible efficiency out of
this architecture. It turns out that a scheme already proposed in prior literature is able
to fit this requirement.
This scheme is proposed in [39]. It basically associates the communication pattern
required for a Viterbi decoder of N states, with the communication pattern required for
a bitonic sort of N items. The communication pattern for a bitonic sort of N = 8 items
is provided in figure 4.5 as an example.
For adapting this communication pattern to Viterbi decoders, a modification is done
to the normal operation of the ACS units. Specifically, each ACS unit retains a copy of
its result with itself, while also sending the result out of the node at every stage.
Refer figure 4.6, where the state scheduling scheme for executing a 8-state Viterbi
decoder on a 16-item bitonic sorting network is shown.
To explain the operation, we trace one set of ACS operations across stages. The ACS
computations of states 0 and 8 of the decoder are scheduled on nodes 0 and 8 in stage 0.
After computing the results, each node retains a copy of the result as well as exchanges
it result with the other node. Thus, after the completion of stage 0, both nodes 0 and
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Figure 4.5: The communication pattern needed for the bitonic sort of 8 items. Each
link represents a comparator and connects the two data items which are compared and
sorted by the comparator at a given time instant. Each comparator sorts its two inputs
in ascending order, putting out the lower valued input on the upper output line and the
upper valued input on the lower output line.
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Figure 4.6: An 8-state Viterbi decoder implemented with the communication pattern
akin to an 8-item bitonic sorting network. The double-arrows links represent the exchange of results between two ACS units. The numbers beside the double-arrows indicate the states whose ACS operations are scheduled on the respective nodes in a given
stage.
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Figure 4.7: 8-node decoder realized on the 8-node butterfly network. The figure on the
right shows the equivalent flattened butterfly network. The state assignment scheme
repeats every log(n) cycles; in this case it repeats every log(8)=3 cycles.
8 contain the results (updated metrics and decision sequences) of states 0 and 8. Now,
according to the connection pattern defined by figure 2.3 in chapter 2, these results are
needed for the ACS computations of states 0 and 1 of the next stage (stage 1). Hence, in
the next stage, the ACS computations of states 0 and 1 are scheduled on nodes 0 and 8
respectively. This process repeats for all other state-pairs of the decoder, in each stage.
After log(n) stages, the state-to-node assignment goes back to the normal binary order
at the start of the scheme, and thus, the entire scheme gets repeated again and again.
Stage i gets executed in clock cycle i%(log(n)).
The reason for the use of this scheme is the fact that an (log(N))-butterfly network
directly fits the communication pattern for a bitonic sort of N items. This is shown in
4.7 for the 8-state decoder case.
Hence, by using the technique of [39] alongwith this network, we can obtain the
completely time-efficient version of the flexible constraint length Viterbi decoder, on
which the average number of cycles per stage is 1 irrespective of the constraint length
or decoder size (assuming of course, that successive received symbols are transported to
the appropriate level of ACS units as and when required). The scheme is shown for an
8-state decoder realized on an 8-node butterfly network in the left hand side of figure
4.7. The number inside each node shows the state whose ACS computation is scheduled
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on that node in a particular clock cycle. Initially, state i of the decoder is scheduled on
node i of the network. The state to be scheduled on a node in subsequent clock cycles
can be obtained by performing a left circular shift of the state number scheduled on that
node in the previous cycle.
If the ACS units are duplicated to form the levels of the butterfly network, then additional parallelism needs to be exploited to keep all the ACS units busy. This parallelism
could be achieved by using any of the techniques described in section 2.5.4. However, one
can see that this network has a considerably higher degree compared to the de Bruijn and
shuffle-exchange networks (a 256-node butterfly network will have a degree of 8, whereas
the 256-node de Bruijn and shuffle-exchange networks will have a degree of only 4). As
such, this network is considerably more complex when compared to the de Bruijn and
shuffle-exchange networks and is expected to occupy a relatively large silicon area. This
limits the scalability of the network. In order to enhance the scalability, we constrain the
capabilities of the network by placing only one node for each row of the butterfly. This
leads to a different network called the 2-ary 4-flat flattened butterfly, described in [21].
This transformation is also shown in figure 4.7. In this architecture, each of the log(n)
stages of the scheme described above is executed using the same processing nodes in
successive cycles. Level i links are used for exchange of results in cycle i%N. Additional
logic is incorporated into the processing units in order to implement the required routing.
Since an N-node butterfly network contains

