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Preface

This volume contains the proceedings of the 8th International Workshop on
Software and Compilers for Embedded Systems (SCOPES 2004) held in Ams-
terdam, The Netherlands, on September 2 and 3, 2004. Initially, the workshop
was referred to as the International Workshop on Code Generation for Embed-
ded Systems. The first took place in 1994 in Schloß Dagstuhl, Germany. From
its beginnings, the intention of the organizers has been to create an interactive
atmosphere in which the participants can discuss and profit from the assembly
of international experts in the field.

The name SCOPES has been used since the fourth edition in St. Goar, Ger-
many, in 1999 when the scope of the workshop was extended to also cover general
issues in embedded software design. Since then SCOPES has been held again in
St. Goar in 2001; Berlin, Germany in 2002; Vienna, Austria in 2003; and now in
Amsterdam, The Netherlands.

In response to the call for papers, almost 50 very strong papers were sub-
mitted from all over the world. All submitted papers were reviewed by at least
three experts to ensure the quality of the workshop. In the end, the program
committee selected 17 papers for presentation at the workshop. These papers
are divided into the following categories: application-specific (co)design, system
and application synthesis, data flow analysis, data partitioning, task scheduling
and code generation.

In addition to the selected contributions, the keynote address was delivered
by Mike Uhler from MIPS Technologies. An abstract of his talk is also included
in this volume.

I want to thank all the authors for submitting their papers, and the program
committee and the referees for carefully reviewing them. I thank Harry Hendrix
and Jan van Nijnatten for supporting the review process and for compiling the
proceedings. Finally, I thank Marianne Dalmolen for maintaining the web site
and the local organization.

June 2004 Henk Schepers
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The New Economics of Embedded Systems

Michael Uhler

Chief Technology Officer
MIPS Technologies
uhler@mips.com

Abstract. There is a fundamental shift coming in the economic model used to
build successful embedded systems. Below 100nm fabrication geometries, the
cost of designing and creating masks for new semiconductor devices is pro-
jected to rocket up, making it uneconomical to create a new device for every
system, or even to do another manufacturing pass to fix bugs.
So why is this an interesting topic at a workshop on software and compilers?
Because the increased cost of hardware, and the increasing demand for new ca-
pability in embedded systems mean that programmable products will explode as
the solution of choice to cost-effective embedded systems. However, the need
to keep power dissipation under control means that both programmability and
configurability will be critical in new system design. This puts an increased
burden on compilers to generate code for configurable processors, and requires
additional capability in software to manage the complexity.
This talk will briefly review the reasons for the economic change, but focus
primarily on a vision for a new type of embedded system in which software and
compilers play a critical role. In some sense, the original RISC concepts have
returned in that software will assume an increasing role in the design of new
embedded systems.

H. Schepers (Ed.): SCOPES 2004, LNCS 3199, p. 1, 2004.
© Springer-Verlag Berlin Heidelberg 2004



A Framework for Architectural Description
of Embedded System

Daniela Cristina Cascini Peixoto1 and Diógenes Cecílio da Silva Júnior2

1 Computer Science Department
Universidade Federal de Minas Gerais, Brasil

cascini@dcc.ufmg.br
2 Electrical Engineering Department

Universidade Federal de Minas Gerais, Brasil
diogenes@ufmg.br

Abstract. In this paper a new approach for describing embedded systems is
presented. The approach is based on the composition of hardware and software
components with the addition of an interface between them. Non-functional
constraints for components and their interfaces can also be modeled and veri-
fied. As such, the component-based view presented here differs from traditional
component-based views, where focus is laid on the functional part. The ideas
discussed in this paper have been implemented in a tool. This tool enables the
description of an embedded system through a specific language. It can also al-
low the behavioral simulation and the non-functional verification of the hard-
ware and software components.

1 Introduction

As with all computer systems, the embedded computer is composed of hardware and
software. In the early days of microprocessors much of the design time was spent on
the hardware, in defining address decoding, memory map and so on. A comparatively
simple program was developed, limited in size and complexity by memory size.

Current embedded system designs are complex and demand high development ef-
forts. The design attention has shifted to software development and much of the
hardware system is now contained on a single chip, in the form of a microcontroller
[18].

The design of mixed hardware/software systems presents several challenges to the
designer. Not the least of these is the fact that even though the hardware and the soft-
ware are interdependent, they are typically described and designed using different
formalisms, languages, and tools. These notations include a wide variety of hardware
description languages, continuous modeling languages, protocol specification lan-
guages and dynamic synchronization languages.

Combining hardware and software designs tasks into a common methodology has
several advantages. One is that accelerates the design process. Another is that
addressing the design of hardware and software components simultaneously may
enable hardware/software trade-offs to be made dynamically, as design progresses.

In this paper we propose a notation to describe embedded system architecture, ex-
posing its gross organization as a collection of interacting hardware and software

H. Schepers (Ed.): SCOPES 2004, LNCS 3199, pp. 2–16, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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components. A well-defined architecture allows an engineer to reason about system
properties at a high level of abstraction. Typical properties of concern include proto-
cols of interaction, bandwidths, memory size, and so on.

Our primary considerations here to support architectural abstractions, identify,
classify and code the components and the ways they interact.

Another point is to verify the correctness of the design. It is needed that the final
design has the same behavior as specified. It is also clear that some way is needed for
the specification and verification of non-functional constraints. In our approach, do-
main modeling is used to ensure this.

Our framework provides a simulation environment to validate the functional speci-
fication of the components, as well as the interaction between them. This can be used
to gain information about an embedded system before a prototype is actually built.
Furthermore, this simulation allows designers to perform experiments that could be
impractical in a prototyping environment. For example, designers can perform com-
parative studies of a single system using a variety of processors or other hardware
components. This helps ensure completeness of the specification and avoids inconsis-
tency and errors.

2 Related Works

There are four primary areas of related work that address similar problems. The first
and most influential of these areas is software architecture description languages,
tools and environments. The second area is environments for hardware-software co-
design. This area includes environments for modeling, simulation and prototyping of
heterogeneous systems. The third area is notations for specification of system-level
design problems. Finally, the fourth area presents models for the design of embedded
software.

2.1 Software Architecture Description Languages, Toolkits and Environments

Software architecture has been a very active research field in Software Engineering
[9, 16]. Its goal is to provide a formal way of describing and analyzing large software
systems. Abstractly, software architectures involve the description of elements, pat-
terns that guide the composition, and constraints on these patterns.

Numerous Architecture Description Languages (ADLs) have been created for de-
scribing the structure and behavior of software systems at the architectural level of
abstraction. Most of these ADLs offer a set of tools that support the design and analy-
sis of software system architectures specified with the ADL.

Examples of ADLs include Aesop [7], Rapide [10], Wright [3], UniCon [15],
ACME [8] and Meta-H [5]. Although all of these languages are concerned with archi-
tectural design, each language provides certain distinctive capacibilities: Aesop sup-
ports design using architectural styles; Rapide allows architectural designs to be simu-
lated, and has tools for analyzing the results of those simulations; Wright supports the
specification and analysis of interactions between architectural components; UniCon
has a high-level compiler for architectural designs that supports a heterogeneous mix-
ture of component and connector abstractions; ACME supports the interchange of
architectural descriptions between a wide variety of different architecture design and
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analysis tools; Meta-H provides specific guidance for designers of real-time avionics
control software.

However, none of these ADLs offers sufficient support to capture design properties
of hardware components, such as organization or capacity.

Generically, the hardware architecture is described at the RTL (Register Transfer
Level), what confuses its design with its final implementation. Widely used languages
to support the description at this level are VHDL (VHSIC Hardware Description
Language) and Verilog HDL. The hardware architecture can also specify an ISA
(Instruction Set Architecture), which describes the computer architecture or a CPU
(Central Processor Unit).

2.2 Hardware-Software Co-design Environments

Over the past several years there has been a great deal of interest in the design of
mixed hardware-software systems, sometimes referred to as hardware-software co-
design.

Approaches to hardware-software co-design can be characterized by the design ac-
tivities for which hardware and software are integrated, which include: hardware-
software co-simulation, hardware-software co-synthesis and hardware-software parti-
tioning [1].

Numerous methodologies and languages have been created for each of these design
activities. Examples include Ptolemy II [4], LYCOS [11] and POLIS [6].

Ptolemy II is an environment for simulation and prototyping of heterogeneous sys-
tems. Its focus is on embedded systems. Ptolemy II takes a component view of design,
in that models are constructed as a set of interacting components. A model of compu-
tation governs the semantics of the interaction, and thus imposes a discipline on the
interaction of the components.

LYCOS is a co-synthesis environment that can be used for hardware-software par-
titioning of an application onto a target architecture consisting of a single CPU and a
single hardware component. LYCOS provides the choice between different partition
models and partitioning algorithms, one of which is a novel algorithm, called PACE.

POLIS is a co-design system in which hardware-software partitioning is obtained
by user interaction. In POLIS analysis and transformation are done on a uniform and
formal internal hardware/software representation called Co-design Finite State Ma-
chines, CFSMs. Partitioning is done manually by assigning each CFSM to either
hardware or software. POLIS will assist the designer providing estimation tool.

2.3 System Level Design Languages

A well-known solution in computer science for dealing with complexity is to move to
a higher level of abstraction, in this case to system level. From this level, the design
methodology works its way through several refinement steps down to the
implementation.

Several languages were developed to deal with this question. Examples include
SystemC [17] and Rosetta [2].

SystemC permits the specification and design of a hardware-software system at
various levels of abstraction. It also creates executable specification of the design.
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This language is a superset of C++. It provides the necessary constructs to model
system architecture including hardware timing, concurrency, and reactive behavior
that are missing in standard C++. However, SystemC does not provide any support
for representing design aspects like timing, structural and physical constraints. For
example, cycle time memory capacity or power consumption.

Rosetta is a non-executable language that addresses the problem of defining the
constraints of the desired design and not its behavior. This language is mainly used to
mathematically analyze the performance of a system. Rosetta provides modeling
support for different design domains using multiple-domain semantics and syntaxes
appropriate for each of them.

2.4 Embedded System Design Approaches

Architecture systems introduce the notion of components, ports and connector as first
class representations. However, most of the approaches proposed in the literature do
not take into account the specific properties of software systems for embedded de-
vices.

Koala [12] introduces a component model that is used for embedded software in
consumer electronic devices. Koala components may have several “provides” and
“requires” interfaces. In order to generate efficient code from Koala specifications,
partial evaluation techniques are employed. However, Koala does not take into ac-
count non-functional requirements such as timing and memory consumption. Koala
lacks a formal execution model and automated scheduler generation is not supported.

PECOS (Pervasive Component System) [13] model provides a component-based
technology for the development of embedded software systems. PECOS is divided
into two sub-models: structural and execution. The structural model defines the enti-
ties (port, connector and components), its characteristics and properties. The execu-
tion model deals with execution semantics. It specifies the synchronization between
components that live in different threads of control, cycle time and required deadlines
that a component has to be executed. An automated scheduler is provided by the
composite component for their children components.

These environments do not provide any mechanism for representation of the hard-
ware components and the interaction between the hardware/software components.

3 LACCES Design Language

LACCES (Language of Components and Connectors for Embedded Systems) design
language is used for capturing both embedded system architecture design expertise
and the architectural constraints. The language provides constructs for capturing all
requirements for design an embedded system with hardware and software compo-
nents.

LACCES meet three fundamental requirements: it is capable of describing archi-
tectural structure, properties, and topology of individuals embedded system designs; it
allows the behavioral and non-functional evaluation and analysis of the design; and
the language supports incremental capture of architectural design expertise and in-
cremental modifications of architectural descriptions.
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This notation addresses several issues in novel ways:
It permits the specification of hardware and software components and their interac-
tion.
It supports abstraction idioms commonly used by designers. These idioms are cap-
tured through a set of primitives. Different types of elements can be modeled.
It provides a clear separation of concerns regarding important properties of a sys-
tem, for example, computation and communication; behavior and structure; and
functionality and timing.
It has the ability to capture a broad range of system requirements, namely, func-
tionality, timing, logical structure, and physical structure constraints.
It defines a function to map the description to an executable specification that can
be used to validate system functionality before implementation begins. It also helps
to avoid inconsistency and errors of the functionality specification.
The first step towards the definition of the language was to survey several designs

and compile a list of system primitives, which are constructs necessary to represent
embedded systems. These primitives are broad enough to represent a large range of
components and connectors and covers diverse aspects such as behavior, logical
structure, timing and physical structure. These primitives form the basis of LACCES.

The set of primitives is also complete and consistent, so new structures can be rep-
resented without need to extend the language. It is also possible to combine these
primitives to obtain more complex blocks, and to decompose a complex block or
design into a collection of these primitives.

To accommodate the wide variety of auxiliary information LACCES supports an-
notation of architectural properties. Components and connectors can be annotated.
These properties are described in terms of four different domains.

The motivating factor to use four orthogonal domains is the separation of concerns
[14]. The first concern is the separation of time from functionality. This led to the use
of two domains, Behavioral and the Timing domains.

A topological or logical organization is usually employed to facilitate the design
capture. To represent this logical organization the Structural domain is used. It is a
mapping of behavioral and timing representations onto a set of constraints such as
capacity and organization.

The Physical domain is used to represent clients’ and designers’ physical require-
ments and constraints and actual implementation.

There is no direct relationship among objects in different domains. The domains
can be partially or completely orthogonal to each other. Orthogonal domains mean
that the domains are independent of each other and changes in one domain do not
affect the other domain. For example, a single behavior, represented in the behavioral
domain, can be mapped to several different implementations in the physical domain.

Each element may be represented in all four domains. Some elements may not
have representation in some domains, especially in the physical domains if there are
not specified physical constraints.

3.1 Components

Components are the core entity in this model. They are used to organize the computa-
tion and data into parts that have well-defined semantic and behavior.
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A typical component contains:

An interface, through which the module communicates with the environment;
A property description that describes the functionality, structure, timing and physi-
cal characteristics of a component;
Hierarchically, other components.

The interface is a “window” into a component that describes the sets of ports, pro-
vides and requires constituents of the component. Those interface constituents are
visible to the parent architecture. Other components of the architecture can be wired
to those ports and trigger the provides elements of the component. A component con-
forming to the interface must implement the operations specified in the provides con-
stituents.

In LACCES the basic unit of functionality is called a process. Electronic systems
are inherently parallel with many activities taking place concurrently. Processes pro-
vide the mechanism for simulating concurrent behavior.

A process is sensitive to events on the input ports of the component. When any of
the events in the sensitive list occurs, the process begins its execution. The process
may have its execution suspended and it will resume the execution from the point of
suspension. The provides constituents are processes triggered by an event on the input
ports of the component and the requires constituents are functions calls which are
implemented into the connector.

Components may be either primitive or composite. Primitive component types and
their primitives are currently defined by enumeration. Table 1 lists the component
types currently supported and the primitives allowed for each type. The physical
primitives for all hardware components are quite similar. They are: chip name, pack-
age, manufacturer name, power consumption, dimension and cost. For the memory
and the keypad components device type and number of keys are added to their physi-
cal primitives, respectively. Composite components define components and connec-
tors that constitute them.
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Primitive Components. The set of primitive components was selected opportunisti-
cally: we wanted to reflect components used in practice and to cover as wide a variety
as possible.

Each of these is described below:

Component type Module is a software component and corresponds to a compila-
tion unit in a typical programming language. Designers define the behavioral
primitives. Code may be represented as source or object.
Component type Memory represents any device that can electronically store in-
struction and data. The memory component has the following operations: read,
write, readseq (read sequential memory positions), writeseq (write into sequential
memory positions), reset, erase, readwrite (read one position and write one data
into it), refresh and lock (protect the memory against program writes or erases).
Component type CPU represents the core of a microprocessor. The sequences of
instructions executed by the CPU are represented in LACCES by software compo-
nents. So, the behavior of this component consists of only the reset and interrupt
operations.
Components type LCD Driver and LCD Module are devices that provide the dis-
play capabilities.
Component type RTC (Real Time Clock) provides a binary-code-decimal represen-
tation of the time and data to the system’s main processor. Features of the RTC
component may include alarm and interrupt operations.
Components type ADC and DAC are data conversion devices. Their timing primi-
tive is the conversion time. Important structural primitives are the following: reso-
lution, accuracy, sampling rate and architecture.
Component Multiplier is a peripheral and is not part of the CPU.
Component Timer is constituted of Timer/Counter, Event and PWM components.
The Timer module permits the microcontroller to perform the measurement of
time. This component can be clocked by an internal or an external clock source and
its clock frequency can be prescaled.
Component type Timer/Counter carries out the counting of pulses, objects or
events when used in conjunction with the right sort of sensor and interface. The
resolution primitive determines the maximal number of bits that can be stored into
the counter register.
Component type Event corresponds to input capture and output compare modules
of the Timer component. The input capture module can capture the Timer/Counter
value at a given moment and the output compare module compares the values of
two registers.
Component type PWM provides some enhancements to the Timer structure. The
duty cycle and the period of this component can be varied alternating the waveform
appearance.
Component type MCU represents an embedded system microcontroller. It is
constituted of subcomponents that can be: Memory, CPU, RTC, ADC, DAC,
Multiplier, LCD Driver, Timer (Event, PWM and Timer/Counter).
Component type Keypad is a set of keys used to generate interrupts into the MCU.
We can configure the number of keys.
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Composite Components. LACCES supports the hierarchical decomposition of archi-
tectures. Specifically, component elements can be represented by one or more lower-
level descriptions that provide additional detail. Each such description is termed a
representation. A representation establishes and enforces an abstraction boundary
between the structure, interfaces, and properties that a design component exposes to
its environment and the details of the component’s design and/or implementation. A
representation consists of two parts: a system that describes the representation’s struc-
ture, and a set of bindings that define a mapping between structure in the higher-level
element encapsulating the representation and the lower-level elements defined in the
representation’s system.

Adding a representation to the component allows the architecture to provide de-
tails about the lower-level design without compromising its higher-level abstraction
as a single design element. When reasoning at an abstract level about the design it is
appropriate to hide the complexity and simply think of it as a component that provides
a specific service.

3.2 Connectors

Connectors mediate interactions among components. They establish the rules that
govern component interaction and define how these rules are performed. We initiate
communication through interfaces, but is the connector that carries out this communi-
cation. All the operations for communication needed by the components have to be
implemented by connectors.

As a result of the separation of communication and computation, LACCES sup-
ports “plug-and-play”. The communication protocol can be easily exchanged by use
of another connector with compatible interfaces, whenever this is desirable in the
design process. In the same manner, the components can also be exchanged with
others, without affecting the communication protocol.

A typical connector contains:

An interface, which identify the participants of the interaction;
Like components, a property description that describes the functionality, struc-
ture, timing and physical characteristics of a connector.

Currently, only primitives connectors are supported.
Connector interfaces are defined as a set of roles. Each role of a connector defines

a participant of the interaction represented by the connector. Examples of roles are the
reading and writing of a FIFO, or the sender and receiver of a message passing con-
nector.

In LACCES, connectors are instances of channels. Channels are templates – a
typed, parameterized macro facility for specification of recurring patterns. These
patterns are used by applying them to the appropriate types of parameters.

Templates define syntactic structures that can be expanded in place to produce new
declarations. The behavior and the interface of channels can be incremented with new
primitives. They are quite flexible, permitting the definition of new connectors.

A channel specifies which primitives are available for communication, defining the
protocol. The protocol defines the allowable interactions between two components
and provides guarantees about those interactions.
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Channel Types. Channel types and their primitives are also defined by enumeration.
Table 2 lists channels types currently supported and the primitives allowed for each.
Like components, the physical primitives for channels are quite similar. However,
channels define new primitives such as number of wires; signal type (current or volt-
age) for the analogue channel.

Different types of communication require different types of channels. For commu-
nication between hardware-hardware components, LACCES provides SPI, I2C,
UART, Analogue, Parallel and FIFO channels. For communication between hard-
ware-software components, LACCES provides Parallel and FIFO channels. The
semantic of the hardware-software channels are context dependent. For communica-
tion between software-software components, LACCES provides Parallel, FIFO,
Semaphore and IPC channels.

As for component types, we choose the cannel types opportunistically. Each of
these is described below:

Channel type SPI (Serial Peripheral Interface) is a synchronous serial data link
that is standard across many Motorola microprocessors and other peripheral chips.
The SPI is essentially a “three-wire plus n slave selects” serial bus.
Channel type I2C (Inter-Integrated Circuit) is a bi-directional, two-wire, and syn-
chronous channel. The two lines are a serial clock and a serial data link.
Channel type UART (Universal Asynchronous Receiver Transmitter) is a serial and
asynchronous standard communication.
Channel type FIFO is a queue used to record the data transferred between compo-
nents. The FIFO provides both block and nonblocking versions of access.
Channel type Analogue is used to connect an input of an ADC or an output of a
DAC to a hardware device. It is further characterized by the type of the connection
that can be single-ended or differential.
Channel type Semaphore is used to model critical sections for accessing shared
resources. These resources are accessed only through two standard operations: wait
and signal. The component can verify if the semaphore is blocked through the
TryWait operation and the GetValue returns the value of the semaphore.
Channel type IPC (InterProcess Communication) provides a mechanism to allow
components to communicate and to synchronize their actions. IPC is provided by a
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message system with two operations: send and receive a message. If two compo-
nents want to communicate a communication link, called mailbox, must exist be-
tween them. Each mailbox supports a unique message.
Channel type Parallel represents a register of a defined length. It permits the read-
ing and writing of transmitting data by the components.

3.3 System

LACCES provides a system construct to represent configurations of components and
connectors.

A system includes (among other things) a set of components, a set of connectors,
and a set of attachments that describe the topology of the system. An attachment as-
sociates a port interface on a component with a role interface on a connector.

As an example, figure 1 shows an architectural drawing that illustrates a high level
communication between software and hardware components. The software executes
on an MSP430 microcontroller and the hardware component is an LCD module. For
the designer’s point of view, at a high level, the interaction occurs between the soft-
ware and the LCD, although the actual interaction occurs between the hardware MCU
and LCD module. The software component only generates information for displaying.

Fig. 1. A hardware-software system.
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Fig. 2. The description of the system.
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Figure 2 illustrates the description of this system. The components and connectors
are available from a library, and they have to be instantiated. LACCES provides some
descriptions, but the users are encouraged to include more descriptions to ease the
design of their system and to permit reuse of elements. A simplified description of the
MSP430, with only the important constructs, are showed. The software component is
an interrupt service routine (ISR) that generates a number to be displayed on the LCD
Module.

4 LACCES Infrastructure

The LACCES design environment provides a set of basic tools for manipulating and
evaluating LACCES designs and design expertise. The following five tools are:

A parser that reads textual design, embedded system descriptions, expressed in the
LACCES design language and converts them into an internal representation.
A type manager that verifies designs are type-correct.
An analysis engine that evaluates design analysis properties. It verifies if there is a
logical correspondence among the domains. For example, one behavior primitive
has one specific time to execute and structure and physical elements available.
An error reporting system that alerts environment users of design problems.
An extraction behavior system that provides a functional description of the archi-
tectural design for the external SystemC simulation tool.

The diagram in figure 3 depicts LACCES’s basic architecture. This set of core
tools supports the ability to capture and analyze both architectural specification and
architectural design expertise expressed in the LACCES design language. It also pro-
vides the ability to evaluate individual designs to verify that they conform to their
properties and functionality, and to report any anomalies discovered in evaluating the
design.

Fig. 3. Architecture of the LACCES design environment.
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Up to now, we have built the LACCES compiler. The compiler consists of 10 C++
source codes modules, 1 Flex specification, 1 YACC specification, and 11 C++ in-
clude files. This yields a total of approximately 8.050 lines of source code. The
behavior extraction and analysis engine are under construction.

4.1 Checking of Functional Requirements

LACCES provides to SystemC a behavioral description of the designed system. Each
process defined in the behavioral structure is mapped into a SystemC process struc-
ture.

The designer has two options to specify an operation in the design: to use an opera-
tion already defined in LACCES or to provide a new definition. For software compo-
nents, the designer has to provide all of the implementations of the operations speci-
fied in the behavior. For the other structures of the language, the user either uses the
built-in behavioral primitives defined in the language or provides an implementation
obeying the defined interfaces of the methods.

For connectors, the behavior and the interface can be expanded with new primi-
tives. The user can specify new operations but they have to be implemented using the
basic operations already defined in the language.

After the translation the system is simulated to validate the functional specification
of the components and the connectors.

4.2 Checking of Non-functional Requirements

LACCES verifies if the properties can be mapped among the four domains. It com-
pares if one function described into the behavioral domain and its timing constraints
can be mapped into the structural and physical properties specified by the designer.
This analysis is performed by the analysis engine system. For example, if an analogue
channel is used with a bandwidth of 2 and a differential connection type, its number
of wires described into the physical domain can not be less than 4.

This type of analysis is possible because the set of primitives are built-in elements
in LACCES. This analysis helps ensure completeness of the specification and avoids
inconsistency and errors.

After the functional and non-functional checking of the architecture of the embed-
ded system, the prototype can be built.

5 Conclusions

LACCES improves support for abstraction that designers use in designing the archi-
tectures of embedded systems. We developed a notation and tools to implement this
new model.

LACCES was developed taking into account the separation of concerns among the
diverse system aspects. More precisely, separation of concerns between:

Computation and communication, using the component and connector representa-
tion;
Behavior and structure, using behavioral and structural orthogonal domains;
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Function and timing, using Behavioral and Timing orthogonal domains;
Physic and structure, using Physical and Structural domains.

LACCES was developed from a list of primitive constructs able to capture a broad
range of system.

We plan to extend our simulation environment that now is performed by SystemC,
by allowing co-simulation of the software components, implemented in C or C++;
and hardware components, implemented in SystemC.
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Abstract. Instruction Level Parallelism (ILP) machines, such as Very
Long Instruction Word (VLIW) architectures, and customised architec-
tures are two para-digms that are used to increase the performance of
processors. While a VLIW machine has multiple functional units, a cus-
tomised processor is equipped with Application-specific Functional Units
(AFUs). Customisation has been proved beneficial on single issue ma-
chines, but its effect on multiple issue machines remains unanswered. Is a
VLIW machine powerful enough to nullify the benefit of customisation?
Or are the two benefits orthogonal and can be exploited together? In this
paper, we answer positively to the latter question. We experimentally
prove that insertion of automatically identified AFUs can improve per-
formance of a VLIW architecture, and allow the designer of ILP processor
to trade-off either issue-width or register file size. We have customised
the Trimaran architecture and toolchain framework to model AFUs ac-
curately and discuss the challenges of adding instruction-set extension
support to a legacy toolchain.

1 Introduction

Two popular paradigms that have been employed in the past decades for the
design of fast processors are ILP and customisation. The former allows issue and
execution of multiple instructions in the same cycle, while the latter relies on
customised functional units, designed specifically for an application to speed up
execution. While the benefit of Instruction Set (IS) customisation has been stud-
ied and shown on simple RISC machines ([1], [2]), a detailed and comprehensive
study of how customisation affects multiple issues machines, such as VLIWs, still
needs to be done (see related work for simple exceptions). The obvious questions
that arise are: Is a parametric VLIW processor already powerful enough so that
the benefits of IS customisation are nullified? Or does automatic IS customisa-
tion provide an advantage that is not already exploited by parallel execution

H. Schepers (Ed.): SCOPES 2004, LNCS 3199, pp. 17–32, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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Fig. 1. VLIW architecture augmented with application-specific AFUs.

of standard instructions, as it happens in VLIWs? Furthermore, does the an-
swer to the previous questions vary depending on the power of the unextended
VLIW machine, in terms of number of registers, number of Functional Units
(FUs), issue width etc? These are the precise questions that this paper wants
to answer. It does so by presenting a completely automatic framework compris-
ing (1) the choice of IS customisation, i.e., of the Application-specific Functional
Units (AFUs), for each application studied and (2) extension of the standard
Trimaran framework [17] for compiling and simulating the resulting IS-extended
VLIW machine. The target architecture for this study is shown in Figure 1. A
parametric VLIW is depicted, where the number of registers, the issue-width,
and the number of Functional Units are variable. In addition, the VLIW is ex-
tended with AFUs, automatically selected within the framework. The rest of
this paper is organised as follows: Section 2 compares the present study with
previous contributions; Section 3 presents the overall methodology followed and
the framework built. It also illustrates the various problems incurred in intro-
ducing efficient support for IS extensions in a legacy toolchain. Section 4 shows
and discusses experimental results, and Section 5 will summarise our claims.

2 Related Work

This work presents a detailed study of IS extended VLIW machines, and as such
it will be first compared with efforts that attempt such study to some extent.

An important attempt to study IS customisation for VLIW has been made
in [7]. There, the authors investigate especially scalability, i.e., the varying of
processor power such as number of registers and number of functional units,
of a parameterized VLIW machine, and in part IS customisation. Only two
simple and manual design examples are given for studying IS customisation,
by adding special instructions in the same way as we add AFUs. However, the
present paper gives a comprehensive study of the effect of IS customisation on
VLIW, it shows benefits on a large set of benchmarks, and contains combined
simulations of IS customisation and scalability. Finally, it uses automatically
selected instructions, therefore showing benefits that do not require any manual
intervention and detailed application study. All of the above differences also
apply to two other previous studies [16, 18].
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The second contribution of this paper is that of presenting a completely
automatic framework, that spans from identification of IS customisation to ex-
tension of an architecture and toolchain for validation of results. Unlike the
previous studies it enabled us to carry out the study of the effect of IS customi-
sation on VLIW machines in a completely automatic way, without any designer
intervention.

Most previous work in customised architectures is restricted to approaches
which combine a complete instruction set definition or instruction selection pro-
cess, architecture creation and instruction mapping onto a newly created ar-
chitecture. These approaches [20, 11] primarily create from scratch a new in-
struction set and a new architecture which are tuned for a set of applications.
Unfortunately, the design of complete ASIPs incurs the complexity and risks of
a complete processor and tool set development. A similar approach outlined in
[13] describes an automated system for designing architecture and microarchi-
tecture of a customised VLIW processor and non-programmable, systolic array
co-processors. Source code (in a subset of C) for a performance-critical loop
nest is used as a behavioral specification of a coprocessor. However the system
lacks the ability of analyzing and evaluating the application to map portions
of it onto hardware, and requires user intervention. Another tool [5] generates
an HDL netlist of a VLIW architecture for a customised algorithm and allows
for some design space exploration. However the tool disregards the process of
evaluating the application and automatic extraction of the performance critical
sections of code. The philosophy undertaken instead in our approach is that of
extending an available and proven processor design (possibly including its im-
plementation as a hard-macro in a System-on-Chip design flow) and tool set
after automatic extraction of subgraphs of application, so that design efforts
must focus exclusively on the special instructions and the corresponding dat-
apath. Many readily extensible processors exist today both in academia (e.g.,
[14, 3]) and industry (e.g., [10, 21, 6, 8, 7]), but very limited automatic method-
ologies to generate the extensions are generally available. Recent works [1, 19,
2] have made some steps toward an automatic methodology for the selection of
custom instructions to augment the instruction set of an extensible processor
and thus maximise its efficiency for a given application program. Yet, the results
of these authors are limited by one or more of the following: they use unsophisti-
cated speedup models [1], their results are only applicable to single-issue models,
and/or their instruction selection methodology is too simple [19, 2].

The approach described in [4] is an attempt to automate the process of
extraction of AFUs and the implementation of a complete system. The work
describes a completely automatic methodology, and shows AFU benefits for a
simple VLIW architecture. Our study, in addition, tries to answer further impor-
tant questions like (1) Can clusters of only dataflow operations form potentially
good AFUs? (2) Is a rich VLIW architecture already powerful enough to gain
anything substantial from AFUs? (3) Are ILP and Instruction set customisation
complimentary? Our work tries to prove that use of AFUs can outperform a very
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rich VLIW architecture at a very low cost by doing away with expensive high
issue-width and large register files.

We use the algorithm depicted in [1] for our automatic IS extension, but in
contrast with the original results of that work, we are here able to evaluate precise
speedup measurements thanks to the presence of our automatically extended
compilation and simulation framework.

3 Overview of the Methodology
and of the Validation Framework

Our customised architecture synthesis methodology is composed of the following
steps as shown in Figure 2: First, beneficial IS extensions are extracted from the
application source code. The next step involves customisation of the processor
architecture and synthesis of the new instruction set. Finally, code is generated
and simulated for the extended architecture built, and statistics are collected in
order to evaluate the performance gain achieved.

Fig. 2. Customised architecture synthesis methodology.

3.1 Automatic AFU Extraction

The complete process of automatic extraction of coarse grained AFUs is illus-
trated in Figure 3. Three separate phases can be distinguished: identification
of potential AFUs, based on the algorithm published in [1] and applied to the
application source code; evaluation of identified AFUs, based on profiling figures
and on a speedup estimation model [12]; and selection of the final best promis-
ing AFUs. The identification algorithm extracts promising sections of code from
the basic blocks of the embedded application under study, after an if-conversion
pass has been applied in order to raise the identification potential and span be-
yond the basic block limit to some extent. The analysis starts from the Directed
Acyclic Graph (DAG) representation of the enlarged basic blocks obtained af-
ter if-conversion. Nodes of the DAG are assembler-like instructions, while edges
represent data dependency among instructions.
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Fig. 3. Automatic AFU selection.

The algorithm extracts instructions satisfying user-given register-file input/
output constraints that result in maximal speedup using an approximate speedup
metric. It analyses the dataflow graphs and considers all possible subgraphs. The
input and output requirements of the subgraphs are calculated and only those
satisfying all constraints are selected for further consideration. The number of
subgraphs being exponential in the number of nodes of the graph, the algorithm
has an exponential worst case complexity; yet, it exploits some graph charac-
teristics which allow significant pruning of the search space and, in practice, it
exhibits a subexponential complexity. Graphs with up to a couple of hundreds
of nodes can be processed in a matter of minutes.

An approximate speedup estimation is then performed for the potential in-
structions extracted, in order to select the most promising candidates. The esti-
mation consists in comparing the approximate subgraph execution time in soft-
ware, as a sequence of instructions, with the accurate time the subgraph takes
if implemented in hardware, as a single special instruction. The former number,
software latency, is estimated using the baseline architecture opcode latencies,
while for the hardware latencies, datapaths for all possible opcodes were synthe-
sised and simulated in ASIC technology, and their area and delay were measured.
Table 1 shows the measured hardware latency and area requirements for some
operators. All delays have been expressed relatively to a multiply-accumulate, by
considering that the baseline architecture can execute a multiply instruction in 3
cycles. Areas are also expressed relatively to the area of a multiply-accumulate.
The total hardware latency for an AFU is calculated by summing the latency of
all nodes in the critical path, and then the ceiling function is applied to it. This
is also the number that is automatically passed to the machine description to
define the latency of the newly introduced instructions.

Note that while the hardware latency model is rather accurate, the software
model does not capture possible pipeline stalls, scheduling constraints etc. How-
ever, its simplicity is due to its use in the evaluation of millions of candidate
AFUs. The software model is used for the choice of AFU candidates, and not
for results evaluation. Section 4 provides speedup numbers which are the result
of compilation and simulation and therefore are very accurate.

The last phase, selection of final AFUs, simply consists in choosing the best
promising AFUs, according to the gain calculated in the previous phase (which
is of course multiplied by frequency of execution, as obtained by profiling). These
selected AFUs represent the IS extension of the VLIW machine, and they are
passed on to the extended Trimaran framework, with their latency and area.
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3.2 Validation Framework

The validation framework built is an extension of the Trimaran toolchain, which
comprises a retargetable compiler and configurable simulator. The original
framework provides for a parameterized VLIW architecture called HPL-PlayDoh.
The HPL-PD opcode repertoire, at its core, is similar to that of a RISC-like
load/store architecture, with standard integer, floating point (including fused
multiply-add type of operations) and memory operations. Hence we consider
the problem of extending the Trimaran infrastructure through the IS extension
and the introduction of coarse-grain AFUs in the compiler infrastructure.

The Trimaran framework provides IMPACT (Illinois Microarchitecture
Project utilizing Advanced Compiler Technology) which serves as a compiler
front end for C. It is divided into three distinct sections each based upon a
different IR. Elcor forms the compiler back-end, parameterized by a machine
description, performing instruction scheduling, register allocation, and machine-
dependent optimizations. A cycle-level simulator of the HPL-PD architecture
which is configurable by a machine description in the HMDES (High level Ma-
chine Description) format, provides run-time information on execution time,
branch frequencies, and resource utilization.

The first step involves defining a new machine operation and a new resource in
the system. The operation will be performed by the resource which corresponds
to a coarse-grain AFU in the architecture. The operation will be defined in
terms of the operation format, the operation latency and the resource usage.
After this, the compiler needs to be modified so that it is able to generate
code for this new operation. To accomplish this, one requires a retargetable
compiler parameterized with the machine description. The application code is
modified so that the desired computation (to be carried out by the coarse-grain
AFU) is replaced by an external function call. The Intermediate Representation
(IR) of the compiler will consist of nodes corresponding to this function call.
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Fig. 4. Extension of the Trimaran infrastructure.

The IR is modified to replace these nodes by a new node corresponding to the
operation. The compiler back-end will then treat this node as any other standard
machine operation (e.g., ADD) but will generate code for it without trying to
perform instruction selection. Finally, the operation semantics are defined inside
the retargetable simulator so that various statistics can be generated.

The diagram in Figure 4 represents the modified Trimaran framework, to
incorporate the identified AFUs. The shaded portions represent the components
of the framework which were modified to extend the Trimaran infrastructure.

Modification of Application Code. The application program in C is modi-
fied, to replace the various operations intended to be performed by AFUs with
an external function call. Depending on the type of AFU required, different
approaches are taken.

Presently AFUs are identified as clusters of dataflow operations excluding
loads and stores. Hence, the AFUs identified do not require access to memory,
nor do they contain control flow operations. Note that the suitably modified
application code is generated automatically.

Modelling of Single Output AFUs. In order to model the call to an AFU
which provides a single computed value, a single function call is used; note that
the overhead of a function call compared to that of a simple opcode execution
is removed, as explained later. Consider the following piece of application code:

To model the identified AFU the application code is instrumented and the iden-
tified AFU is replaced with a corresponding function call. The function repre-
senting the AFU is automatically defined in an external library to provide the
correct semantics.

Once the code is instrumented this way, it can be linked with the external library
containing the definitions of the function calls for the AFUs identified. It can
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then be compiled and executed like the original application code, and verified to
produce exactly the same output.

Modelling of Multiple Output AFUs. A different approach is required for
modelling multiple output AFUs. Consider the following application code with
the identified AFU:

The identified multiple output AFU is modelled as a combination of two single
output ones; therefore, the instrumented code for the above example is:

The destination registers reserved for returning the computed values of
fun_AFU_one and fun_AFU_two are used as the destination registers for the
final computed values. An important point to note here is that the instructions
introduced for the single output component are understood only by the Tri-
maran front-end compiler and used only to reserve destination registers. These
are dummy instructions with no actual hardware defined to execute them; the
only real instruction which is bound to an AFU is the instruction represented
through a function call with an empty body; in the example, it is the function
call fun_AFU.

Instruction Set Specialisation.  Once the instrumented application code is
ready, the next stage involves replacing the function call with the special machine
instruction to invoke the customised AFU specially designed for it.

The instruction-set extension is done at the IMPACT the front-end stage
of the Trimaran compiler. Among the many compilation phases of IMPACT,
Hcode-level is best suited for the introduction of the new machine opcode, since
function calls are easy to trap and replace, and no extra data-movement in-
structions (e.g., preparing the function arguments onto the stack) have been
inserted till this phase. The new machine instruction introduced is recognised at
the Hcode-level and at all the subsequent compilation phases of the Trimaran
front-end. The interface between the Trimaran front-end compiler and the back-
end compiler is modified, so that the back-end compiler can recognise the new
machine instruction in the IR it receives and can schedule it accordingly. Note
that the scheduler correctly accounts for the limited availability of read ports
when using AFUs. The simulator too requires modifications to recognise the new
machine instruction and to define the semantics of the coarse grained AFU.
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Modelling Register File Ports. The register file design is one of the most
critical design parts of a microarchitecture. The Trimaran infrastructure assumes
that each functional unit has dedicated read and write ports and hence does not
explicitly model them.

 As we introduce AFUs in the machine architecture, we assume sharing by
the AFU(s) of the otherwise dedicated ports of the FUs, and hence implicitly
assume that the AFUs inputs have a crossbar or multiplexers to connect them
to the register file. FUs reserve a random read or write port. AFUs get also a
random read or write port, and in practice will have to use exactly those private
ports that the FUs are not using at that very moment. The scheduler has to
guarantee that the total number of used read ports or write ports at each cycle
does not exceed some bound. Any scheduled operation will require, an issue slot
of the resource corresponding to the appropriate FU (e.g., an ALU for an ADD),
a number of read ports at issue cycle equal to the number of operands coming
from the register file and a number of write ports at completion time (e.g., on
the next cycle) equal to the number of values produced.

To model the above assumed architecture read ports and write ports are
considered as resources in the HMDES machine description, and are required to
be reserved for every operation.

Extending the Machine Architecture. The machine architecture is auto-
matically modified to introduce the new FU using HMDES machine description
language which involves defining its operation format, number and type of re-
sources (FUs and AFUs), operation latency (calculated as shown in Section 3.1),
resource usage and reservation table. Finally the semantics of the new operation
are defined in the simulator which involves defining the value of the destination
as a function of the values of the sources.