N
n

instances of any smaller n-node but-

terfly network, this architecture is also easily parallelizable as shown in figure 4.8. In
this case, the scheme is repeated after only log(4) = 2 stages and level 2 links are not
used at all. Additional logic is incorporated into the processing units in order to support
the dynamic variation of constraint length.
Note that the butterfly topology is inherently more interconnection-intensive compared to the de Bruijn and shuffle-exchange topologies. Also, as mentioned earlier, the
links in the flattened butterfly are required to be bidirectional or full-duplex in order
to be able to execute each stage of the described scheme in 1 cycle. Hence, this architecture is expected to occupy considerably more area with respect to the de Bruijn and
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Figure 4.8: Two 4-state decoders realized on the 8-node flattened butterfly network. The
active links in each cycle are shown in bold.
shuffle-exchange network-based architectures. However, as can be seen from the values
of the average number of cycles per decoding stage, this architecture potentially provides
much higher throughputs compared to the de Bruijn and shuffle-exchange network-based
architectures. As such, it is interesting to compare the increase in area of the flattened
butterfly architecture over the de Bruijn and shuffle exchange architectures with the
increase in average performance. Chapter 5 details the comparison.

4.3

Implementation on a mesh network

It is interesting to see how the architectures described earlier compare with architectures
based on small wire-area interconnection topologies in terms of area efficiency. For
this purpose, we choose to compare these architectures with a flexible constraint length
Viterbi decoder implemented on a two-dimensional mesh network. The 2D-mesh network
is a widely used interconnection network which is known to be compact, since the links
provide only local neighbour communication, similar to the exchange links in the shuffleexchange network (see section 4.1).
The 2D-mesh is different from the other networks considered in this thesis, in that
there is no fixed rule for numbering the nodes in the network. Hence, in the most
general sense, it is necessary to search the entire search space of node numberings and
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Figure 4.9: (a)16-node mesh network, numbered in row major order. (b)The trellis
communication pattern drawn considering the location of the metrics - it resembles a
16-node bitonic sorting network. (c)-(f) The communication between the nodes in each
of the log(n) = log(16) = 4 stages.
corresponding routing strategies in order to identify the optimal scheme for executing the
convolutional/Viterbi decoder on the mesh. Obtaining a scalable method, which works
for arbitrary decoder sizes becomes difficult in that case, since the results of the search
would, in general, be different for different decoder sizes. As such, we use a method
proposed in [39], for Viterbi decoder implementation on a mesh, which is scalable, while
still being reasonably efficient in terms of performance.
This method/scheme is just the bitonic sorting-based scheme described in 4.2, executed on the 2D-mesh. The scheme is illustrated in figure 4.9, for a 16-state decoder. The
bitonic-sorting-based scheme is explained earlier in section 4.2. A brief recapitulation is
given below.
Analogous to the normal binary numbering of nodes at cycle 0 in figure 4.7, in this
architecture, the scheme starts with a row-major numbering of all the nodes. This
numbering indicates the location of the path metrics of the 16 states at cycle 0. With
reference to figure 2.3 of section 2.5 in chapter 3, the basic communication pattern in
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the execution of the Viterbi algorithm can be seen as a butterfly, with two producer
nodes sourcing data to two consumer nodes. Now, according to the technique described
in [39], in each stage of the trellis computation, the two nodes corresponding to the
two producer states within every butterfly exchange the results of their respective ACS
operations. Each node also retains a copy of the result of the current ACS operation
within itself. The data required for the two consumer states are available at both the
nodes, and thus in the next stage, the two consumer states are scheduled on these two
nodes.
For example, consider the nodes 0 and 8 of the original mesh (sub-figure (a) of figure
4.9). In cycle (c) shown in figure 4.9, node 0 performs the ACS operation for state 0
of the decoder while node 8 performs the ACS operation for state 8 of the decoder.
Subsequently, each of these nodes retains a copy of its current result and also exchanges
it with the result produced by the other node, as shown by the communication pattern
in subfigure (c) of figure 4.9. Hence, at the end of first stage, each of the nodes 0 and
8 contains the updated metrics for states 0 and 8 of the decoder. Now, for a 16-state
decoder, the updated metrics corresponding to states 0 and 8 are needed for the ACS
operations of states 0 and 1 of the next stage. Thus, in subfigure (d) of figure 4.9, state
0 is scheduled for computation on node 0 and state 1 is scheduled for computation on
node 1 (this assignment could also be reversed without losing correctness). Other state
assignments are also done in a similar manner.
The communication pattern among the nodes resulting from this scheme is similar
in general to that of an N-item bitonic sorting algorithm, where N is the number of
nodes in the network, or equivalently the number of states in the decoder. The entire
routing scheme repeats after log(N) stages. As mentioned in section 4.2, the state to be
scheduled in a particular clock cycle on a node is obtained by performing a left circular
shift of the state scheduled on that node in the previous clock cycle.
Since the mesh interconnection topology does not directly fit the bitonic sorting
communication pattern, some of the stages require multiple clock cycles for the rearrangement of data. As shown in figure 4.9, the required communication pattern maps
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Figure 4.10: Placement of 4 4-state decoders on a 16-node mesh network.
to row or column permutations of the data within the mesh network. For a mesh implementation with m rows and n columns, there are log(m) row permutations followed
by log(n) column permutations in each iteration of the state scheduling scheme. In
addition, row permutation i requires 2(log(m)−1−i) cycles, while column permutation i required 2(log(n)−1−i) cycles (assuming the numbering of the row and column permutations
to start from 0). Hence, the total number of cycles needed to complete one iteration
P(log(m)−1) (log(m)−1−i) P(log(n)−1) (log(n)−1−i)
of the state scheduling scheme is i=0
2
+ i=0
2
. Since
log(m) + log(n) = log(m × n) = log(N) stages of the Viterbi decoder are computed
in each iteration of the scheme, the average number of clock cycles per stage of this
architecture is given as -