Challenges of Adding ISE Support to a Legacy Toolchain. Addition of
Instruction Set Extensions to a compiler toolchain framework cannot be consid-
ered to be trivial. We present here some of the issues faced during the tool chain
extension.

Representation of AFUs in the application code and its subsequent replace-
ment with a machine operation forms an important part of the framework. In the
present framework, if the function calls representing AFUs are allowed to prop-
agate through various stages of compilation phases and replaced before the code
scheduling, a large number of instructions are introduced to prepare the data for
the function call (e.g, moving the various arguments to registers and/or stack).
This forms an expensive overhead, and the simulation results fail to show any
performance gain for the customised processor. However the replacement should
be done after the profiling phase, as the intermediate representation is converted
to code in high level language for profiling.

The extended tool chain should allow aggressive ILP optimizations like loop
unrolling, predication, speculative execution, modulo scheduling, formation of
hyperblocks etc to be applied to the extended opcode repertoire. Performance
gain should be quoted after applying such optimizations during code generation



26 Diviya Jain et al.

for various architectures under consideration.There could be a loss of some of
the optimizations due to introduction of new machine operations. This can be
traced back to the stage at which AFU identification takes place. If the identi-
fication is performed before the various compiler optimizations are done, many
operations which govern optimizations like common sub-expression elimination,
loop invariant code motion, dead code elimination end up in an AFU, leading
to generation of sub-optimal code. Hence it is important to ensure proper phase
ordering among various stages of the framework.

Estimation techniques used during calculation of Speedup for the identified
subgraphs, should be modified according to the base architecture. Calculation of
hardware/software latencies using all the operations in the subgraph, which may
be applicable to RISC cannot be applied to VLIW architecture, and may lead
to poor selection of AFUs and a bad estimation of the expected speedup.The
retargetable tool chain framework should accurately represent the machine archi-
tecture including the interconnection network between register files and AFUs,
pipelining of customised functional units, etc. If these parameters are overlooked,
the simulation results cannot be considered to be accurate. In the current frame-
work, Trimaran was extended to support register ports to model the sharing of
interconnection network between conventional FUs and AFUs.

4 Experimental Results

Our complete toolchain was applied to some of the standard benchmarks of the
MediaBench [15] and EEMBC [9] suite.

The entire process consists of the following stages: (1) A first pass of compila-
tion into the MachSUIF intermediate representation is applied, which parses the
C-code into a Data/Control Flow Graph (DFG/CFG) representation. (2) Profil-
ing is then performed and results annotated in the representation. (3) AFU iden-
tification and selection is performed by the algorithm described in Section 3.1.
(4) The application code automatically annotated with the selected candidates
forms an input to the next stage where the modified application code is au-
tomatically generated. (5) Finally, the automatically modified application code
is fed to the extended Trimaran infrastructure for final compilation and cycle-
exact simulation; the speedup obtained is thus calculated. The entire process of
analyzing the application and preparing the Trimaran Infrastructure for it, is
completely automatic and requires a few minutes to complete. However the time
taken for cycle-exact simulation, depends on the application and its inputs and
can vary between few seconds to about an hour.

Experiments were carried out on different baseline architectures, equipped
with a varying number of FUs and register file ports. The various architectures
considered are summed up in the Table 2. AFU identification was run for a limit
of 7 inputs and 4 outputs in all cases. Some typical AFUs extracted from the
benchmarks are depicted in Figure 5. The AFUs of type as shown in Figure 5(b)
are extracted quite frequently and used to compute addresses for memory ac-
cesses.
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Fig. 5. (a)An AFU of HW latency 1 from adpcm, consisting of simple arithmetic &
logic operations. (b)An AFU of HW latency 2 from autocor, computes address – e.g.,
Inputdata[i+lag].

4.1 Impact of AFUs on the Area

The benchmarks used and the number and total area of AFUs selected for each
of them are described in Table 3. The area of an Integer ALU unit in HPL-
PD architecture can be calculated to be 1, relative to the area of the MAC
instruction. Hence it can be noted that the total area added for customisation
(calculated as described in Section 3.1) is in most cases very limited.
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Fig. 6. Comparison of number of total operations for Non-AFU & AFU versions of
2/1/1/1 & 4/2/2/1 architectures.

It is worth noting that the use of AFUs reduces the length of the application
program, since an AFU is a single instruction replacing a number of operations.
Figure 6 quantifies the decrease in the size of the program (shown as number of
total operations) when AFUs are employed, for two different baseline architec-
tures. Note that some of the AFU area overhead might be compensated by the
smaller footprint of the code and/or by smaller cache needs.

4.2 Impact of AFUs on Performance

Figure 7 shows the speedup of the various benchmarks processed, for a simple
VLIW baseline architecture. With a modest area overhead, as shown in Table 3, a
simple VLIW benefits from automatic instruction set specialisation. The typical
causes for speedup are: 1) Quantization of each simple instruction in an integer
number of cycles is avoided through chaining of operations; 2) Conventional FUs
are freed up for other operations 3) Hardware parallelism is exploited in AFUs,
sometimes to a larger extent than is possible in parallel software execution. 4)
Register pressure is reduced in presence of AFUs, since some originally inter-
mediate values need not be written to registers anymore. This in turn reduces
register spills and allows the compiler to expose greater ILP e.g. through more
loop unrolling.

In the following, we compare the effects of customising a VLIW, i.e., addition
of AFUs, and scaling of its resources, i.e., adding FUs, increasing issue-width and
register-file size. Figure 8 depicts the speedup achieved by various, increasingly
powerful VLIW machines, with and without AFUs. These are the four architec-
tures described in Table 2, with an increasing register file size, as shown in the
caption. Values are normalised to the 2/1/1/1 architecture.

One can note that a 4/2/2/1 machine without AFUs performs similarly and
generally much worse than a 2/1/1/1 machine with AFUs. This implies that
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Fig. 7. Speedup of 2/1/1/1 architecture with AFUs over 2/1/1/1 without AFUs.

issue-width, register-file size and number of conventional FUs can be traded for
the presence of much cheaper AFUs (with moderate area, recalling Table 3).
Note that a saving in register ports is also involved. Hence addition of AFUs
on top of a less powerful machine can be a better choice than increasing its
issue width or number of registers. Secondly the graph reveals that even a rich
VLIW architecture with its issue width pushed to an unrealistic maximum can
still benefit significantly when augmented with simple automatically-extracted
AFUs. This can be attributed to the fact that once maximum ILP has been
extracted, carefully chosen AFUs can be beneficial, by simply reducing the ex-
ecution time of the operations on the critical path. Thirdly, the graph provides
us with an another important result: a few, small well chosen AFUs can em-
power a very simple VLIW machine like 2/1/1/1 to a level where it outperforms
a very rich VLIW architecture with infinite resources but without AFUs (e.g.,
i/i/2/i and 4/2/i/1). Note that increasing the issue width, besides requiring the
appropriate functional units, has a very significant cost on instruction mem-
ory bandwidth and on the number of register file ports required, whereas the
microarchitectural cost of adding AFUs is much less important.

The experiments also reaffirm the premise that the advantage of AFUs does
often go down with the increase in computational capabilities of the host archi-
tecture; and yet, in most cases, the advantage of specialisation remains significant
also for very rich machines unlikely to be used in SoCs for several years to come.

In addition, we study the correlation of performance and register-file size.
Registers are a limited resource in processors with the register file being some-
how the non-scalable bottleneck of the architecture, especially for VLIW pro-
cessors. In Figures 9 we show on a typical benchmark the dependence of cycle
count on the number of registers available for the 2/1/1/1 architecture with and
without AFUs. Naturally, the cycle count is decreasing monotonously and flat-
tens for some high value: this is essentially the point when no spilling is required
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Fig. 8. Speedup of various architectures over the 2/1/1/1 architecture without AFUs.

Fig. 9. Evaluation of adpcmdecode, with varying number of registers, without and
with AFUs.

anymore. Note that, when using AFUs, a high performance is achieved with a
much smaller number of register, when compared with the no-AFUs line sug-
gesting that machines with smaller register files can be designed, when AFUs
are employed.

5 Conclusions

The requirements of computing power in embedded applications are constantly
growing and approaching the general-purpose computing requirements. This
leads to two observable trends: On one side, architectures exploiting instruc-
tion level parallelism are making their way in embedded and system-on-chip
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applications, especially in the form of VLIW processors. On the other side, the
customisation of processors for an application is another way of improving the
performance for a moderate cost.

In this paper, we present a study on combining multiple-issue architectures
and customisation techniques. We have done this by building an automated
framework for experimentation and detailed architectural simulation; it is based
on Trimaran which was extended to accommodate automatically inferred AFUs
and hence to execute application specific complex instructions. We have dis-
cussed a number of issues to introduce such special instructions in the compiler
framework without compromising the quality of the output. We show that the
impact of instruction-set extensions on legacy toolchains is nontrivial. Finally,
we have run benchmarks from the MediaBench and EEMBC suites through our
framework to obtain precise simulation data. In particular, we show that the
presence of AFUs can reduce tangibly the register file size and/or the issue-
width of the baseline processor for the same performance.

In the future, we plan to adapt the existing instruction-set extension identi-
fication algorithms to exploit at best the specific potentials of VLIW machines.

References

K. Atasu, L. Pozzi, and P. Ienne. Automatic application-specific instruction-set
extensions under microarchitectural constraints. In Proceedings of the 40th Design
Automation Conference, pages 256–61, Anaheim, Calif., June 2003.
M. Baleani, F. Gennari, Y. Jiang, Y. Patel, R. K. Brayton, and A. Sangiovanni-
Vincentelli. HW/SW partitioning and code generation of embedded control appli-
cations on a reconfigurable architecture platform. In Proceedings of the 10th In-
ternational Workshop on Hardware/Software Codesign, pages 151–56, Estes Park,
Colo., May 2002.
F. Campi, R. Canegallo, and R. Guerrieri. IP-reusable 32-bit VLIW Risc core. In
Proceedings of the European Solid State Circuits Conference, pages 456–59, Villach,
Austria, Sept. 2001.
N. Clark, H. Zhong, and S. Mahlke. Processor acceleration through automated
instruction set customisation. In Proceedings of the 36th Annual International
Symposium on Microarchitecture, San Diego, Calif., Dec. 2003.
F. Design. Art designer reference manual. April 2001.
J. Eyre and J. Bier. Infineon targets 3G with Carmel2000. Microprocessor Report,
17 July 2000.
P. Faraboschi, G. Brown, J. A. Fisher, G. Desoli, and F. Homewood. Lx: A technol-
ogy platform for customizable VLIW embedded processing. In Proceedings of the
27th Annual International Symposium on Computer Architecture, pages 203–13,
Vancouver, June 2000.
T. R. Halfhill. ARC Cores encourages “plug-ins”. Microprocessor Report, 19 June
2000.
T. R. Halfhill. EEMBC releases first benchmarks. Microprocessor Report, 1 May
2000.
T. R. Halfhill. MIPS embraces configurable technology. Microprocessor Report,
3 Mar. 2003.

1.

2.

3.

4.

5.
6.

7.

8.

9.

10.



32 Diviya Jain et al.

I.-J. Huang and A. M. Despain. Generating instruction sets and microarchitectures
from applications. In Proceedings of the International Conference on Computer
Aided Design, pages 391–96, San Jose, Calif., Nov. 1994.
P. Ienne, L. Pozzi, and M. Vuletic. On the limits of processor specialisation by map-
ping data ow sections on ad-hoc functional units. Technical Report CS Technical
Report 01/376, LAP, EPFL, Lausanne, December 2001.
V. Kathail, S. Aditya, R. Schreiber, B. R. Rau, D. C. Cronquist, and M. Sivaraman.
Pico: Automatically designing custom computers. Computer, 35(9):39–47, 2002.
A. La Rosa, L. Lavagno, and C. Passerone. A software development tool chain for a
reconfigurable processor. In Proceedings of the International Conference on Com-
pilers, Architectures, and Synthesis for Embedded Systems, pages 93–98, Atlanta,
Ga., Nov. 2001.
C. Lee, M. Potkonjak, and W. H. Mangione-Smith. MediaBench: A tool for eval-
uating and synthesizing multimedia and communicatons systems. In Proceedings
of the 30th Annual International Symposium on Microarchitecture, pages 330–35,
Research Triangle Park, N.C., Dec. 1997.
B. Middha, V. Raj, A. Gangwar, A. Kumar, M. Balakrishnan, and P. Ienne. A
Trimaran based framework for exploring the design space of VLIW ASIPs with
coarse grain functional units. In Proceedings of the 15th International Symposium
on System Synthesis, pages 2–7, Kyoto, Oct. 2002.
A. Nene, S. Talla, B. Goldberg, H. Kim, and R. M. Rabbah. Trimaran—An In-
frastructure for Compiler Research in Instruction Level Parallelism. New York
University, 1998.
K. V. Palem and S. Talla. Adaptive Explicitly Parallel Instruction Computing. In
Proceedings of the 4th Australasian Computer Architecture Conference, Auckland,
New Zealand, Jan. 1999.
F. Sun, S. Ravi, A. Raghunathan, and N. K. Jha. Synthesis of custom processors
based on extensible platforms. In Proceedings of the International Conference on
Computer Aided Design, pages 641–48, San Jose, Calif., Nov. 2002.
J. Van Praet, G. Goossens, D. Lanneer, and H. De Man. Instruction set defini-
tion and instruction selection for ASIPs. In Proceedings of the 7th International
Symposium on High-Level Synthesis, pages 11–16, Niagara-on-the-Lake, Ont., Apr.
1994.
A. Wang, E. Killian, D. Maydan, and C. Rowen. Hardware/software instruction
set configurability for system-on-chip processors. In Proceedings of the 38th Design
Automation Conference, pages 184–88, Las Vegas, Nev., June 2001.

11.

12.

13.

14.

15.

16.

17.

18.

19.

20.

21.



ASIP Architecture Exploration
for Efficient Ipsec Encryption: A Case Study

Hanno Scharwaechter, David Kammler, Andreas Wieferink, Manuel Hohenauer,
Kingshuk Karuri, Jianjiang Ceng, Rainer Leupers,

Gerd Ascheid, and Heinrich Meyr

Integrated Signal Processing Systems
Aachen University of Technology

Aachen, Germany
scharwaechter@iss.rwth-aachen.de

Abstract. Application Specific Instruction Processors (ASIPs) are in-
creasingly becoming popular in the world of customized, application-
driven System-on-Chip (SoC) designs. Efficient ASIP design requires an
iterative architecture exploration loop-gradual refinement of processor
architecture starting from an initial template. To accomplish this task,
design automation tools are used to detect bottlenecks in embedded ap-
plications, to implement application-specific instructions and to auto-
matically generate the required software tools (such as instruction set
simulator, C-compiler, assembler, profiler etc.) as well as to synthesize
the hardware. This paper describes an architecture exploration loop for
an ASIP coprocessor which implements common encryption functional-
ity used in symmetric block cipher algorithms for IPsec. The coprocessor
is accessed via shared memory and as a consequence, our approach is eas-
ily adaptable to arbitrary processor architectures. In the case study, we
used Blowfish as encryption algorithm and a MIPS architecture as main
processor.

1 Introduction

The strong growth of internet usage during the past years and the resulting
packet traffic have put tight constraints on both protocol and hardware devel-
opment. On the one hand, there is the demand for high packet throughput and
on the other hand, protocols have to meet the continously changing traffic re-
quirements like Quality-Of-Service, Differentiated Services, etc. Furthermore, the
increasing number of mobile devices with wireless internet access like laptops,
PDAs and mobile phones as well as Virtual Private Networks (VPNs) has made
security one of the most important features of today’s networks. IPsec is proba-
bly the most transparent way to provide security to the internet traffic. In order
to achieve the security objectives, IPsec provides dedicated services at the IP
layer that enable a system to select security protocols, determine the algorithm
to use, and put in place any cryptographic keys required. This set of services
provides access control, connectionless integrity, data origin authentication, re-
jection of replayed packets (a form of partial sequence integrity), confidentiality

H. Schepers (Ed.): SCOPES 2004, LNCS 3199, pp. 33–46, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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(encryption) and limited traffic flow confidentiality. Because these services are
implemented at the IP layer, they can be used by any higher layer protocol, e.g.
TCP, UDP, VPN etc.

Fig. 1. Break-up of tasks in typical VPN traffic.

Integrating security warranties into the IP stack inevitably influences overall
IP processing performance. Fig. 1 shows break-ups of tasks in implementations
of VPN and their execution time related to the packet size. The columns al-
ternately represent implementations of VPN in software and hardware, starting
with a software implementation with an incoming packet size of 64 bytes. Since
data encryption is the most computation intensive task in IPsec, it becomes one
of the most promising candidates to increase overall packet processing perfor-
mance. But encryption algorithms are an ever-changing area of computer science.
Regularly they are cracked or replaced by newer ones. For example, currently
the Data Encryption Standard (DES) is replaced by the Advanced Encryption
Standard (AES). Implementing such algorithms completely in hardware (i.e as
a separate Application Specific Integrated Circuit (ASIC)) is not feasible due
to a lack of reuse opportunities. A good compromise between flexibility and ef-
ficiency are Network Processing Units (NPUs) which constitute a subclass of
ASIPs. They offer highly optimized instruction sets tailored to specific network
application domains (which in our case is encryption). Overall performance can
be further enhanced by including specialized coprocessors to perform tasks like
table lookup, checksum computation, etc. and by expanding the data path to
support necessary packet modifications.

In order to design efficient NPUs like any other ASIPs, design space explo-
ration (fig. 2) at the processor architecture level needs to be performed [7],[8].
Architecture exploration usually starts with an initial architectural prototype.
The pure software implementation of the intended application is run and pro-
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filed on this prototype to determine probable performance bottlenecks. Based
on the profiling results, the designer refines the basic architecture step by step
(e.g. by adding custom instructions or fine-tuning the instruction pipeline) until
it is optimally tailored towards the intended range of applications.

Fig. 2. Tool based processor architecture exploration loop.

This iterative exploration approach demands for very flexible retargetable
software development tools (C-compiler for main processor, assembler, cosimu-
lator/debugger etc.) that can be quickly adapted to varying target processor-
coprocessor configurations as well as a methodology for efficient Multiprocessor-
SoC exploration on system level. Retargetable tools permit to explore many
alternative design points in the exploration space within short time, i.e. without
the need of tedious complete tool re-design. Such development tools are usually
driven by a processor model given in a dedicated specification language.

Although this approach is the basic reason for the success of Architecture
Description Languages (ADLs), the link to the physical parameters such as chip
area or clock speed gets lost. The necessity of combining the high level abstrac-
tion and physical parameter evaluation in a single exploration is obvious.

In this paper we present an architecture exploration case study for a co-
processor, supporting symmetric block cipher functionality using an ADL tool
suite. Our main intention is to show the usage of the tools and their interaction.
The remainder of this paper is organized as follows: In section 2 we give a short
introduction to our tool suite that we used within this exploration followed by a
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discussion of the related work in section 3. The main body of the paper consists
of the illustration of our target application with main focus on the encryption
algorithm in section 4, followed by the detailed presentation of the successive
refinement flow for the joint processor/coprocessor optimizations in section 5 as
well as the obtained results. Section 6 concludes the paper.

2 System Overview

The architecture exploration framework presented in this paper builds on the
LISATek Processor Designer, a tool platform for embedded processor design
available from CoWare Inc. [4], an earlier version of which has been described
in detail in [8]. The LISATek tool-suite revolves around the LISA 2.0 ADL.
Amongst others, it allows for automatically generating efficient ASIP software
development tools like instruction set simulator [12], debugger, profiler, assem-
bler, and linker, and it provides capabilities for VHDL and Verilog generation for
hardware synthesis [14]. A retargetable C-compiler [13]1 is seamlessly integrated
into this tool chain and uses the same single “golden reference” LISA model
to drive retargeting. A methodology for system level processor/communication
co-exploration for multi-processor systems [21] is integrated into the LISA tool
chain, too. We believe that such an integrated ADL-driven approach to ASIP
design is most efficient, since it avoids model inconsistencies and the need to use
various special-purpose description languages.

3 Related Work

The approaches that come closest to ours are Expression [7], ASIP Meister [17],
and CHESS [9]. Similar to our approach with the LISA language, Expression
uses a dedicated, unified processor ADL with applications beyond compiler re-
targeting (e.g. simulator generation). Hardware Description Language (HDL)
generation from the Expression language is presented in [7]. The HDL genera-
tion is based on a functional abstraction and thus allows to generate the complete
architecture.

Like our approach, ASIP Meister builds on the CoSy compiler platform [1].
However, it has no uniform ADL (i.e. target machine modeling is completely
based on GUI entry) and the range of target processors is restricted due to
a predefined processor component library. That is why the HDL generation of
ASIP Meister is able to fulfill tight constraints regarding synthesis results, but
sacrificing flexibility.

CHESS uses the nML ADL [6] for processor modeling and compiler retarget-
ing. Unfortunately, only few details about retargeting CHESS have been pub-
lished. Like LISA, nML is a hierarchical mixed structural/behavioral ADL that
(besides capturing other machine features) annotates each instruction with a

Based on CoSy compiler development system from ACE [1].1
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behavior description. While LISA permits arbitrary C code for behavior descrip-
tions, such descriptions in nML are restricted to a predefined set of operators
which probably limits the flexibility of CHESS. Build on nML, an HDL gener-
ator GO from Target Compiler Technologies [18] exists which results are unfor-
tunately not publicly available. Furthermore, the project Sim-HS [20] produces
synthesizable Verilog models from Sim-nML models. Here, non-pipelined archi-
tectures are generated and the base structure of the generated hardware is fixed.
Additionally, to our knowledge none of the here mentioned frameworks provides
support for retargetable MP-SoC integration at the system level, which was, due
to our processor-coprocessor design, a major drawback.

There are several existing architectures for cryptographic coprocessors tar-
geted towards embedded systems. Some general architectures are presented in
[3], [11], [2], [10]. Chodowiec [3] and his group show that advanced architectural
techniques can be used to improve performance for block cipher algorithms; they
implement pipelines and loop-unrolling in an architecture based on a Field Pro-
grammable Gate Array (FPGA). Similar approaches are taken in [11] and [2] with
regards to the International Data Encryption Algorithm (IDEA). They compare
the differences in performance of serial and parallel implementations of IDEA
using a Xilinx Virtex platform; power consumption is not considered. In [10],
the authors explore a methodology for hardware-software partitioning between
ASICs, Digital Signal Processors (DSPs) and FPGAs to optimize performance
for customized encryptions units. The author of [10] also points out that since
there are limited resources available to mobile communication devices, proper
balance of performance and flexibility is important. He presents design choices
associated with these factors in his FPGA-based implementation of IDEA.

4 Target Application

The Internet Protocol (IP) is designed for use in interconnected systems of
packet-switched computer communication networks. It provides facilities to
transmit blocks from sources to destinations which are identified by fixed length
addresses. The protocol is specifically limited in scope to provide the functions
necessary to deliver a datagram from source to destination, and there are no
mechanisms for other services commonly found in host-to-host protocols.

Because of the need for an upgrade anyway, it was logical that the new version
of the internet protocol – IPv6 – should contain a native security system which
would allow the users to communicate securely. At the same time, it must be
realized that because the internet is a vast and complex network, the transition
to the new version of the protocol will not be immediate. Hence the security
implementation should be such that it would be compatible, and adaptable to
IPv4.

IPsec focuses on the security that can be provided by the IP-layer of the
network. It does not concern itself with application level security such as Pretty
Good Privacy (PGP), for instance.
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Security requirements can be divided into two distinct parts:

Authentication & Integrity and
Confidentiality.

These are independent of each other and can be used separately or together
according to user requirements. The encryption and authentication algorithms
used for IPsec are the heart of the system. They are directly responsible for
the strength of the security the system can provide. IPsec generally claims for
block cipher algorithms which support Cipher Block Chaining (CBC) mode [16].
Roughly spoken, this means that the encryption of a certain block of data is
affected by the encryption of preceding blocks.

Our main application is the publicly available network stack implementation
developed by Microsoft Research [5] known as MSR IPv6. To enhance IPv6
performance, we identified and extracted the common path through this protocol
including IPsec encryption. Based on this, we wrote an IPv6 testbench. For the
encryption we selected the Blowfish encryption algorithm.

Blowfish is a symmetric block cipher with 64-bit block size and variable
length keys (up to 448 bits) designed by Bruce Schneier [16]. It has gained a
wide acceptance in a number of applications. No attacks are known against it.
This cipher was designed specifically for 32-bit machines and is significantly
faster than DES. One of the proposed candidates for the AES called Twofish
[15] is based on Blowfish. As most block cipher algorithms, Blowfish is a so called
Feistel-Network which takes a block of size divides it in two halves of size
and executes an iterative block cipher of the form

where is a partial key of ith round,
L, R are the right and left halves, respectively, of size and
F an arbitrary round function.

Feistel-Networks guarantee reversibility of the encryption function. Since
is xor-ed with the output of the following holds true:

The same concepts can be found in DES, Twofish, etc. Blowfish supports all
known encryption modes like CBC, ECB OFB64, etc. and is therefore a good
candidate for IPsec encryption. Two main parts constitute the Blowfish encryp-
tion algorithm (fig. 3): key expansion and data encryption. The key expansion
divides a given key into different 32-bit subkeys. The main key is 4168 bits wide
and has to be generated in advance.

On the lowest level, the algorithm contains just the very basic encryption
techniques confusion and diffusion [16]. Confusion masks relationships between
plain and cipher text by substituting blocks of plain text with blocks of cipher
text. Diffusion distributes redundancies of plain text over the cipher text by
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Fig. 3. Blowfish. Fig. 4. Function F.

permuting blocks of cipher text. Confusion and diffusion depend strongly on the
set of subkeys. 18 subkeys constitute a permutation array (P-array), denoted as

for confusion. Four substitution arrays (S-Boxes) – each of 256 entries – denoted
as

control diffusion.
The data encryption is basically a very simple function (fig. 4) which is

executed 16 times. Each round is made of a key dependent permutation, as well as
a key and data dependent substitution which constitute the very basic encryption
techniques. The used operations are either additions or xor-connections and four
memory accesses per round. The exact encryption procedure works as follows:
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Divide x into two 32-bit halves and
For to 16:

Exchange and
Exchange and (reverts first exchange)

Concatenate and

The function F looks like the following:

into four 8-bit-quarter andDivide

where designates index of S-Box for and De-
cryption works exactly in the same way, just with the difference that

are used in reversed order.

5 Exploration Methodology

The key functionality of the LISA processor design platform is its support for ar-
chitecture exploration: In the phase of tailoring an architecture to an application
domain LISA permits a refinement from profiled application kernel functionality
to cycle accurate abstraction of a processor model. This process is usually an
iterative one that is repeated until a best fit between selected architecture and
target application is obtained. Every change to the architecture specification re-
quires a complete new set of software development tools. Such changes, if carried
out manually, will result in a long, tedious and extremely error-prone exploration
process. The automatic tool generation mechanism of LISA enables the designer
to speed-up this process considerably. The design methodology is composed of
mainly three different phases: application profiling, architecture exploration and
architecture implementation phase.

5.1 Application Profiling

The application profiling phase covers tasks to identify and select algorithm
kernels which are candidates for hardware acceleration. Such kernels constitute
the performance critical path of the target application and can be easily identified
by instrumenting the application code in order to generate high-level language
execution statistics by simulating the functional prototype.

For this purpose, we generated a C-compiler for a MIPS32 4K architecture
by applying the LISA Compiler-Generator on the related LISA model, imple-
mented our target application and profiled it with the LISA Profiler to obtain a
general idea about bottlenecks and of possible hardware accelerations. The out-
come was a pure functional specification of the instructions to be implemented.
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As expected, it turned out that most of the execution time is spent in the en-
cryption algorithm. More detailed, 80% of the computations are spent in the
above mentioned F function according to its iterative execution.

5.2 Architecture Exploration

During the architecture exploration phase (fig. 2 in section 1), software develop-
ment tools (i.e. C-compiler, assembler, linker, and cycle-accurate simulator) are
required to profile and benchmark the target application on different architec-
tural alternatives. Using the C-compiler, the software and architecture designers
can study the application’s performance requirements immediately after the al-
gorithm designer has finished his work.

To support Blowfish encryption most efficiently, but without complete loss of
flexibility to develop other symmetric IPsec encryption algorithms, we decided
to implement an encryption specific instruction set processor. Furthermore, we
wanted to provide a maximum amount of flexibility concerning hardware con-
straints, which led to a coprocessor design, that is accessed by its host processor
via shared memory and provides special purpose encryption instructions. This
implies that the coprocessor has to run at least with the same clock speed as the
main processor, because otherwise the original implementation of the IP stack
would be slowed down by the coprocessor.

In fig. 5, the resulting dual-processor platform is depicted. For both pro-
cessors, a processor simulator automatically generated from a LISA model is
applied. The processor models contain two bus instances, one for the program
memory requests and one for the data accesses. For high simulation performance,
the memory modules local to one processor are modeled inside the respective
LISA model, e.g. the kernel segment ROM (kseg_rom) and the user segment
ROM (useg_rom) of the MIPS32 main processor. Only the memory requests to
the shared memory are directed to the SystemC world outside the LISA simu-
lators.

The platform communication is modeled efficiently using the Transaction
Level Modeling (TLM) paradigm [19] supported by SystemC 2.0. A LISA port
translates the LISA memory API requests of the processors to the respective
TLM requests for the abstract SystemC bus model. The bus model performs
the bus arbitration and forwards the processor requests to the shared memory.
This memory is used to communicate between the processors and thus exchange
parameters as well as results of the encryption procedures implemented on the
coprocessor and the original IPv6 protocol stack implemented on the MIPS main
processor. To access the coprocessor on C-code level, we extended the generated
MIPS C-compiler by dedicated intrinsic functions, one for the encryption and
the decryption procedure. These intrinsic functions have the same look and feel
as the original functions of blowfish, but internally they push their parameters
onto the shared memory block, poll a certain memory address, that indicates the
end of the computation and pop the results from the shared memory block back
to local memory for further processing on the MIPS. On the coprocessor side,
the external memory is also polled for parameters. If now certain paramters are
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Fig. 5. Simulation setup.

found in the memory, the relevant computation is performed and the results are
written back to the external memory.

Since F is iteratively executed within the encryption, the decryption and
also in the key generation procedures of Blowfish, interleaved parallel execution
of F in a dedicated pipeline is not possible, because results from iteration are
used as input in iteration Another option was to develop instructions that
cover partially behavior of F presented in fig. 4 and which can be executed in
one cycle related to the MIPS cycle length. Therefore, our first design decision
was to start from a RISC architecture including a 4-stage pipeline with fetch,
decode, execution and writeback stage as in the initial LISA-model template. In
the further discussed architecture co-exploration loops, the coprocessor core has
been successively refined in order to reach a certain degree of efficiency. In the
following, the required architecture co-exploration loops are discussed in detail.

Implementing the instructions, we started with a first educated guess and
divided the function F (fig. 4) into four independent parts, each of which can be
executed in one execution stage:

Each of these instructions takes an 8-bit quarter of the input of F, reads
the according S-Box value (see section 4) from the memory and processes either
an xor or an add instructions on this value. It has to be mentioned that each
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of the comprises an addition of an offset to a base address
and reads the value of the computed address from memory. By calling these
instructions in a sequence, we gained a first approach to support Blowfish by
dedicated instructions. However, memory accesses and additions consume lots of
computation time and therefore our instructions did not meet the cycle length
constraint given by the MIPS architecture. Furthermore, the reusability of the
instructions, with respect to other block cipher algorithms is also very limited.

Fig. 6. Parallel S-Box access in the execution stage.

Refining our first approach, we decided to separate the core S-Box access
from the remaining operations and to put it into a dedicated hardware unit.
This unit was placed into the execution stage, such that it can be executed in
parallel to other operations (fig. 6). As a consequence, the memory latencies re-
lated to S-Box accesses are completely hidden in the execution of the encryption
instructions and do not affect system performance. We modified the encryption
instruction putting focus on the number of additions in each of them. The result
was that we developed four instructions, one for each S-Box, where each of them
covers a S-Box access in the way that it calculates the address and pushes the
result to the unit responsible for the pure S-Box memory access. Furthermore
we developed an add-xor instruction and an add-xor-xor instruction to process
the results from the S-Box accesses, so that we had now six instructions over all.
This design made it possible to adapt our coprocessor speed to that of the MIPS
architecture. In addition to this, the reusability for other block cipher algorithms
is much better than in our first approach. For example, the add-xor instruction
can be used as a pure add instruction just by setting one operand to zero.

5.3 Architecture Implementation

At the last stage of the design flow, the architecture implementation phase (fig.
2 in section 1), the ADL architecture description is used to generate an architec-
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ture description on Register Transfer Level(RTL). The RTL-Processor-Synthesis
can be triggered to generate synthesizable HDL-code for the complete architec-
ture. Numbers on hardware cost and performance parameters (e.g. design area,
timing) can be derived by running the HDL processor model through the stan-
dard logic synthesis flow. On this high level of detail the designer can tweak
the computational efficiency of the architecture by experimenting with different
implementations of the data path.

First synthesis results from the architecture defined in exploration phase 3
showed the potential for area improvement in both the pipeline and the general
purpose register file. In order to reduce chip size, we applied two more optimiza-
tions of the coprocessor.

In the first implementation loop, we removed all unnecessary and redundant
functionality like shift, mul or add operations. For example, having an add-xor
instruction made original add instructions redundant. Furthermore, we enhanced
the architecture by increment and decrement operations. These operations can
be used for the processing of loop counters, instead of using 32-bit adders.

In the second implementation loop, we reduced the number of general purpose
registers from 15 down to 9. Additionally, the number of ports of the general
purpose register file was reduced. The remaining coprocessor architecture just
consists of instructions for memory access, register-copy, increment, decrement
and xor. Along with these, 6 dedicated instructions for symmetric encryption as
well as 9 general purpose and 3 special purpose registers to hold the S-Box values
were implemented. This architecture is sufficient to comfortably implement an
encryption, decryption and a key generation function for symmetric block cipher
algorithms.

5.4 Experimental Results

The architecture parameters considered for our design decisions during explo-
ration phase were code size and number of cycles. During the implementation
phase, chip area and timing were taken into account. In tables 1 and 2, the
processed iterations in exploration phase are numbered from exploration 1 to
exploration 3 and from synthesis 1 to synthesis 3 in the implementation phase.

Table 1 shows that the employment of our coprocessor of exploration 3 results
in an overall speed-up of the Blowfish encryption algorithm by a factor of five.

Although the number of instructions of exploration 2 is less than the cor-
responding number of exploration 3 it turned out, that the timing constraint
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specified by the MIPS, cannot be met by the model exploration 2, whereas our
final model of the exploration phase showed an equivalent timing to the MIPS
processor.

Table 2 confirms our statements from section 5.3. The first synthesis resulted
in a core which had an area consumption of 31.4 kGates. We were able to re-
duce this area size to 22.2 kGates. In the first implementation loop, the area
consumption of the pipeline was reduced from 21.1 kGates down to 15.0 kGates.
Furthermore, in the second implementation loop, we decreased the area of the
register file by 3.4 kGates down to 7.1 kGates.

6 Conclusions

In this paper we illustrated the successive refinement flow of processor architec-
tures within an architecture exploration procedure. In our case study we used
an IPv6 protocol stack implementation developed by Microsoft Research which
we combined with the Blowfish block cipher algorithm as the IPsec encryption.
We have designed a coprocessor for efficient implementation of symmetric block
cipher algorithms by providing an application specific instruction set. To access
the encryption procedures from the C-level, we inserted dedicated intrinsic func-
tionality into the generated MIPS C-compiler. By using the whole LISA tool
suite for our case study, we were able to show that overall IP processing can be
very efficiently supported by a small set of hardware accelerations without loss
of flexibility due to future developments in the area of symmetric encryption.
Because of the very simple and common structure of the Blowfish encryption
algorithm, we believe that our approach can be adapted to other block cipher
algorithms as well.
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Abstract. Synthesis of digital signal processing (DSP) software from dataflow-
based formal models is an effective approach for tackling the complexity of
modem DSP applications. In this paper, an efficient method is proposed for ap-
plying subroutine call instantiation of module functionality when synthesizing
embedded software from a dataflow specification. The technique is based on a
novel recursive decomposition of subgraphs in a cluster hierarchy that is opti-
mized for low buffer size. Applying this technique, one can achieve significantly
lower buffer sizes than what is available for minimum code size inlined schedules,
which have been the emphasis of prior software synthesis work. Furthermore, it is
guaranteed that the number of procedure calls in the synthesized program is poly-
nomially bounded in the size of the input dataflow graph, even though the number
of module invocations may increase exponentially. This recursive decomposition
approach provides an efficient means for integrating subroutine-based module
instantiation into the design space of DSP software synthesis. The experimental
results demonstrate a significant improvement in buffer cost, especially for more
irregular multi-rate DSP applications, with moderate code and execution time
overhead.

1 Introduction and Related Work

Due to the growing complexity of DSP applications, the use of dataflow-based, block
diagram programming environments is becoming increasingly popular for DSP system
design. The advantages of such environments include intuitive appeal; promotion of
useful softwareengineering practices such as modularity and code reuse; and improved
quality of synthesized code through automatic code generation. Examples of commer-
cial DSP design tools that incorporate dataflow semantics include System Canvas from
Angeles Design Systems [12], SPW from Cadence Design Systems, ADS from Agilent,
Cocentric System Studio from Synopsys [2], GEDAE from Lockheed, and the Autoc-
oding Toolset from Management, Communications, and Control, Inc. [15]. Research-
oriented tools and languages related to dataflow-based DSP design include Ptolemy

H. Schepers (Ed.): SCOPES 2004, LNCS 3199, pp. 47–61, 2004.
© Springer-Verlag Berlin Heidelberg 2004



48 Ming-Yung Ko, Praveen K. Murthy, and Shuvra S. Bhattacharyya

from U. C. Berkeley [3], GRAPE from K. U. Leuven [8], Compaan from Leiden Uni-
versity [16], and StreamIt from MIT [5].

A significant body of theory and algorithms has been developed for synthesis of
software from dataflow-based block diagram representations. Many of these techniques
pertain to the synchronous dataflow (SDF) model [9], which can be viewed as an im-
portant common denominator across a wide variety of DSP design tools. The major ad-
vantage of SDF is the potential for static analysis and optimization. In [1], algorithms
are developed to optimize buffer space while obeying the constraint of minimal code
space. A multiple objective optimization is proposed in [18] to compute the full range
of Pareto-optimal solutions in trading off code size, data space, and execution time.
Vectorization can be incorporated into SDF graphs to reduce the rate of context switch-
ing and enhance execution performance [7,14].

In this paper, an efficient method is proposed for applying subroutine call instanti-
ation of module functionality to minimize buffering requirements when synthesizing
embedded software from SDF specifications. The technique is based on a novel recur-
sive decomposition of subgraphs in a cluster hierarchy that is optimized for low buffer
size. Applying this technique, one can achieve significantly lower buffer sizes than
what is available for minimum code size inlined schedules, which have been the em-
phasis of prior software synthesis work. Furthermore, it is guaranteed that the number
of procedure calls in the synthesized program is polynomially bounded in the size of the
input dataflow graph, thereby bounding the code size overhead. Having such a bound
is particularly important because the number of module invocations may increase expo-
nentially in an SDF graph. Our recursive decomposition approach provides an efficient
means for integrating subroutine-based module instantiation into the design space of
DSP software synthesis.

In [17], an alternative buffer minimization technique through transforming looped
schedules is investigated. The transformation works on a certain schedule tree data
structure, and the computational complexity of the transformation is shown to be poly-
nomial in the number of leaf nodes in this schedule tree. However, since leaf nodes in
the schedule tree correspond to actor appearances in the schedule, there is in general no
polynomial bound in terms of the size of the SDF graph on the number of these leaf
nodes. Therefore, no polynomial bound emerges on the complexity of the transforma-
tion technique in terms of SDF graph size. In contrast, our graph decomposition strategy
extends and hierarchically applies a two-actor SDF graph scheduling theory that guar-
antees achieving minimal buffer requirements [1], and a number of theorems are devel-
oped in this paper to ensure that the complexity of our approach is polynomially bound-
ed in the size of the SDF graph.

Buffer minimization and use of subroutine calls during code synthesis have also
been explored in the phased scheduling technique [4]. This work is part of the StreamIt
language [5] for developing streaming applications. Phased scheduling applies to a re-
stricted subset of SDF graphs, in particular each basic computation unit (called a filter
in StreamIt) allows only a single input and output. In contrast, the recursive graph de-
composition approach applies to all SDF graphs that have single appearance schedules
(this class includes all properly-constructed, acyclic SDF graphs), and furthermore, can
be applied outside the tightly interdependent components of SDF graphs that do not
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have single appearance schedules. Tightly interdependent components are unique, max-
imal subgraphs that exhibit a certain form of data dependency [1]. Through extensive
experiments with single appearance scheduling, it has been observed that tightly inter-
dependent components arise only very infrequently in practice [1]. Integrating phased
scheduling concepts with the decomposition approach presented in this paper is an in-
teresting direction for further work.

Panda surveys data memory optimization techniques for compiling high level lan-
guages (HLLs), such as C, including techniques such as code transformation, register
allocation, and address generation [13]. Due to the instruction-level parallelism capa-
bility found in many DSP processors, the study of independent register transfers is also
a useful subject. The work of [10] investigates an integer programming approach for
code compaction that obeys exact timing constraints and saves code space as well.
Since code for individual actors is often specified by HLLs, several such techniques are
complementary to the techniques developed in this paper. In particular HLL compila-
tion techniques can be used for performing intra-actor optimization in conjunction with
the inter-actor, SDF-based optimizations developed in this paper.