P(log(m)−1)
i=0

P(log(n)−1) (log(n)−1−i)
2(log(m)−1−i) + i=0
2
.
log(N )

Note that an n-state decoder needs a mesh of

√

n×

√

n nodes for its execution.

Now, the N-node mesh network is trivially decomposable into Nn smaller meshes, each
√
√
of size n × n. Hence, by incorporating additional control, Nn instances of smaller
n-state decoders can be realized in parallel on this network. This fact can be used to
extend the above architecture to support multiple constraint lengths as well as to support
parallelism for smaller constraint length decoders. For instance, figure 4.10 shows how
4 4-state decoders can be placed on the 16-node mesh network. Note that this scheme
requires the links to be full-duplex.
In this architecture, the physical links are required to be bidirectional or full-duplex
in order to support the described scheme. This fact offsets to some extent, the expected
area reduction of this topology with respect to the topologies discussed earlier. Also, as
can be seen from the expression for the average number of cycles per decoding stage, the
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expected throughput from the mesh-based architecture is lesser than the throughputs
expected from the other architectures. As such, it is again interesting to compare the
potential area reduction obtained by the use of this architecture with the reduction in
throughput. The implementation results of this architecture are presented in chapter 5.

Chapter 5
Comparison of the presented
architectures
5.1

Synthesis results and inferences

The architectures of chapters 3 and 4 were described in Bluespec System Verilog (BSV)
(www.bluespec.com), which is a high level hardware description language, and verified
for their functionality. It is possible to obtain the Verilog descriptions of the architectures
automatically from the BSV descriptions. These descriptions were then synthesized using
Synopsys’ Design Vision using 90nm Faraday libraries, for a maximum constraint length
of 9, which corresponds to a physical network with 256 nodes. The maximum possible
operating frequency was determined and the corresponding throughputs, silicon area
consumption and power consumption were noted. The results are plotted as a graph
in figure 5.1. The power consumption figures provided by Synposys Design Vision are
known to be approximate since the actual activity factors are not taken into account,
but they provide an indication of the expected power consumption and thus, the relative
suitability of the discussed architectures in terms of this metric.
The hardware needed to supply the parallel decoders with data has not been taken
into account in these realizations, since it is common to all the architectures and thus,
does not affect the comparisons. Also, it is expected to be considerably lesser than the
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Figure 5.1: Plot showing the throughputs for different constraint lengths for the architectures considered in this paper.
area occupied by the actual interconnection network, especially for the decoder sizes
considered in this paper.
For comparing these architectures, area-time products are useful metrics [39]. The
“time” here refers to the average amount of time required for each output bit to be
produced. To obtain this time, the average number of clock cycles per stage for each
architecture across all supported constraint lengths is obtained and then normalized
with respect to the maximum operating frequency. For comparison in the moderate
throughput region, the (area) ∗ (time) product is used, while comparison in
the high throughput region is performed through the (area) ∗ (time2 ) product.