2 Background and Notation

An SDF program specification is a directed graph where vertices represent functional
blocks (actors) and edges represent data dependencies. Actors are activated when suf-
ficient inputs are available, and FIFO queues (or buffers) are usually allocated to buffer
data transferred between actors. In addition, for each edge e, the numbers of data values
produced prd(e) and consumed cns(e) are fixed at compile time for each invocation
of the source actor src(e) and sink actor snk(e), respectively.

A schedule is a sequence of actor executions (or firings). We compile an SDF graph
by first constructing a valid schedule, a finite schedule that fires each actor at least once,
and does not lead to unbounded buffer accumulation (if the schedule is repeated indef-
initely) nor buffer underflow on any edge. To avoid buffer overflow and underflow
problems, the total amount of data produced and consumed is required to be matched
on all edges. In [9], efficient algorithms are presented to determine whether or not a val-
id schedule exists for an SDF graph, and to determine the minimum number of firings
of each actor in a valid schedule. We denote the repetitions of an actor as this minimum
number of firings and collect the repetitions for all actors in the repetitions vector.
Therefore, given an edge e and repetitions vector q, the balance equation for e is writ-
ten as q(src(e))prd(e) = q(snk(e)) cns(e).

To save code space, actor firings can be incorporated within loop constructs to form
looped schedules. Looped schedules group sequential firings into schedule loops; each
such loop is composed of a loop iteration count and one or more iterands. In addition to
being firings, iterands also can be schedules, and therefore, it is possible to form nested
looped schedules. The notation we use for a schedule loop L is
where n denotes the iteration count and denote the iterands of L. Single
appearance schedules (SAS) refer to schedules where each actor appears only once. In
inlined code implementation, an SAS contains a single copy of code for every actor and
results in minimal code space requirements. For an acyclic SDF graph, an SAS can eas-
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ily be derived from a topological sorting of the actors. However, such an SAS often re-
quires relatively high buffer cost. A more memory-efficient method of SAS construc-
tion is to perform a certain form of dynamic programming optimization (called DPPO
for dynamic programming post optimization) over a topological sort to generate a buff-
er-efficient, nested looped schedule [1]. In this paper, we employ the acyclic pairwise
grouping for adjacent nodes (APGAN) algorithm [1] for the generation of topological
sorts and the DPPO method described above for the optimization of these topological
sorts into more buffer-efficient form.

3 Recursive Decomposition
of a Two-Actor SDF Graph

Given a two-actor SDF graph as shown on the left in Fig. 1, we can recursively generate
a schedule that has a buffer memory requirement of the least amount possible. The
scheduling technique works in the following way: given the edge A B, and
prd(AB) = n> cns(AB) = m, we derive the new graph shown on the right in Fig. 1
where the actor set is and  The actor is a hier-
archical actor that represents the schedule and just represents B.
Consider a minimum buffer schedule for the reduced graph, where we replace occur-
rences of a by and occurrences of are replaced by B. For exam-
ple, suppose that n = 3 and m = 2 . Then 3 mod 2 = 1 , the minimum buffer schedule
for the reduced graph would be and this would result in the schedule A BA BB
after the replacement. As can be verified, this later schedule is a valid schedule for the
original graph, and is also a minimum buffer schedule for it, having a buffer memory
requirement of n + m – 1 as expected.

However, the advantage of the reduced graph is depicted in Fig. 2: the schedule for
the reduced graph can be implemented using procedure calls in a way that is more par-
simonious than simply replacing each occurrence of A and B in ABABB by procedure
calls. This latter approach would require 5 procedure calls, whereas the hierarchical im-
plementation depicted in Fig. 2 requires only 3 procedure calls. The topmost procedure
implements the SAS where is really a procedure call; this
procedure call implements the SAS AB, which in turn call the actors A and B. Of-
course, we could implement the schedule ABABB more efficiently than simply using
five procedure calls; for example, we could generate inline code for the schedule
(2AB) B ; this would have 3 blocks of code: two for B, and one for A . We would have
to do a trade-off analysis to see whether the overhead of the 3 procedure calls would be
less than the code-size increase of using 3 appearances (instead of 2).

We first state an important theorem from [1]:

Fig. 1. A two-actor SDF graph and its reduced version.
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Theorem 1: For the two-actor SDF graph depicted on the left in Fig. 1, the minimum
buffer requirement over all schedules is given by n + m – gcd(n, m).

Proof: See [1].

We denote n + m – gcd(n, m) for a two-actor SDF graph depicted on the left in
Fig. 1 as the VBMLB (the buffer memory lower bound over all valid schedules). The def-
inition of VBMLB also applies to an SDF edge. Similarly, for arbitrary SDF graphs, the
VBMLB for a graph can be defined as the sum of VBMLBs over all edges.

Theorem 2 shows that the preservation of the minimum buffer schedule in the re-
duced graph in the above example is not a coincidence.

Theorem 2: The minimum buffer schedule for the reduced graph on the right in Fig. 1
yields a minimum buffer schedule for the graph on the left when the appropriate sub-
stitutions of the actors are made.

Proof: Let gcd(n, m) = g. The equation gcd(n mod m, m) = g must hold since a
fundamental property of the gcd is that gcd(n, m) = gcd(n mod m, m). So the min-
imum buffer requirement for the reduced graph is given by n mod m + m – g from
Theorem 1. Now, when is replaced by to get a schedule for the orig-
inal graph, we see that the maximum number of tokens is going to be reached after a
firing of A since firings of B consume tokens. Since the maximum number of tokens
reached in the reduced graph on edge is n mod m + m – g, the maximum num-
ber reached on AB when we replace by will be

Hence, the theorem is proved. QED.

Theorem 3: An SAS for a two-actor graph satisfies the VBMLB if and only if either
( n is dividable by m) or A 2-actor SDF graph where either or
is called a perfect SDF graph (PSG) in this paper.

Proof: (Forward direction) Assume WLOG that n > m . Then the SAS is going to be
(m/(gcd(n, m)))A)((n/ (gcd(n, m)))B). The buffering requirement of this schedule
is mn/gcd(n, m). Since this satisfies the VBMLB, we have

Fig. 2. A hierarchical procedural implementation of a minimum buffer schedule for the SDF
graph on the left.
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Since n > m , we have to show that (1) implies The contrapositive is that if
does not hold then Equation 1 does not hold. Indeed, if does not hold, then

gcd(n, m)<m, and In the R.H.S. of (1), we have
m – gcd(n, m) < m< n, meaning that the R.H.S. is < 2n . This shows that (1) cannot
hold.

The reverse direction follows easily since if then the L.H.S. is n , and the
R.H.S. is m + n – m = n. QED.

Theorem 4: A minimum buffer schedule for a two-actor SDF graph can be generated
in the recursive hierarchical manner by reducing the graph until either or

Proof: This follows by Theorems 2 and 3 since reduction until or is nec-
essary for the terminal schedule to be an SAS by Theorem 3, and the back substitution
process preserves the VBMLB by Theorem 2.

Theorem 5: The number of reductions needed to reduce a two-actor SDF graph to a
PSG is polynomial in the size of the SDF graph and is bounded by O(logn + logm).

Proof: This follows by Lame’s theorem that the Euclidean GCD algorithm runs in
polynomial time. A complete proof is given in [6].

Thus, we can implement the minimum buffer schedule in a recursive, hierarchical
manner, where the number of subroutine calls is guaranteed to be polynomially bound-
ed in the size of the original two-actor SDF graph.

4 Extension to Arbitrary SAS

Any SAS S can be represented as an R-schedule,

where is the schedule for a “left” portion of the graph and is the schedule for the
corresponding “right” portion [1]. The schedules can be recursively decom-
posed this way until we obtain schedules for two-actor graphs. In fact, the decomposi-
tion above can be represented as a clustered graph where the top level graph has two
hierarchical actors and one or more edges between them. Each hierarchical actor in turn
contains two-actor graphs with hierarchical actors until we reach two-actor graphs with
non-hierarchical actors. Fig. 3 shows an SDF graph, an SAS for it, and the resulting
cluster hierarchy.

This suggests that the hierarchical implementation of the minimum buffer schedule
can be applied naturally to an arbitrary SAS starting at the top-most level. In Fig. 3, the
graph in (d) is a PSG and has the SAS We then decompose the actors
and For the graph is also a PSG, and has the schedule E (5D) . Similarly, the
graph for is also a PSG with the schedule Finally, the graph for is also
a PSG, and has the schedule (3A)B. Hence, in this example, no reductions are needed
at any stage in the hierarchy at all, and the overall buffering requirement is
20 + 2 = 22 for the graph in (d), 10 for 8 for and 3 for for a total re-
quirement of 43. The VBMLB for this graph is 29. The reason that even the hierarchical
decomposition does not yield the VBMLB is that the clustering process amplifies the
produced/consumed parameters on edges, and inflates the VBMLB costs on those edg-
es.
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Fig. 3. An SAS showing how an SDF graph can be decomposed into a series of two-actor sub-
graphs.

Fig. 4. An algorithm overview for arbitrary SDF graphs.

The extension to an arbitrary SDF graph, in other words, is to compute the VBMLB
of the cluster hierarchy that underlies the given R-schedule. That is the goal the graph
decomposition achieves and an algorithm overview is illustrated in Fig. 4. The VBMLB
of the cluster hierarchy is calculated through summation over the VBMLB of all edges
at each hierarchical level (e.g., and the top-most level comprising
and        in Fig. 3). We denote this cost as the VBMLB for a graph cluster hierarchy and
for the example of Fig. 3, the cluster hierarchy VBMLB is 43 as computed in the pre-
vious paragraph.

To obtain an R-schedule, DPPO is a useful algorithm to start with. As discussed in
Sect. 2, DPPO is a dynamic programming approach to generating an SAS with minimal
buffering cost. Because the original DPPO algorithm pertains to direct implementation
in SAS form, the cost function in the dynamic programming approach is based on a
buffering requirement calculation that assumes such implementation as an SAS. If,
however, the SAS is to be processed using the decomposition techniques developed in
Sect. 4, the VBMLB value for an edge e,
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is a more appropriate cost criterion for the dynamic programming formulation. This
modified DPPO approach will evaluate a VBMLB-optimized R-schedule, which pro-
vides a hierarchical clustering suitable for our recursive graph decomposition.

Although we have shown that the number of decompositions required to reach a
PSG is polynomial for a two-actor SDF graph, it is not obvious from this that the com-
plexity of our recursive decomposition approach for arbitrary graphs is also polynomial.
For arbitrary graphs, the clustering process expands the produced/consumed numbers;
in fact, these numbers can increase multiplicatively. Because of the nature of the loga-
rithm operator, however, the multiplicatively-increased rates still keep the decomposi-
tion process of polynomial complexity in the size of the input SDF graph. Full details
on this complexity result can be found in [6].

Notice that we had to deal with multiple edges between actors in the above example.
It is not immediately obvious whether there exists a schedule for a two-actor graph with
multiple edges between the two actors that will simultaneously yield the VBMLB on
each edge individually. We prove several results below that guarantee that there does
exist such a schedule, and that a schedule that yields the VBMLB on any one edge
yields the VBMLB on all edges simultaneously.

Consider the consistent two-actor graph shown in Fig. 5. The repetitions vector sat-
isfies the following equations:

The fact that the graph is consistent means that (2) has a valid, non-zero solution.

Lemma 1: Suppose that Then

Proof: Suppose not. Suppose that for some i, j , we have but Equa-
tion (2) implies that But and implies
contradicting (2). QED.

Now consider the two graphs shown in Fig. 6. Let these graphs have the same rep-
etitions vector. Thus, we have

Fig. 5. A two-actor SDF multi-graph.

Fig. 6. Two two-actor graphs with the same repetitions vector.
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Theorem 6: The two graphs in Fig. 6 (I) and (II) have the same set of valid schedules.

Proof: Suppose not. Suppose there is a schedule for (I) that is not valid for (II). Let
be the firing sequence where Since is not valid
for (II), there is some point at which a negative state would be reached in this firing
sequence in graph (II). By a negative state, we mean a state in which at least one buffer
has had more tokens consumed from it than the number of tokens that have been pro-
duced into it. That is, after      firings  of A and B respectively, we have

while So,

By (3), we have Thus giving a contradic-
tion. QED.

Theorem 7: The schedule that yields the VBMLB for (I) also yields the same VBMLB
for (II).

Proof: Let be the firing sequence where that
yields the VBMLB for (I). By Theorem 6, is valid for (II) also. Since is the
VBMLB schedule for (I), at some point, after       firings of A and B respectively,
we have

and for all other and in

We have that
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By (5), we have

Thus,

Hence, this shows that yields the VBMLB for (II) also. QED.

Theorem 8: For the graph in Fig. 5, there is a schedule that yields the VBMLB on
every edge simultaneously.

Proof: Follows from the above results.

5 CD-DAT Example

Given the CD-DAT example in Fig. 7, the DPPO algorithm returns the SAS
(7(7(3AB)(2C))(4D))(32E(5F)). This schedule can be decomposed into two-actor
clustered graphs as shown in Fig. 8. The complete procedure call sequence is shown in
Fig. 9, where each vertex represents a subroutine, and the edges represent caller-callee
relationships. The generated C style code is shown as well in Fig. 10. The total buffer
memory requirement is:

This is a 72% improvement over the best requirement of 205 obtained for a strictly
inlined implementation of a SAS. The requirement of 205 is obtained by using a buffer
merging technique [11].

6 Experimental Results

Our optimization algorithm is particularly beneficial to a certain class of applications.
The statement of Theorem 3 tells us that no reduction is needed for edges with produc-
tion and consumption rates that are multiples of one another. We call such edges uni-

Fig. 7. A CD-DAT sample rate converter example.
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Fig. 8. The recursive decomposition of the CD-DAT graph.

Fig. 9. Procedure call sequence for the CD-DAT example.
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Fig. 10. Generated C code for the CD-DAT example.

form edges. Precisely, if an edge e has production and consumption rates m and n , re-
spectively, then e is uniform if either or Our proposed strategy can improve
buffering cost for non-uniform edges and generate the same buffering cost as existing
SAS techniques for uniform edges.

We define two metrics for measuring this form of uniformity for a given SDF graph
G = (V, E) and an associated R-schedule S. For this purpose, we denote as the set
of edges in the cluster hierarchy associated with S. Thus, since every
has a corresponding edge in one of the clustered two-actor subgraphs associated with
S. The set can be partitioned into two sets: the uniform edge set which consists
of the uniform edges, and the non-uniform edge set which consists of the remain-
ing edges.

Metric 1: Uniformity based on edge count:

Metric 2: Uniformity based on buffer cost:

where b(e) is the buffer cost on edge e for the given graph and schedule.
Our procedural implementation technique produces no improvement in buffering

cost when uniformity is 100% (note that 100% uniformity for Metric 1 is equivalent to
100% uniformity for Metric 2). This is because if uniformity is 100%, then the two-ac-
tor graphs in the cluster hierarchy do not require any decomposition to achieve their as-
sociated VBMLB values.
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We examined several SDF applications that exhibit uniformity values below 100%,
and the results are listed in Table 1. The first three columns give the benchmark names
and graph sizes. Uniformity is measured by the proposed metrics and is listed in the
fourth and fifth columns. The R-schedule in the uniformity computation is generated by
the combination of APGAN and DPPO [1]. The last column is the buffer cost ratio of
our procedural implementation over an R-schedule calculated by the combination of
APGAN and DPPO. A lower ratio means that our procedural implementation consumes
less buffer cost. The first five qmf benchmarks are multirate filter bank systems with dif-
ferent depths and low-pass and high-pass components. Following those are three sam-
ple rate converters: cd2dat, cd2dat2, and dat2cd. The function of cd2dat2 is equivalent
to cd2dat except for an alternative breakdown into multiple stages. A two-channel non-
uniform filter bank with depth of two is given in filtBankNu. The last benchmark
cdma2k_rev is a CDMA example of a reverse link using HPSK modulation and demod-
ulation under SR3.

Uniformity and buffer cost ratio are roughly in a linear relationship in Table 1. To
further explore this relationship between buffer cost ratio and uniformity, we experi-
mented with a large set of randomly-generated SDF graphs, and the results are illustrat-
ed in Fig. 11. Both charts in the figure exhibit an approximately proportional relation-
ship between uniformity and buffer cost ratio. The lower the uniformity, the lower the
buffer cost ratio.

To better understand the overheads of execution time and code size for procedural
over inlined implementation, we examined the cd2dat and dat2cd examples in more de-
tail. In the experiment for cd2dat, we obtained 0.75% and 10.85% execution time and
code size overheads, respectively, compared to inlined implementations of the sched-
ules returned by APGAN and GDPPO. In the experiment for dat2cd, the overheads ob-
served were 1.26% and 9.45% respectively. In these experiments, we used the Code
Composer Studio by Texas Instruments for the TMS320C67x series processors. In gen-
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Fig. 11. Relationship between uniformity and buffer cost ratio for random graphs.

eral the overheads depend heavily on the granularity of the actors. In the applications of
Table 1, the actors are mostly of coarse granularity. However, in the presence of many
fine-grained (low complexity) actors, the relative overheads are likely to increase; and
for such applications, the procedural implementation approach proposed in this paper is
less favorable, unless buffer memory constraints are especially severe.

7 Conclusion

In this paper, an efficient method is developed for applying subroutine call instantiation
of module functionality when synthesizing embedded software from an SDF specifica-
tion. This approach provides for significantly lower buffer sizes, with polynomially
bounded procedure call overhead, than what is available for minimum code size, inlined
schedules. This recursive decomposition approach thus provides an efficient means for
integrating subroutine-based module instantiation into the design space of DSP soft-
ware synthesis. We develop metrics for characterizing a certain form of uniformity in
SDF schedules, and show that the benefits of the proposed techniques increase with de-
creasing uniformity. Directions for future work include integrating the procedural im-
plementation approach in this paper with existing techniques for inlined implementa-
tion. For example, different subgraphs in an SDF specification may be best handled us-
ing different techniques, depending on application constraints and subgraph
characteristics (e.g., based on uniformity, as defined in this paper, and actor granulari-
ty). Integration with other strategies for buffer optimization such as phased scheduling
[4] and buffer merging [11] are also useful directions for further investigation.
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Abstract. New embedded signal processing architectures are emerging that are
composed of loosely coupled heterogeneous components like CPUs or DSPs,
specialized IP cores, reconfigurable units, or memories. We believe that these
architectures should be programmed using the Process Network model of com-
putation. To ease the mapping of applications, we are developing the Compaan
compiler that automatically derives a Process Network (PN) description from an
application written in input Matlab. In this paper, we investigate a particular prob-
lem in nested loop programs, which is about classifying the interprocess commu-
nication in the PN representation of the nested loop program. The global memory
arrays present in the Matlab code have to be replaced by a distributed commu-
nication structure used for sending data to the network processes. We will show
that four types of communication exists, each exhibiting different requirements
when realizing them in hardware of software. We present two compile time tests
that decide the type of the communication corresponding to a particular static ar-
ray. These tests are based on Integer Linear Programming and have become an
important part of our Compaan compiler.

1 Introduction

Applications that are envisioned for the next decade in the area of multi-media, imag-
ing, bioinformatics, and classical signal processing have a ferocious appetite for com-
pute power. To satisfy this appetite, new embedded signal processing architectures are
emerging. These are typically composed of loosely coupled heterogeneous components
that exchange data using programmable interconnections such as a switch matrix or a
network on chip (NoC). The components can be CPUs or DSPs, specialized IP cores,
reconfigurable units, or memories. Also, a central control microprocessor is present
for the configuration of the components at run-time using a low-bandwidth bus. An
impression of such architecture is shown in Figure 1. Aside from the use of special-
ized heterogeneous components and instruction level parallelism on the CPUs, these
architectures will employ more and more task level parallelism to deliver the required
performance.

From a technology standpoint, companies and research institutions are already able
to build instances of the presented architecture. Three examples are, for example, the
Picochip from PicoChip, the Virtex Pro from Xilinx, and although still in research, the
SpaceCAKE architecture from Philips. The PicoChip combines 430 simple RISC archi-
tectures on a single die [10]. Xilinx combines FPGA technology with four embedded
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Fig. 1. Embedded Signal Processing Architecture consisting of loosely coupled heterogeneous
components like CPUs, DSPs, Specialized IP cores, Reconfigurable Components, and Memories.

PowerPCs on their Virtex-Pro chips [22]. Philips is researching the SpaceCAKE archi-
tecture which consists of a heterogeneous mix of memories, CPUs like the MIPS or
the ARM and DSPs [15]. We observe that the problem with these heterogeneous archi-
tectures is not building them, but programming them, i.e., writing programs that take
advantage of the offered heterogeneity and task-level parallelism. Writing a program
for such an architecture means partitioning the application over the various components
of the architecture and generating embedded software for each component. In case of
a CPU or DSP, this means writing a piece of C code and in case of an IP core or re-
configurable unit, it means writing a VHDL or Verilog program. This partitioning and
compilations are very time consuming and error prone, which makes the deployment of
the heterogeneous architectures difficult.

We believe that the PN model of computation is suitable to cope with the hetero-
geneity of the new embedded architectures. Still, writing application in a PN format
is a time consuming process. Therefore, we are developing the Compaan compiler [7,
14], which automatically derives a Process Network (PN) description from an appli-
cation written in Matlab. Using Compaan, we can quickly derive PNs from existing
applications and then map them on heterogeneous embedded architectures.

In this paper, we investigate a particular problem in the Compaan compiler regard-
ing the ability to classify the interprocess communication in a PN. Within Compaan, we
distribute the memory arrays present in the input program over a number of communi-
cation structures used for transmitting data between network’s processes. We will show
that four types of communication exist, each exhibiting different requirements when a
hardware or software implementation is generated. Each communication structure in
a process networks is classified to one of the four types, using two tests that are de-
scribed in this paper. These tests can be performed at compile time and have become an
important part of our Compaan compiler.

This paper is organized as follows. In Section 2, we explain our Compaan compiler
project. The four kinds of communication in a process network are presented in Sec-
tion 3. In Section 4 we presented related work. In Section 5 and Section 6, we present
the two tests used for a compile time classification of the communication structures in
a process network. In Section 7 we present some results and we conclude this paper in
Section 8.
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2 The Compaan Compiler

The aim of the Compaan compiler [7,14] is to automatically derive a PN description
from an application written in a standard language like C or Matlab as shown in Fig-
ure 2. It presents on the left-hand side a piece of Matlab code with four assignment
statements (F1 .. F4). This piece of code is transformed in a PN, as given in the right-
hand side. In Compaan, each assignment statement becomes a process and each static
array (r1 and r2) is replaced by distributed communication structures; in this case FIFO
buffers. Once the PN has been created, the individual processes can either be described
as Java [3] or C++ code [5], or can be represented as synthesizable VHDL suitable for
mapping onto a hardware platform [23]. As an example, we can map process F1 and F4
onto a CPU and processes F2 and F3 onto dedicated IP cores or reconfigurable block.
The FIFOs are mapped either onto the communication structure or directly implemented
as FIFOs.

Fig. 2. From a sequential application to functionally equivalent Process Network.

An application written as a Process Network exhibits distributed memory and dis-
tributed control [14]. The distributed memory and control are essential when program-
ming a distributed architecture as given in Figure 1, as the model of computation of a PN
matches the way the architecture operates. Distributed memory means that not all com-
ponents read and write to the same memory block, which usually leads to memory bot-
tlenecks. Instead, components exchange data over separated communication channels,
each channel being addressed by only two components acting in a Producer/Consumer
manner. Distributed control means that each component can make progress on its own;
it is not under the control of some global controller, which fits the loosely coupled
components.

The Compaan compiler itself consists of three tools. The first tool, called Mat-
Parser, uses exact data dependence analysis to transforms the initial Matlab code into
single assignment code (SAC). The second tool, called DgParser, converts the SAC into
a Polyhedral Reduced Dependence Graph (PRDG) data structure, which is a compact
mathematical representation of the DG in terms of polyhedra. The third tool, called
Panda, converts the PRDG into a Process Network, associating a process with each
node of the PRDG.
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3 Problem Description

In the single assignment code obtained after running MatParser, data is being commu-
nicating between assignment statements by sharing global single assignment arrays. In
order to derive a PN, the single assignment code is broken into processes. Since we
now have multiple processes accessing the global arrays, we need to replace them with
distributed communication structures. We do not want to map the static array onto some
shared memory, which is the typical approach. Shared memory contradicts with the de-
sirable notion of distributed memory. Instead, we want to map the static array onto a
truly distributed communication structure. This procedure represents an essential step
in Panda that we call Linearization [12].

In Figure 3, we show two functions F1 and F2 which are respectively the producer
of data in array and the consumer of data in array In Panda, these two func-
tions F1 and F2 are split into separate processes to form a process network. Due to
the splitting, we need to replace the static array by a new communication structure.
This would typically be an unbounded FIFO buffer that is accessed using a blocking-
read primitive. However, the question is whether we can always do this replacement,
as indicated by the question mark in Figure 3. To answer this question, we investigate
the characteristics of accessing static arrays. As we will show, four different types of
communicating data are possible.

Fig. 3. Linearization of static array

3.1 Producer/Consumer Model

The tool DgParser translates the single assignment program to a polyhedral reduced
dependence graph (PRDG). This PRDG is accepted by Panda, which transforms the
PRDG in such a way that each edge of the graph represents a point-to-point commu-
nication. In this process, the original static arrays have been partitioned over a number
of edges. For example, in Figure 2, the static array r1 and r2 are both replaced by
two FIFO buffers. This means that the content of the arrays is distributed over four
FIFO buffers. This step is beyond the scope of this article but is an essential step in
Panda. Once the point-to-point communication is established, each edge representing
the point-to-point communication needs to be linearized between a producer and a con-
sumer node. Each edge can be abstracted to a simple Producer/Consumer (P/C) pair,
as shown in Figure 3. The Producer and the Consumer have parameterized polyhedral
iteration domains that are related through an affine transformation. Depending on this
transformation, described by the mapping matrix M and the structure of the for-loops in



66 Alexandru Turjan, Bart Kienhuis, and Ed Deprettere

Fig. 4. The four types of communication of a static array in a Producer/Consumer pairs.

the original Matlab program, we have found that four different kinds of communicating
data can be distinguished in process networks.

These four types of communication are given in Figure 4. They result from the
ordering of the iterations at the Producer and the Consumer processes and the existence
of multiplicity for a given token, which means that a token that is sent by the Producer is
read more than once at the Consumer side. In Figure 4, we represent the iterations with
small circles. These iterations are ordered as indicated by the small arrows representing
the loop schedule of the for-loops in the original Matlab program. We also show the
relationship between the production of data at an iteration and the consumption of that
data at one or more iterations, using a data-dependency function.

In Figure 4(a), we see that the schedule of both the producer and consumer are the
same. The producer iterates from 1 to 4 using an iterator x. The consumer iterates in
the same order from 1 to 4 using an an iterator j. We can see that data produced at one
iteration is consumed at the consumer side in the same order, and by only one iteration.
For example, the data produced at iteration x = 3 is consumed at iteration j = 3. In
Figure 4(b), we see that although the schedule of both the Producer and Consumer is
the same, the Consumer consumes data in the opposite order due to the dependency.
We can see that data produced at one iteration is consumed at the consumer side in the
opposite order by only a single iteration. For example, the data produced at iteration
x = 3 is consumed at iteration j = 2. In Figure 4(c), we see that the schedule of the
Consumer is two-dimensional (i,j). We see that for some iterations a token from the
Producer is consumed more than once. This consumption takes place in the same order
as it is produced. For example, we see that the token created at is consumed
multiple times at iterations Finally, In Figure 4(d), we
see again that the schedule of the Consumer is still two-dimensional and that at some
iterations a produced token is consumed more than once. However, in this case, the
tokens are consumed in a different order from the one in which they are produced, due
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to the dependency function. For example, we see that the token produced at
is consumed out-of-order multiple times at iterations We have
named the four communication types as shown in Table 1.

Looking at the example code given in Figure 3, we observe that the communication
of is of type IOM+. Now, by making small changes to the program, we will show
how the other three types can be obtained. If we remove the j for-loop, we obtain a the
linearization of of type IOM-. If we take again the original example, but let iterator x
run from 4 to 1, we get that the linearization of is of type OOM+. If we remove again
iterator j, we observe that the linearization of is of type OOM-.

So we know that four types of linearization exist in any nested loop program when
we want to replace the static array by a distributed communication structure. We need
to investigate in which linearization case we can simply replace the static array with
a FIFO buffer accessed by a put/get primitive. Only in the case of type IOM-, we can
simply replace the variable by a FIFO. However, in the example given in Figure 3 where
multiplicity takes place we can still rely on a simple FIFO linearization by adding a
guard if-statement to take care of the life-time of a token read from the FIFO [18].

In the case of the two remaining communication types, two additional elements
may be needed. If re-ordering is an issue, a controller is needed that re-orders a stream
of tokens using some private memory to temporarily store tokens for reordering. If
multiplicity is involved, a controller is needed that indicates when the life-time of a
token comes to an end and the token can be released. The controller for reordering,
the life-time controller, and the reordering memory define what we call the Extended
Linearization Model (ELM), which has been introduced in [17,18]. In these papers we
also explain how to derive at compile time the re-ordering and the life-time controller. In
the ELM we place the reordering memory and the controllers at the Consumer process,
but between processes we still model the use of FIFO buffers, thereby adhering to the
PN model of computation.

Depending on the type of communication, a static array is replaced in the following
way:

IOM- An in-order P/C pair is linearized using only a FIFO buffer.
IOM+ An in-order with multiplicity P/C pair is linearized using a FIFO buffer and
controller to determine the life-time of a token.
OOM- An out-of-order P/C pair is linearized using a FIFO buffer, reordering mem-
ory, and a controller to perform the reordering. Since multiplicity is not involved,
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each time the controller accesses the reordering memory for reading data, the cor-
responding memory location can be immediately released.
OOM+ An out-of-order with multiplicity P/C pair is linearized using a FIFO
buffer, reordering memory, and a controller to perform reordering and to determine
the life-time of a token.

Notice that the implementations of the linearization models described above in-
crease in their complexity (both hardware and software), from IOM- to OOM+. There-
fore, it is very important to select the correct linearization type. The implementation
of IOM- and IOM+ are closely related, except that in IOM- a controller is needed to
know when to release data from the FIFO. The implementation of OOM- and OOM+
requires additional reordering memory and at least one reorder controller. Of the four
models identified, OOM+ is the most expensive linearization to be realized. It is also
the generic linearization since it subsumes all other possible linearization.

3.2 Definition of Multiplicity and Re-ordering

We now give a formal definition of a P/C pair, multiplicity and reordering.

Definition 1 A P/C pair is a tuple where is a param-
eterized polytope, is an affine function, and is
the lexicographical order.

The set of integer points inside the parameterized polytope is called the Consumer
domain, or the Consumer iteration space. The affine function specifies the data de-
pendencies and is represented by an integral matrix M, and an
offset vector O, i.e., There are no additional constraints imposed to
the mapping matrix M. As a consequence, the Producer domain (iteration space) is
represented by a linearly bounded lattice (LBL) [16] given by the integer polyhedral
image:

If and are two elements (or iteration points (IPs)) such that
we say that the IP consumes data produced by the IP Although

is by definition an LBL, in [18], we have shown that the Producer iteration space can
be represented as union of polytopes. Therefore, without loss of generality, in the re-
mainder of this paper we assume that the Producer is a polytope. We also assume that
O = 0, such that is represented only the matrix M.

Depending on the mapping matrix M, and on the schedule of producing and con-
suming data as given by the lexicographical order, four different kinds of P/C pairs can
be distinguished (see Figure 4) based on the following two definitions:

Definition 2 A P/C pair is in-order iff the mapping preserves the order, i.e. every two
Consumer iteration points are mapped onto two Producer iteration points

and such that If the P/C pair is not in order it is called out-
of-order.
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Definition 3 A P/C pair is without multiplicity iff the mapping
(i.e., the mapping M restricted to the Consumer domain) is injective. Otherwise we say
that the P/C pair is with multiplicity.

According to the previous definitions, an arbitrary P/C pair belongs to one of the
four types as given in Table 1. The implementation cost of the linearization types in-
creases from IOM- to OOM+. Therefore, to come to an optimal replacement of the static
arrays, we need to be able to know at compile time to which type of communication an
arbitrary P/C pair belongs.

4 Related Work

By replacing the shared arrays with FIFO buffers we get a flexible communication
structure which allows to find a good balance between memory reuse and inter-process
parallelism [9,1]. There are several papers that are dealing with compile-time analysis
of memory reuse in static nested loop programs. In [19] an approach is presented for
a fixed linearization of the memory array. In [20,11] a constructive approach is given
in context of the single assignment language ALPHA, based on which the maximum
life-time of an array can be derived for an optimal memory projection. In [8], in the
process of parallelizing a static algorithm by removing output dependences, the authors
propose a method of partial array expansion. In [4] an approach is presented to compute
the bounding box for the elements that are simultaneously in use. The size of the original
array is reduced to the bounding box and the array is accessed using modulo operations,
improving in this way the memory usage. All the techniques presented so far rely on
polytope manipulations and integer linear programming.

We have already presented a solution to determine the type of communication in
[17]. In that paper, we presented a technique based on the Ehrhart theory [2] to deter-
mine the ordering and multiplicity. By comparing pseudo polynomial expressions, we
could determine whether the schedule at the Consumer and Producer are the same. We
could also determine if the pseudo polynomial was larger than one, indicating that mul-
tiplicity was involved. Although the presented procedure gives a definitive answer for
the type of communication, the complexity of the pseudo polynomial calculations, the
comparison of the pseudo polynomials, and the fact that the software implementation
of Ehrhart cannot always derive a pseudo polynomial, made the approach unsuitable for
our compiler.

5 Solution Approach

To classify a P/C pair to one of the four types, we need to be able to identify if data is
reused more than once, and whether the ordering of producing data at the Producer side
is the same as the order of consuming it at the Consumer. In this section, we present
the techniques which allow us to determine the type of an arbitrary P/C pair. In Sec-
tion 5.1, we provide a test that determines if a P/C pair is with or without multiplicity.
In Section 5.2, we describe a test which determines whether a P/C pair is in-order or
out-of-order. Using these two tests, we can determine at compile time to which of the
four categories (IOM-, IOM+, OOM-, OOM+) an arbitrary P/C pair belongs.
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5.1 The Multiplicity Test (MT)

The Multiplicity Test is used to check whether two Consumer iterations consume one
and the same token. Consider an arbitrary P/C pair According
to Definition 3, this pair has multiplicity if there exist two different Consumer points
and such that they are consuming the same token from the Producer as specified by
the mapping M. These conditions can be captured in the following system that forms
by definition the Multiplicity Problem (MP):

In the first two equations, we take a point and from the Consumer that according to
the third equation, are not the same. However, if we can find more than one point that
map and via M to the same producer point, we have found that data is reused and
thus multiplicity is involved. Therefore, the problem of deciding whether a P/C pair has
multiplicity is reduced to testing the existence of a solution for the MP.

5.2 The Reordering Test (RT)

The Reordering Test is used to determine whether the order of producing tokens at the
Producer side is the same as the order in which they are consumed at the Consumer
side. According to Definition 2 a P/C pair is out-of-order if two
different Consumer points exist such that These conditions can be
captured in the following system that forms by definition the Reordering Problem (RP):

In the first two equations, we take a point and from the Consumer, where is lexico-
graphically smaller than according to Equation 3. However, If we can find more than
one point that map and via M in such a way that is still lexicographically smaller
than at the producer side, we have found that data is consumer in-order. Therefore, the
problem of deciding whether reordering takes place in a P/C pair is reduced to testing
the existence of a solution for the RP.

6 Realization of the Solution

In the previous section we introduced two tests. In this section we will show how they
can be used in practice. In solving the systems, we exploit the fact that we can represent
a Matlab program in terms of a PRDG. In such a PRDG, the iteration domains are
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represented by means of polytopes, allowing us to employ integer linear programming
to find solutions to the MP and RP problems in an efficient way. Consequently, we can
implement these tests and solve them to find the proper communication structure at
compile time.

6.1 Empty Domain Test

Both the Multiplicity Test and the Reordering Test are so called Existence tests as we
only need to determine whether a given system of constraints contains a solution. We
are not interested in what the solution is, and therefore, do not need to compute this.
A system of constraints has a solution if and only if it contains at least a single integer
point. The procedure to determine if a polytope contains at least a single integer point
is what we call the Empty Domain Test (ET). In both the RP and MP case, we build up
a polytope and if such polytope contains at least a single integer point, a solution exists
for the RP or MP.

To perform the Empty Domain Test, we can make use of integer linear programming
(ILP) tools like Pip [6] or Omega [21]. These tools only work on systems of linear
constraints, while the Multiplicity Problem and the Reordering Problem contain non-
linear constraints. In case of the RP, the lexicographical order operator allows the
following decomposition:

where, means that Suppose
and are defined on a two-dimensional domain. Then the lexicographical expansions
is represented by two polytope domains and

In case of the MP, the negation is the non-linear operator. This negation can be
rewritten to two inequalities, as follows:

where we use again Equation 4 to convert the lexicographical operators to linear con-
straints.

Given the Empty Domain test and how to rewrite the appearance of the non-linear
operation in the MP and RP, we now solve the MP and RP systems.

6.2 Solving the Multiplicity Test

By rewriting the negation in the Multiplicity problem given in Equation 2, using the
substitution from Equation 5, the Multiplicity Problem is decomposed into two sub-
problems: the Primal Multiplicity Problem and the Dual Multiplicity Problem:
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The two sub-problems have the property that if is a solution for one of them, it is
also a solution for the MP. As a consequence:

On the other hand, if is a solution for PMP then is also a solution for
DMP. In this way the MT is reduced to solving the empty test only of the PMP or
the DMP. Therefore, in the remainder of this section, we will describe the solution for
just the PMP problem. Given the lexicographical decomposition procedure expressed
in Equation 4, the PMP is further decomposed into a series of disjoint subproblems

where

such that:

If we find the existence of a solution for any of these systems, we thus find a solution
for the MT. This signifies that multiplicity is involved in the linearization on the P/C
pair under investigation. Hence, as soon as we have found the existence of a solution,
we can stop.

Optimization. A substantial reduction of Empty Domain test can be achieved by using
the Hermite Normal Form of the mapping matrix M [13]. The Hermite Normal Form
(HNF) can be used to decompose an integral matrix M, using an unimodular matrix C,
into an unique lower triangle matrix H such that:

The unimodular matrix C does not affect the multiplicity as it always has an inverse.
Hence, the multiplicity information is still contained in H. Therefore, by taking the
HNF of the mapping matrix M, we obtain H that still captures the multiplicity charac-
teristics of M. Suppose we obtain zero columns when taking the HNF of M. Thus,
the size of H is which is less or equal than the size of M. Consequently, we need
to test less MP systems for empty domains.

6.3 Solving the Reordering Test

By rewriting the negation in the Reordering Problem given in Equation 3, using the
substitution from Equation 4, the Reordering test is decomposed in a number of systems
that need to be tested using the Empty Domain test. Suppose the Consumer domain is
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contained into a iteration space such that and
are two different points in the same Consumer domain. Suppose

that the matrix M has rows : Using the lexicographical decomposition
procedure, the RP is decomposed into disjoint subproblems given as where

and

such that:

This means that if we find the existence of a solution for any of these systems, we thus
find a solution for the RP. This signifies that re-ordering is involved in the linearization
on the P/C pair under investigation. Hence, as soon as we have found the existence of a
solution, we can again stop.

Although the number of the subproblems is large, it can be reduced by choosing
the order in which we test the systems in a smart way. In this way, we exploit the fact
that we do not have to test the remaining systems, as soon as a solution is found. We
have found that starting the empty domain tests in the following sequence of problems

is a good strategy for minimizing the number of evalua-
tions. This is due to the fact that the probability of finding a solution decreases with the
polyhedron volume in which the search is being performed.

7 Experimental Results

In Table 2, we present the results for eight real applications written in Matlab for the
domain of imaging and signal processing. The first column in the table shows the num-
ber of P/C pairs that appear in a particular algorithm. This is followed by the number
of Empty Domain tests needed for the Reorder Test and the Multiplicity Test to clas-
sify these P/C pairs. The numbers for the MT are obtained without using the proposed
optimization procedure. The last four columns give the four different communication
types and how many of the P/C pairs belong to that type. Using functional simulation,
we verified for each algorithm that the classification is indeed done correctly.

Table 2 clearly shows that the most occurring type is IOM- (80%) and the least oc-
curring type is OOM+ (1%). This is good, as the IOM- requires only a simple FIFO
buffer. The OOM+ requires also re-ordering memory and a controller, but hardly ap-
pears in networks. The second most occurring type is IOM+ (10%) which is also nice,
as only a FIFO buffer is needed with some simple additional control to keep track of
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the life time of a token. Together with type IOM-, we can say that in 90% of the cases,
a FIFO buffer can indeed be used to linearize a static array in a Matlab program.

The number of Empty Domain tests performed to classify the P/C pairs of a network
is quite large. Given the complexity of the Pip and Omega algorithms (integer linear
programming is NP complete), the RT and MT tests are time and memory consuming
procedures. We have presented already a possible optimization for the MT procedure.
We are investigating a similar procedure for RT. Further optimizations to reduce the
number of tests are currently subject to further research.