These products are plotted in figure 5.2 for the architectures considered in this paper.
Note that the lower the (area)∗(time) or (area)−(time)2 product of an architecture,
the more area-efficient it is.
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Figure 5.2: Plot showing the (area) ∗ (time) and (area) ∗ (time2 ) products of all the
architectures considered in this paper.
Inferences from synthesis:

1. The embedding-based architecture described in chapter 3 is seen to be the least
area-efficient compared to all the architectures discussed in this thesis. This is due
to the large amount of control information that needs to be stored in order to realize
the embedding scheme and the inability to exploit the inherent parallelism present
in the decoding process. Also, the links in this architecture are required to be fullduplex, while the links in the de Bruijn and shuffle-exchange-based architectures
are half-duplex. This is an important factor leading to the reduction in the silicon
area occupation of the de Bruijn and shuffle-exchange-based architectures.
2. The mesh-based architecture also requires full duplex links. Hence, despite the
topology having a nominally lower silicon area requirement, the architecture actually occupies more silicon area than the architectures based on large-wire area
topologies which require only half-duplex links. This architecture is also less areaefficient when compared to the architectures based on the large wire-area networks.
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In fact, the mesh architecture does not compare favourably even with the flattened
butterfly-based architecture, which also has full duplex links. The area reduction
of the mesh-based architecture with respect to the flattened butterfly-based architecture is only around 8%, while the average performance drops by 115%. The less
than expected area reduction in case of the mesh-based architecture compared to
the flattened butterfly architecture can be attributed to the fact that the individual
nodes in the mesh architecture are more complex than the nodes in the flattened
butterfly-based architecture, and hence consume more area. However, the mesh
implementation is far more area-efficient than the embedding-based architecture
described in chapter 3, for reasons enumerated earlier in inference 1 and also on
account of the topology.
For the particular case when the maximum supported constraint length is 9, the
de Bruijn-, shuffle-exchange- and flattened butterfly- network-based architectures
compare as follows:
3. The shuffle-exchange network-based architecture occupies 12% less area than the
de Bruijn network-based architecture, but the associated performance degradation
is 28%.
4. The flattened butterfly network-based architecture provides 65% more performance
compared to the de Bruijn network-based architecture and 96% more performance
compared to the shuffle-exchange network-based architecture, but it area occupation is 100% more than that of the de Bruijn network-based architecture and 128%
more than that of the shuffle-exchange network-based architecture.
5. From figure 5.2, we see that for a maximum supported constraint length of 9, the
variable state-to-node assignment scheme implemented on the de Bruijn networkbased architecture (described in chapter 3) is the most area-efficient architecture
in the moderate throughput region, while the flattened butterfly network-based described in chapter 4 is the most area-efficient in the high throughput region.
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Table 5.1: Estimated energy dissipation for the synthesized architectures
Architecture
Energy dissipation per decoded bit
Embedding-based de Bruijn
10.137 nJ
Variable state-to-node
assignment based de Bruijn
74.95 pJ
Shuffle-exchange network based
135.69 pJ
Flattened butterfly based
117.13 pJ
2D-mesh based
182.9 pJ
The architectures could also be compared on the basis of their energy dissipation per
decoded bit. Table 5.1 indicates the estimated energy dissipation per decoded bit for the
five architectures considered. The estimates are obtained as follows:
1. First, the average number of clock cycles needed per decoded bit for the decoder is
calculated. This is taken as the average of the number of clock cycles per decoded
bit over all the constraint lengths supported.
2. The available parallelism also needs to be incorporated. For this, the average
number of decoded bits produced per stage is obtained across constraint lengths,
and the value for the average number of cycles per decoded bit obtained in the
earlier step is divided by this value.
3. This is multiplied by the time span of a single clock cycle, in order to obtain the
average time per decoded bit.
4. This is then multiplied by the estimated power dissipation provided by Synopsys
Design Vision, in order to arrive at the average energy dissipated per decoded bit.
Again, the de Bruijn network-based architecture with the variable state-to-node assignment scheme and the flattened butterfly network-based architecture emerge as the
most attractive architectures. Note that this advantage will be more pronounced as
the range of constraint lengths to be supported increases. The throughputs of these
architectures do not degrade with increasing constraint lengths, whereas those of the
embedding theoretic-based and 2D-mesh-based architectures degrade with increasing
constraint lengths.