8 Conclusion

In this paper, we presented the problem of classifying a static array appearing in a Mat-
lab program to one of four communication types. The linearization for these types is
needed when we break down a Matlab program into processes, as the static array is
now accessed by multiple processes. The array is replaced by a distributed commu-
nication structure such as a FIFO buffer to avoid the use of shared memory access.
Shared memory contradicts the desired characteristics of distributed memory in a PN.
Using the distributed communication structure, a static array is explicitly specified by
communication between processes, thus really decoupling the processes.

To classify a P/C pair to one of the four types, we presented two tests. The Reorder
test determines if re-order takes place on the communication between an arbitrary P/C
pair. The Multiplicity test determines if reuse of data takes place on the communica-
tion between an arbitrary P/C pair. Both tests have been formulated as integer linear
programming problems. This makes the solution suitable for implementation in a com-
piler.

The presented tests are not specific to the Compaan compiler. They work for any
nested loop program in which static arrays need to be replaced by distributed commu-
nication structures. We have tested and classified eight real-life examples to validate
our approach. We have shown that, on average, in 90% of the cases the static array can
be replaced by a FIFO buffer. In 10% of the cases additional control logic and addi-
tional memory is needed at the Consumer process, besides a FIFO buffer, to make the
linearization work. Although a FIFO buffer is placed between processes in this case, in
practice the FIFO and reordering memory are combined in a single memory structure.
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Abstract. Consumers have high expectations about the video and audio
quality delivered by media processing devices like TV-sets, DVD-players
and digital radios. Predictable heterogenous application domain spe-
cific multiprocessor systems, which are designed around a networks-on-
chip, can meet demanding performance, flexibility and power-efficiency
requirements as well as stringent timing requirements. The timing re-
quirements can be guaranteed by making use of resource management
techniques and the analytical techniques that are described in this paper.

1 Introduction

Multimedia signal processing and channel decoding in consumer systems is, for
performance and power-efficiency reasons, typically performed by more than
one processor. The processing in these embedded systems has often stringent
throughput and latency requirements. In order to meet these requirements the
system must behave in a predictable manner such that it is possible to reason
about its timing behavior. The use of analytical methods is desirable because
simulation can only be used to demonstrate that the system meets its timing
requirements given a particular set of input stimuli. During the design of a
multiprocessor system these analytical methods are needed for the derivation of
the minimal hardware such that the timing requirements can be met. Given an
instance of the multiprocessor system, these methods are needed to program the
system in such a way that the timing requirements are met.

A traditional implementation of a predictable multiprocessor system for chan-
nel decoding and video processing is a pipe of tighly coupled dedicated hardware
blocks with some glue logic for the communication between the blocks. However,
there are many reasons to consider this design style as becoming less viable.

First of all, we are currently witnessing the convergence of previously unre-
lated application domains. For example, ordinary TV-sets are gradually evolv-
ing from straightforward terminals to interactive multimedia terminals. Digital
auto radios are being combined with navigation systems, and wireless telephone
functionality which provides a low bandwidth uplink. DVD players are evolving
into DVD writers with complex graphics pipelines that allow to include special
effects in our home-brew videos. This convergence leads to heterogeneity and
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many options, which all must be supported in a robust and efficient way by the
multiprocessor system. The flexibility that is needed in these systems is often
more than can be provided with dedicated hardware blocks. The reason is that
these blocks are typically designed for one particular function. Also the order of
the hardware blocks is fixed in a dedicated hardware pipe while the same blocks
could be reused in different applications if the order could be adapted.

Another important reason why a pipe of tighly coupled dedicated hardware
blocks becomes a less viable solution, is that the applications become more dy-
namic as new algorithms seek to take advantage of the disparity between average
and worst-case processing. Also the increased interaction with the environment
makes systems more dynamic. Often tasks and complex data types are created
and deleted at run-time based on non-deterministic events like pressing of a re-
mote control button. This results in many irregularities in the control flow of
the application which can be handled effectively by sequential processors but
not with dedicated hardware. This dynamism requires more scheduling freedom
than can be provided by tightly coupled and synchronized hardware blocks.

The so-called “design productivity gap” states that the increase in our ability
to design embedded systems does not match with the exponential growth over
time of the number of transistors that can be integrated in an IC as described by
Moore’s law. To close the gap, system design methods must harness exponential
hardware resource growth. This requires a modular, scalable design style, which
is definitely not the case for a pipe of dedicated hardware blocks. The design
style must also be composable, which is the case if the correctness (including the
timing) of a complete system can be established by using only the (independently
proven) features of its components.

The rapid increase of the masks’ cost makes it necessary to design a single
System-on-Chip (SoC) for a complete product family. The required flexibility
of these SoCs make programmable multiprocessor systems an attractive option.
A tradeoff between flexibility and performance must be made due to the power
dissipation limit of approximately one 1W of cheap plastic IC-packages and of
approximately 100 mW for battery powered devices. So, for power-efficiency
reasons these systems will typically contain a mix of dedicted hardware blocks,
application domain specific processors, and general purpose microprocessors.
It is therefore necessary that the timing analysis techniques are applicable for
systems in which application domain specific processors and dedicated hardware
blocks are applied that do not support preemption.

A Network-on-Chip (NoC), like the network proposed by the Æthereal proj-;
ect [1], seems a promising option to connect processors with each other. A con-
nection in such a network describes the communication between a master and a
slave and such a network can offer differentiated services for these connections.
Connections with a guaranteed througput service which have a guaranteed min-
imum bandwidth, a maximum latency, a FIFO transaction ordering and end-to-
end flow-control are essential for the design of predicatable systems as will be
explained in the next sections.
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The outline of this paper is as follows. In Section 2, the characteristics of
the target application domain are described, and our model that captures the
behavior of the application is introduced. The resource management techniques
which are described in Section 3, bound the sources of uncertainty in the system
such that reasoning about the timing behavior of the system becomes possible.
A multiprocessor system architecture which allows resource budgets allocation
and enforcement is described in Section 4. The timing analysis and scheduling
techniques are described in more detail in respectively Section 5 and Section 6.
Finally, in Section 7 we state conclusions and indicate future work.

2 Application Domain Model

Applications like high quality multi-window television with pixel processing en-
hancement, graphics and MPEG-video decoders require a computational perfor-
mance in the order of 10-100 giga operations per second. Such a performance
can not be provided by a single processor and requires a multiprocessor system.

In such an application the user can start and stop jobs that process video
streams which are displayed after scaling in a separate windows. A job consists
of tasks which are created (deleted) as the job starts (stops). Figure 1 shows
an application that consist of an MPEG2 video-decoder job, an MPEG1 video-
decoder job, a mixer job, a contrast correction job and an audio decoder job.
The MPEG2 job consists for example of an IDCT, a VLD, and some other tasks.
The tasks communicate via FIFO channels. The tasks within a job are activated
on data availability. In some cases, it is necessary to activate tasks in a job by an
event like a clock signal, instead of the presence of new input data. For example,
assume that the mixer job in Figure 1 must produce a video frame every 20 ms.
In this case the mixer should redisplay the previous frame after a clock pulse
of a 50 Hz clock in the case that the decoding of an MPEG2 frame takes more
than 20 ms.

The MPEG1 and MPEG2 decoder jobs have a soft real-time requirement,
i.e. it is desirable that these jobs produce a new video frame every 20 ms. The
mixer and contrast correction job in Figure 1 have hard real-time requirements,
i.e. these jobs must produce a new video frame every 20 ms as is required by
the display. Also the audio decoder has hard-real time requirements because an
uninterrupted audio stream must be produced which is synchronized with the
video stream.

The jobs are described as Synchronous Data Flow (SDF) graphs [2] [3], such
that the throughput and latency of the jobs can be derived with analytical tech-
niques. Tradionally these SDF graphs are used because they make compile time
scheduling possible which eliminates the run-time scheduling overhead. However,
also run-time scheduling of SDF graphs can be an attractive option, as will be
discussed in Section 5 of paper.

An example of an SDF is shown in Figure 2. The nodes in an SDF are
called actors. Actors are tasks with a well defined input/output behavior and a
execution time which is less than equal to a specified worst-case execution time.
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Fig. 1. An application which consist of jobs. Jobs are started and stopped by the user.
Jobs consist of tasks which communicated via FIFO channels.

The black dot in Figure 2 is a token. A token is a container in which a fixed
amount of data can be stored. The edges in the SDF are called data edges and
denote data dependencies. The number at the head of a data edge denotes the
number of tokens that an actor consumes when it is fired. The number at the
tail of an edge denotes the number of tokens an actor produces when it is fired.
An actor is fired as soon as on every incomming edge of the actor at least the
number of tokens are available as is specified at the head of the data edge. These
tokens are consumed from the input edges of the actor before the execution of
an actor finishes. The number of tokens specified at the tail of every output
edge of the actor is produced before the execution of the actor finishes. Tasks
with internal state are modeled in an SDF with a self edge, like the self edge of
actor A3 in Figure 2. This self edge is given one initial token such that the next
execution can not start before the previous execution is finished.

Fig. 2. An SDF graph.

Tokens are, in the SDF model, consumed in the same order as they are pro-
duced. Therefore, FIFOs can be used as buffers in the communication channels.
The maximal number of tokens that can be stored in a FIFO is called the FIFO
capacity. FIFOs with a fixed capacity can be modelled in an SDF graph with
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Fig. 3. SDF model of a FIFO with a capacity of 2 tokens between a producing and
consuming actor.

an additional data edge from a consumer (C) to the producer (P) as is shown in
Figure 3. The number of initial tokens should be equal to the FIFO capacity.

To be able to design a fully predictable system that can meet the timing
requirements, it is necessary to bound the uncertainty that can be introduced
by the user, the application and the hardware. The uncertainty is bounded by
the resource management techniques that are described in the next section.
Given that the uncertainty is bounded, a guaranteed minimal throughput and
maximal latency can be derived for each job, with the analysis techniques that
are described in Section 5.

3 Resource Management

The uncertainty introduced by the application, the hardware and the environ-
ment can make reasoning about the timing behavior of jobs difficult or even im-
possible. The resource management techniques described in this section bound
the uncertainty such that the timing behavior of jobs can be derived.

We distinguish the uncertainty in the resource supply from the uncertainty in
the resource demand. The uncertainty in the resource supply is due to resource
arbitration in the hardware of the multiprocessor system. Resource arbitration of
busses and the replacement policy of cache lines, are examples. The uncertainty
in the resource demand is due to the data value dependent processing (e.g.,
conditional branches in the program code) and external events. External events
are for example generated by the user to start and stop jobs.

The uncertainty in resource supply is bounded by making use of predictable
hardware arbitration schemes. An arbitration scheme is predictable in the case it
is known how long it maximally takes before a resource becomes available. The
minimal time that the resource stays available must also be known. An example
of a predictable arbitration scheme for a bus is Time Division Multiple Access
(TDMA). In this scheme, it is guaranteed that the bus can be obtained after a
fixed amount of time and that during a fixed amount of time the data can be
transfered via the bus.

The uncertainty in the resource demand is bounded by making use of ad-
mission control and hardware resource budget enforcement. Admission control
takes care that sufficient hardware resources are available when a job is started.
If there are insufficient resources available in the system then the user is notified
that the job is rejected. Resource budgeting guarantees that an actor of a job
gets a certain amount of memory, bandwidth and processor cycles. By enforc-
ing budgets it becomes impossible for an actor to claim more resources than its
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budget. Due to these enforced budgets the interference of actors of different jobs
is bounded. With enforced resource budgets, it looks for a job as if it runs on its
own private hardware. In other words, resource budget enforcement creates for
each job its own virtual platform with private hardware resources.

Resource budgets are determined by the resource manager at the start-up of
a job. Hard real-time, soft real-time and best effort jobs are treated differently.
For hard real-time jobs it is unacceptable that a single deadline is missed, and
per definition these jobs do not support graceful degradation. Therefore, the
worst-case amount of resources that could be needed during the execution of
a hard real-time job must be allocated by the resource manager. For soft real-
time jobs, less than the worst-case amount of resources can be allocated because
missing of a deadline results in some diminished value for the end user. The
allocated resource budgets are based on a prediction of the behavior of the job.
If more resources are needed during the execution than are allocated, then the
job will miss a deadline or the job can reduce the required amount of resources
by reducing the quality of its end result. In case the quality must be reduced for a
longer period of time, then the job can ask the resource manager for an increase
of its budget. For best-effort jobs there are no timing constraints defined. A
faster average execution time of a best-effort job is appreciated by the end user.
These jobs can make use of the resources which are either not allocated to hard
real-time and soft real-time jobs or are not used by the real-time jobs during
their execution.

The architecture template of the proposed predictable multiprocessor sys-
tem is described in the next section. In such a system resource budgets can be
enforced and predictable arbitration mechanisms are applied.

4 Multiprocessor Template

The architecture template of the proposed multiprocessor system is shown in
Figure 4. The processors in this template are, together with their local data
memory, connected to the Network Interface (NI) of a NoC. The transfer of data
between a local memory and a network interface is performed by a Commu-
nication Assist (CA). A processor together with its local instruction and data
memory, communication assist and network interfaces is grouped into a leaf.
The leafs are connected to the routers of our network. Network links connect the
routers in the desired network topology.

A processor in a leaf has a separate Instruction Memory (I-mem) and Data
Memory (D-mem) such that instruction fetches and data load and store opera-
tion do not cause contention on the same memory port. A wide range of memory
access time variation due to contention on a memory port is intolerable because
this would result in an unpredictable execution time of the instructions of the
processor. A processor can only access its local data memory. Given a 1 cycle
access time of a local memory there is no reason to make it cacheable.

Every processor in this template has its own private memory which improves
the scalability of the system. Such a multiprocessor system is intended for mes-
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Fig. 4. Multiprocessor template.

sage passing which is a suitable programming paradigm for most signal process-
ing applications. Because message passing is used instead of the shared address
space communication model there is no memory bottleneck to a central shared
memory. Coherency can’t be a problem in a system which makes use of message
passing in the case that there is only one producer and one consumer for every
data item that is communicated between processors.

Communication between actors on different processors takes place via a vir-
tual point to point connection of the NoC. The result of the producing actor is
written in a logical FIFO in the local memory of the processor. Such a logical
FIFO can be implemented with the C-HEAP [4] communication protocol, with-
out use of semaphores. A communication assist polls at regular intervals whether
there is data in this FIFO. As soon as the CA detects that there is data available
it copies the data into a FIFO of the NI. There is one private FIFO per connec-
tion in the NI. Then the data is transported over the network to the NI of the
receiving processor. As soon as the data arrives in this NI, it is copied by the CA
into a logical FIFO in the memory of the processor that executes the consuming
actor. The data is read from this FIFO after the consuming actor has detected
that there is sufficient data in the FIFO. Flow control between the producing
and consuming actor is achieved by making sure that data is not written into a
FIFO before it is checked that there is space available in this FIFO.

Data is stored in the local memory of the processor before it is transfered
accross the network. This done for a number of reasons. First of all, the band-
width of a connection is set by configuring tables in the network for a longer
period of time. The bandwidth reserved for a connection will typically be less
than the peak data rate generated by the producing actor. Therefore a buffer is
needed between the processor and the network to average out the data rate such
that the bandwidth provided by the network is well utillized. The size of this
buffer is significant given the assumption that the actors produce large chunks
of data at large intervals. On the other hand the network will transfer very small
chunks of data (3 words of 32 bits) at very small intervals (2 ns). Given that
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large memories are inherently slow it is desirable to split the large logical FIFO
between the processor and the network, in a small (32 word) dedicated FIFO per
connection in the network interface and a large logical FIFO in the local memory
of the processor. The task of the CA is then copying of the data between FIFOs
in the NI and FIFOs in local memory of the processor.

Another important reason to store data in a local memory and not via the
network in a remote memory is that the latency of the load and store opera-
tions that are executed on the processor should not depend on the latency of
the network. A longer latency of load and store operations whould result in a
longer worst-case execution time of the actors and would effectively decrease the
performance of the processor. By making use of a FIFO in the local memory,
the computation performed by the processor can be overlapped by the commu-
nication that is performed by the CA.

Finally, there is no need to send addresses over the network because the
remote memories are not accessed via the network by a processor nor by a
communication assist. This will save network bandwidth and will improve the
power efficiency of the multiprocessor system. Only data can be sent over the
network because the configuration of the network and the communication assists
determine between which FIFOs data is transported.

The CA is also responsible for the arbitration of the data memory bus. The
applied arbitration scheme [5] is such that a low worst-case latency of memory
store and load operations is obtained and that a minimal throughput and max-
imal latency per connection is guaranteed. In this scheme the time is divided in
intervals P of cycles. Each interval P is subdivided in intervals Q of cycles.
During each interval Q it is guaranteed that the processor can access the mem-
ory at least once. This guarantees that a load/store operation of the processor
takes at most cycles. If the processor does not access the memory during an
interval Q, then this access can take place in a successive interval Q that belongs
to the same interval P. This way the processor can access the memory at most

cycles per interval P. The processor is stalled by the CA till the next period
P if it issues more than load and store operations per interval P. Therefore
there are at least cycles per interval P for the communication assist to
copy data between the NI and the local memory. A predefined portion of the

cycles is allocated per connection for copying of data between the CA
and the NI. The minimal throughput and maximal latency for a connection is
guaranteed because data can be copied between the local memory and the CA
for at least cycles per cycles.

In the proposed architecture the communication between actors that run
on different processors has a guaranteed minimal throughput and a maximal
latency. Given these characteristics, the communication can be modeled as if it
takes place through completely independent virtual point-to-point connections.
These connections are modeled together with the actors of a job in one SDF
graph. Given this SDF graph, the guaranteed minimal throughput of the job
can be determined with the analysis techniques that are described in the next
section.
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5 Analysis Techniques

It is assumed that initially a sequential C-description of a job is provided, which
is the input of our analysis and simulation flow (see Figure 5). This sequential C
description is manually rewritten into another C-description in which the task
level parallelism in the job is made explicit. In a successive rewriting step care
is taken that all tasks have actor semantics, i.e. they do not start before there
are tokens on all inputs, have a bounded execution time and consume tokens
of a fixed size. Also the WCET of the actors is determined by analysis of the
program flow [6]. The SDF graph that is obtained represents a job.

Fig. 5. Analysis and simulation flow.

The actors in the SDF are assigned to processors and ordered by a scheduler
(see Section 6). The actor assignment and order is modeled with additional edges
and actors in the same SDF graph. In the case that actors communicate via the
network then a model of a connection in the network replaces edges in the SDF
graph. This network connection model consist of SDF actors and edges. This
model includes the FIFOs between the processor, the CA and the network. A
description of such a network connection model is out of the scope of this paper.

The SDF graph in which the job, the network as well as the actor assignment
and actor order is modeled is transformed into a Homogeneous Synchronous Data
Flow (HSDF) graph on which the timing analysis is performed. An algorithm
which can transform any SDF graph into a HSDF graph is described in [3]. An
HSDF graph is a special kind of an SDF graph in which the execution of an
actor results in the consumption of one token from every incoming data edge of
the actor and the production of one token on every outgoing data edge of the
actor.
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An HSDF graph can be executed in a self-timed fashion, which is defined as
a sequence of firings of HSDF actors in which the actors start immediately when
there are tokens on all their inputs. If the HSDF graph is a strongly connected
graph and a FIFO ordering is maintained for the tokens, then the self-timed
execution of the HSDF graph has some important properties. A FIFO ordering
is maintained if the completion events of firings of the same actor occur in the
same order as the corresponding start-events. This is the case if an actor in the
HSDF graph belongs to a cycle with only one token otherwise the actor must
have a constant execution time. In [7] the properties of the self-timed execution
of an HSDF graph are derived with max-plus algebra.

The most important property of the self-timed execution of an HSDF graph
is, that it is deadlock-free if there is on every cycle in the HSDF graph at least
one initial token. Secondly, the execution of the HSDF graph is monotonic, i.e.
decreasing actor execution times result in non-increasing actor start times. Third,
an HSDF graph G(V, E) will always enter a periodic regime. More precisely, there
exist a an and a such that for all the start
time of actor in iteration is described by:

Equation 1 states that the execution enters a periodic regime after K exe-
cutions of an actor in the HSDF graph. The time one period spans is So,

is equal to the inverse of the average throughput. The number of iterations in
one period is denoted by N.

The Maximum Cycle Mean (MCM) of the HSDF, which is equal to is
given by equation 2. In this equation is CM the Cycle Mean of a simple cycle

(see equation 3). In this equation denotes the number of tokens
on the edges in a cycle The Worst Case Execution Time (WCET) of actor
is denoted by

The number of iterations in one period is denoted by N. The value of N can
be derived with the following procedure. First, all critical circuits are derived
which are cycles with a cycle mean equal to the MCM. Then, a critical
graph is derived which consists of all nodes and edges in G which
belong to critical circuits. For each maximal strongly connected subgraph in

the number of tokens on every simple path in the subgraph is derived.
Then a value is derived for each subgraph in which
gcd denotes the greatest common divisor. The number of iterations N in one
period is equal to in which lcm denotes the least common
multiple.