Chapter 6
Conclusions and future work
This chapter draws the final conclusions from the work presented in this thesis and
provides some directions for future work in relation to the topics dealt with in the thesis.

6.1

Conclusions

The synthesis results in chapter 4 pertain to a maximum supported constraint length of
9. Is it possible to predict, from these results, the behavior of the area-efficiencies of the
considered architectures as the decoder size increases?
It turns out that the average number of cycles per decoding stage is the parameter
which yields decisive information about the area-efficiencies of the architectures:
1. For the de Bruijn network-based architecture in section 3.3 and the 2D-mesh-based
architecture, the value of the average number of cycles per decoding stage is more
than that for the other three architectures (described in sections 3.4, 4.1 and 4.2),
even for a maximum supported constraint length of 9. Also, for these two architectures, this value increases with decoder size, as can be derived from the explanation
of the architectures given in chapters 3 and 4. Finally, the silicon area occupation
of these two architectures is greater than that of the other three architectures,
even for a maximum supported constraint length of 9, and it can be expected
to remain greater even for higher constraint lengths, due to the requirement of
100
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bidirectional links. As such, it can be said with certainty that these architectures
are not favourable from an area-efficiency point of view, when compared with the
architectures described in sections 3.4, 4.1 and 4.2.
Now we consider the relative area-efficiencies of the variable state-to-node assignment scheme of section 3.4, the shuffle-exchange-based architecture of section 4.1
and the flattened butterfly-based architecture of section 4.2.
2. Note that the average number of cycles per decoding stage is constant for all these
three architectures. As such, the obtained performances of the three architectures
will continue to have the same proportion with respect to each other, as the decoder size increases. However, with increasing decoder sizes, the silicon area of
the flattened butterfly network-based architecture will increase at a higher rate
compared to the de Bruijn- and shuffle-exchange network-based architecture, due
both to the higher degree/network complexity and the need for each link to be
bidirectional. As such, although the flattened butterfly-based architecture is found
to the most area-efficient for a maximum constraint length of 9, it can be said that
this architecture will lose this optimality for higher decoder sizes.
3. Between the de Bruijn-based architecture of section 3.4 and the shuffle-exchangebased architecture, the de Bruijn-based architecture is found to be more areaefficient for a maximum supported constraint length of 9. However, the area occupation of this architecture will increase at a higher rate with increasing decoder
size, compared to the shuffle-exchange-based architecture, due to the higher degree. In addition, the relative performances of these architectures will continue to
maintain the same proportion due to a constant value for the average number of
cycles per stage. As such, it can be said that for higher constraint lengths, the
shuffle-exchange network-based architecture will be the most area-efficient option,
compared to the other architectures considered in this thesis.
Some more general conclusions can also be drawn from the work in this thesis:
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• Interconnection networks with nominally higher silicon area requirement, but which
reflect the actual communication patterns required in a given application more
closely, are interesting options for realizing the applications, especially given the
capabilities of today’s fabrication technology. Effort should be directed towards
the development of efficient execution schemes for various functionalities on architectures based on these networks.
• For wireless digital signal processing applications, the family of networks related
to the shuffle-exchange graph are interesting implementation substrates, since the
channel decoding and the OFDM functionalities, which are among the most resourceintensive functionalities used in most modern standards, exhibit communication
patterns which can be closely matched to such networks.

6.2

Future work

Future work in the same direction can be done in the following areas • De Bruijn and related networks can be evaluated for supporting flexible turbo
decoding as well. Turbo decoding needs an interleaving function which presents
a challenge for the interconnection network since the traffic pattern is random.
Various routing algorithms can be evaluated on these networks in order to identify
that interconnection network-routing algorithm pair which provides the best areaperformance tradeoff for the interleaving function and the entire turbo decoder in
general.
• Efficient ways of sharing the interconnection network among other functions in
the wireless DSP unit can be investigated, in order to identify the interconnection
network that provides the best area-performance tradeoff for the entire wireless
DSP unit. This investigation will potentially also provide insights into the ideal
interconnection network for connecting the processing units in the wireless DSP
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unit, which may be realized through a hybrid combination of one or more of these
and/or conventional interconnection networks.
• The application of 3D interconnects and optical interconnects for the realization
of such networks can be investigated.
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