The value K can be derived by simulating the HSDF graph in a self-timed
fashion given that all actors have an execution time equal to their worst-case
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execution time. The value K is the first iteration in which the start-times of the
actors correspond to equation 1.

The worst-case start-times of the actors during the transient state as well as
the steady state can be derived by simulation. During this simulation, all actors
must have an execution time equal to their worst-case excecution time. Due to
the monotonicity of the HSDF are the start-times observed during this simulation
are worst-case start times. Given equation 1 there is no need to simulate beyond
the first period of the periodic regime.

So far it was assumed that jobs run independently, i.e., they do not interact
with each other and the external world, or, if they do, that interaction does not
violate the timing contraints of the job. However, in many signal processing sys-
tem the input data is provided by an external source which provides a new input
sample every clock period. An example of such a source is an A/D converter. A
similar situation occurs often at the output of the system where an external sink
consumes an output sample every clock period. An example of such a sink is a
D/A converter. Given such an external source and/or sink it should be guaran-
teed that the samples produced by the source can always be stored in the FIFO
between the source and the system. It should also be guaranteed that there are
always sufficient samples in the FIFO between the system and the sink.

The source and sink are modeled as actors in the HSDF graph as is shown
in Figure 6 in order to verify whether the FIFOs at the input and output of
the system do not overflow or underflow. The source and sink actors are given
a WCET of which is the length of 1 clock period. The self edge with
one initial token garantees that the next execution of the source and sink actor
can not start before the previous execution is finished. Thus, the self-edge in
combination with the WCET of the source and sink actors enforce a maximal
execution frequency of these actors during the self-timed execution of the HSDF
graph in the simulator. During simulation it should be verified that the time
between succesive executions of the source as well as the sink actor is exactly one
clock period. If this is the case, then it is guaranteed that in an implementation
of the system, FIFO1 between source and the rest system never overflows and
FIFO2 between the system and the sink never underflows. The reason is that
actors can not start later than they start during a simulation run in which all
actors have an execution time equal to their worst-case execution time. If the
actors are started earlier then a token in FIFO1 can never be consumed later than
during the simulation run, which results in the same or less tokens in FIFO1.
If the actors starts earlier, then a token is never produced later in FIFO2 than
during the simulation run, which results in a greater or equal number of tokens
in FIFO2 in the implementation.

It depends on the applied scheduling strategy whether the actor assignment
as well as actor ordering decisions are made during the execution of a job, or
before a job is started. In the case that a decision is taken after the job is
started, then the decision, out of all possible decisions, which would lead to as
late as possible actor start-times is modeled in the SDF. The pros and cons of
the different scheduling strategies are the topic of the next section.



88 Marco Bekooij et al.

Fig. 6. HSDF graph which is used to prove that, given a strict periodic source and
sink, the FIFOs at the input and at the output of the system have sufficient capacity.

6 Scheduling Strategies

Scheduling decisions can be taken before a job is started or during the execution
of the job. Taking scheduling decisions during the execution of the jobs (at run-
time) implies some run-time overhead. This run-time overhead can be reduced
if these schedule decisions are made before the job is started (at compile-time).
Schedule decisions that are taken at compile-time imply that some freedom in
the schedule is removed in order to reduce the run-time overhead. Therefore,
the scheduling strategy that should be selected depends on the knowledge that
is available at compile-time of the job and the amount of run-time scheduling
overhead that is introduced when scheduling decisions are taken at run-time.
A comparison of the scheduling strategies is given in Table 1. These scheduling
strategies differ in whether the actor to processor assignment, the execution order
of the actors on a processor and the start-times of the actors are determined
at compile or at run-time. For all these scheduling strategies techniques exist
to guarantee the timing. In the next paragraphs the characteristics of these
scheduling strategies are described in more detail.

In the fully-static scheduling strategy, the assignment of actors to processors
as well as the order in which the actors are executed and the start-times of the
actors, are determined by a scheduler before the job is started. This scheduling
strategy requires that the processors have the same global time reference such
that at run-time the actors can be started at the right moment in time. A
disadvantage of this scheduling strategy is that a global notation of time is
difficult to realize due to deep sub-micron effects in a large system with many
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processors. Another disadvantage of the fully static scheduling strategy is that
the length of the schedule is fixed and does not decrease if the execution times
of the actors decrease. Decreasing execution times of actors result in more idle
processor cycles. The main advantage of the fully static scheduling strategy is
that explicit synchronization between actors is not required because actors are
started after it is guaranteed that their input data is available and that there is
space to store their results.

In the static order scheduling strategy the assignment of actors to processors
as well as the order in which the actors are executed are determined by a sched-
uler before the job is started. An actor is started as soon as its input tokens
are available and it is the next actor to be executed on a processor according
to the predefined cyclic execution order. Checking whether there is input data
implies run-time overhead. A decrease in the execution time of the actors results
in a shorter schedule. The remaining processor cycles can be used by another
job. An important property of the static order scheduling strategy is that only
the throughput of the system is decreased if the execution time of an actor is
larger than the execution time assumed by the scheduler. It can not result in a
deadlock of the system. This opens the possibility to determine the assignment
and order of actors of soft real-time jobs by the scheduler based on a predicted
execution time of the actors instead of on the worst-case execution time of the
actors.

In the static assignment scheduling strategy the assignment of actors is de-
termined before the SDF graph is started. After the SDF graph is started the
activation of an actor occurs as soon as its input tokens become available and
it is the next actor to be executed on the processor according to the predefined
cyclic activation order. The difference with the static order scheduling strategy
is that an actor in the cyclic list of actors that are executed on the same pro-
cessor returns immediately if there are insufficient input tokens for this actor.
After an actor is skipped then the next actor in the cyclic list checks whether
there are sufficient input tokens. This arbitration scheme is predictable because
for a token in front of a FIFO a worst-case waiting time (W) can be defined
before it is consumed by actor A1. A token is in front of a FIFO if it is the first
token to be consumed from the FIFO. The worst-case waiting time (W) equals
the sum of the WCET of all actors, except actor A, in the cyclic execution list.
The arbitration on a processor can be modeled implicitly in the implementation
aware SDF graph by increasing the WCET of actor A1 with the worst-case wait-
ing time (W). It can be proven with that tokens during self-timed execution of
the implementation aware SDF graph do not arrive earlier than in the imple-
mentation. This proof is omitted due to lack of space. That arbitration can be
modeled implicitly in an SDF model is plausible because actors should produce
their results within their worst-case execution time and it is irrelevant whether
the production of a result takes time due to computation performed on the input
data or due to waiting because other actors have to finished first their execution
on the same processor.
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An important advantage of the static assignment scheduling strategy is that
the assignment of the actors to processors does not require a compile-time order-
ing step. The actor assignment problem is basically a bin packing problem where
the total load on a processor may not exceed 100%. Currently we investigate
whether the assignment of actors can be performed by an on-line algorithm just
before the SDF graph is started. An advantage of the static assignment schedul-
ing strategy is that the pipeline is automatically filled when the SDF graph of
a job is started while an explicit encoded pre- and post-amble is needed in the
static order scheduling strategy. The main disadvantage of the static assignment
scheduling strategy is that the minimal required FIFO capacity will typically be
larger than is needed for a static order schedule with the same throughput.

In the fully dynamic scheduling strategy the assignment of actors to proces-
sors as well as the execution order and start-times of the actors are determined
at run-time. The actor to processor assignment is adapted at run-time such that
the computational load of the processors is kept balanced. Load balancing can
result in a shorter execution time of the jobs. Moving an actor at run-time from
one processor to another implies, in our architecture, that data must be copied
from one memory into another memory. We expect that for the multi-media
signal processing domain, the gain in processor cycles obtained by balancing the
processor load does typically not outweigh the cost of moving data. The reason is
that, for this application domain, the difference between the worst-case and the
average-case execution time of the actors in the jobs is often not large enough.

7 Conclusion and Future Work

The processing in many consumer systems is performed by embedded multipro-
cessor systems for performance and power-efficiency reasons. The processing in
these systems has usually stringent throughput and latency requirements. This
paper presents a multiprocessor architecture and an SDF-model of the jobs in an
application which enables reasoning about the timing behavior of the system.
A scalable multiprocessor system is obtained by making use of a network on
chip for the communication between processors. The network provides virtual
point-to-point connections with a guaranteed throughput and maximal latency
such that the timing of the system can be derived with the presented analysis
techniques.

Without significant hurdles a digital channel decoder, a simple graphics
pipeline and some audio post processing functions were described in an SDF
model. Currently, an SDF model of an arbitrarily shaped object video decoder
is under development. For this video decoder it is challenge to find a way to
allow switching between an SDF graph for I-frame decoding and another SDF
graph P-frame decoding.
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Suppression of Redundant Operations in Reverse
Compiled Code Using Global Dataflow Analysis
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Abstract. We describe an unusual application of dataflow analysis to
reverse compilation from assembler source to ANSI-C. Most real archi-
tectures support (or more usually, mandate) the use of register-based
operands in computations and provide status bits which are set as an
implicit side-effect of arithmetic instructions. Naïve translation of these
semantics into C yields programs which are dominated by references to
registers and the calculation of status results. The target processor for
our reverse compiler is particularly prone to these effects since the func-
tional units are surrounded by pipeline registers which must be loaded
and unloaded around each computation, but the problem is common to
all reverse compilers: how to render the computational core of a low-level
algorithm in high level code that is comfortable for a human to read and
which maintains the low level semantics. We apply a brute-force dataflow
analysis to provide exact use-define information at all program points
and then follow the use-define relationships to back-substitute expres-
sions in an effort to remove register references. We also suppress dead
status code calculations and perform limited alias analysis for some spe-
cial purpose registers which can be accessed via more than one name.
We show that use of these techniques can significantly reduce the degree
to which the underlying architecture ‘shows through’ into the resulting
C translation and that the computation times required are manageable
for one-off translations.

1 Introduction

This paper describes an unusual application of dataflow analysis in the design of
a reverse compiler from hand-written assembler source to ANSI-C. Our trans-
lator (asm21toc) starts from assembler source for the ADSP-21xx fixed point
DSP, and produces equivalent high level language source that is suitable for in-
put to scheduling compilers for modern VLIW and superscalar processors. The
translator was developed for commercial use, specifically the porting of legacy
embdedded DSP code to VLIW embedded processors in mobile telecommuni-
cations applications, allowing a considerable investment in cellular protocols to
be preserved. We shall show that significant reductions in the size of reverse
compiled programs may be achieved through register expression substitution
and dead expression elimination, but that exhaustive global dataflow analysis is
required to maintain program semantics.
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Very few programs for contemporary processors are written in assembly level
languages. One reason for abandoning low level languages is well known: pro-
grammer productivity is widely held to be roughly constant in lines of code per
week of effort independent of the language used, and so it is natural for pro-
grammers to work using high level languages. More significantly, it is increas-
ingly difficult to hand write correct assembler code for superscalar and VLIW
processors that do not provide hardware interlocks to ensure that the sequential
semantics of the assembler operations are maintained in the event of a hazard.

One class of processors for which many applications are still programmed
at machine level comprises the Digital Signal Processors (DSPs) which are spe-
cialist microprocessors with architectures optimised for the execution of digital
signal processing algorithms, particularly the Fast Fourier Transform. DSPs are
usually used in low cost, low power systems, and this requirement coupled with
the unusual architectural features has led to the development of several fami-
lies of processors with highly constrained register-to-function-unit pathways and
small virtual address spaces. The resulting devices are difficult compiler targets,
and some manufacturer supplied C compilers for these architectures produce
code that is a factor 20 larger than that produced by an expert human pro-
grammer. Given that typical systems only have a few kilo-instructions worth
of program memory, hand written assembler applications are far more common
than compiled executables.

The DSP application area has recently seen the introduction of data-parallel
architectures based on both Single Instruction Multiple Data (SIMD) and Very
Long Instruction Word (VLIW) styles of processing. SIMD processors such as
the ADSP 2116x combine several data paths on a single chip with instructions
broadcast from a single instruction stream. The multiple data paths operate in
lockstep, with multiple data elements having the same operation applied to them
in any given instruction cycle. VLIW processors similarly feature multiple data
paths which are synchronised together, but in this case the instruction word
is wide enough to allow operations in each of the data paths to be separately
specified. One such family of processors, the TMS320C6x, allows eight data
paths to be controlled in this way. In addition, on some processors the data
paths themselves are pipelined and therefore display the usual data hazards
associated with pipelined operation.

Exploiting the parallelism available in such devices requires independent com-
putations to be scheduled for execution in the same instruction slot. Typically
there is no hardware interlock, that is no mechanism for specifying and ensuring
at runtime that dependent computations are correctly sequenced. Debugging
applications which contain sequencing errors is notoriously hard: we know of
one very experienced DSP programmer whose output fell to around one line per
day whilst attempting to manually resolve resource contention and data depen-
dency issues in a small assembler programmed application for the TMS320C6x.
It is clear that these architectures can only reasonably be programmed using
high level languages that incorporate safe schedulers into their code generator
phases.
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Thus arises a cultural and practical problem. Users of such devices are tradi-
tionally low-level language programmers who take great pride in their ability to
exploit machine-level programming and deprecate high level programming as in-
efficient. Historically, this has been justified since high-level language compilers
for these architectures generate poor code.

The new architectures, on the other hand, mandate the use of high level lan-
guage compilers. A new generation of high-level DSP programmers is often faced
with a body of legacy assembly code for processors with complex internal struc-
tures featuring pipeline registers and irregular computational units. Our goal is
to ease the porting of large applications from traditional DSP architectures to the
new scheduled processors by providing reverse compilations that both preserve
the semantics of the assembler level program and provide an ANSI-C rendering
that is comfortable for humans to read. To that end, we expend considerable
effort on preserving comments and on minimising the extent to which code is
reordered. Our twin goals are to (i) allow companies to preseve their intellec-
tual property by automatically porting arduously hand-wrought assembler code
to scheduled compiled code for the new processors and (ii) to support program
comprehension by high level language programmers that do not have low level
DSP experience. Our industrial partners have successfully deployed asm21toc in
both these contexts.

2 Translation Modes

A naïve translation from assembler source may be achieved by declaring a set of C
variables corresponding to internal machine registers and representing each ma-
chine instruction as a small C expression. Unfortunately the resulting C program
will display many references to these special variables, and on some architectures
the operation of the underlying algorithm is likely to be obscured by redundant
loading of registers.

A related problem with naïve translation is that of status calculations: most
real architectures implement conditional branches through the testing of status
registers which are written to as a side effect of computations1. On such architec-
tures, a simple add instruction will typically cause four bits to be set in a status
register indicating: the sign of the result; whether a signed arithmetic overflow
occurred; whether the result was zero and whether there was a carry out from
the most significant bit of the result. A simplistic translation of the machine
level add opcode therefore requires five C statements: one for the addition and
four bit manipulation operations to set up the status bits.

In our reverse compiler we found that these two problems significantly re-
duced the quality of the translated C code and made it almost useless for the
purposes of program comprehension. We therefore added a global dataflow anal-
yser that generated exact use-define information at all program points and then

A significant exception is the MIPS architecture in which conditional branches are
calculated on the basis of a general purpose register.

1
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back-substituted references to machine registers where possible. After substitu-
tion, a large number of dead expressions remain and these can then be eliminated
from the final output.

The asm21toc translator provides the following three levels of translation.

‘Literal’ translation in which, as far as possible, the output C program
matches the input assembler program line for line. Jumps and branches in
the original code are translated using goto statements and labels. The func-
tional structure of the program is elucidated by examining call instructions
in the original source, and any portions of code that are shared between
functions (or, equivalently, functions with more than one entry point) are
disambiguated by making copies of the shared code.
Control flow directed translation in which high-level control flow structures
are recovered by applying Sharir-style [Sha80] reductions to the control flow
graph.
Data flow directed translation in which register usages are back substituted
where possible, and any dead register definitions arising from this back sub-
stitution are deleted.

1.

2.

3.

A level 1 translation displays aspects of the underlying architecture. Levels 2
and 3 may be combined to give a translated program in which such machine
specific details are largely suppressed.

A primary requirement of our translator is to warn users reliably when the
limits of the tool have been reached. Some aspects of hand-written code are
not statically visible. In particular, self-modifying code, global processor mode
changes and indirect jumps may all render the detailed runtime semantics stati-
cally invisible. When such a condition is detected, we apply one of two strategies:

instantiate code into the translated output which simulates the processor
feature in question, or
issue an error message and continue to output code that may be incorrect.

1.

2.

The users of our tool prefer machine details to be suppressed, so except in very
common cases such as the aliasing of do loop counter registers (which form a
stack on the ADSP-21xx) we adopt strategy 2 and provide advice to the user on
how to rework the translated C.

We note in passing that, in contrast to conventional architectures, on the
ADSP-21xx self-modifying code is easily detected because in normal operation
the program is held in a separate memory space to the variables. In a set of pro-
grams totaling 122,979 instructions we found only 16 writes to program memory
of which about half were genuine examples of self-modifying code.

In general, applications translated by our tool are unlikely to be recompiled
as-is because they are usually embedded systems which access specific hardware
registers and features outside of the processor. In addition, some processor de-
tails such as arithmetic precision and rounding modes may need to be carefully
handled during a port. The expected application is to generate C code that
will then be manually modified and so the emphasis is on human readability,
although not, of course, at the expense of incorrect translation.
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In what follows we describe the intermediate form for our translator and
the dataflow analysis algorithm used to generate the use-define and substitution
information which controls the substitution and dead code elimination phases.
We give statistical results showing the number of expressions removed from the
translated code as a result of these transformations.

3 Related Work

In the literature, decompilation is the term most commonly applied to translators
which go from low to high level. We prefer to use the term ‘decompilation’ to
denote systems that attempt to uncompile code which has been produced by a
compiler, and the term ‘reverse compilation’ to cover the more general problem
of rewriting hand-written code as high level source. Hand-written code is more
general (and thus harder to translate) because human programmers can use
aspects of the processor for which no straightforward C equivalent exists, such
as multiple entry functions, inter-functional jumps and self-modifying code.

We also distinguish between tools that start from a binary executable and
those that work from the assembler source. We are impressed by working binary
decompilers but remain unconvinced as to the usefulness of such tools when
porting programs since so much of the readability of programs derives from the
use of meaningful variable names and comments. Of course, these arguments
do not apply to binary-binary translators which have been used successfully in
porting applications between the MIPS and Alpha architectures [Sit92]. Probst
et al. [PKSdf] describe techniques for dynamic liveness analysis which could
be used to resolve some of the non-statically determinable properties of our
processor as described above: in particular the manipulation of global processor
modes, although in practice, we believe that such modes are usually initialised
at program startup and not usually changed during execution in our kinds of
applications.

Reverse compilers, by their very nature, are tools that are not required rou-
tinely. As a result, many reverse compilers are constructed on an ad hoc basis
and used briefly before being discarded. Other systems are developed for com-
mercial use by companies specialising in re-engineering and are not documented
in the research literature. A rare comparison of industry practice and a research
decompiler may be found in [FC99]. Possibly the best developed and most widely
applicable reverse compiler is Cifuentes’ decompiler of PC binaries [CG95]. An-
other x86 decompiler was reported by Fuan and Zongtang [FZL93] and Cifuentes
comments on this and several other projects, mostly of only historical inter-
est, in her thesis [Cif94]. More formal approaches to reverse compilation were
adopted in the ReDo project [BB94] and more recently Alan Mycroft has de-
scribed applications of type inference algorithms to register-transfer level pro-
gram descriptions [Myc99]. The FermaT workbench[War01] is a mature tool
with strong formal methods underpinnings that specifically targets assembler
level code, providing a set of program transformations that allow abstraction
to a high level description. There is a much broader literature on source-to-
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source re-engineering where the input and output languages are either dialects
of the same language, or at least both are high level languages. The ASF+SDF
toolkit, for instance, has been used for automatic conversion of legacy COBOL
source [vdBHKO02].

In earlier papers we have discussed the front end of our translator; the diffi-
culty of translating some constructs (including self-modifying code and dynamic
jumps); and the frequency of those constructs in real programs [JSW99,JSW00a].
We have also given results concerning the frequency of non-reducible control flow
in real programs [JSW00b] and here use substantially the same sets of industry
generated source code to show that large scale dataflow analysis can lead to the
suppression of large proportions of the machine-level code in the resulting high
level programs.

4 Dataflow Analysis

Optimising compilers must perform fast dataflow analysis because the edit-
compile-run cycle must execute within a few minutes at most for compilers which
are being used for routine development. The literature is well stocked with pa-
pers that argue against the usefulness of interprocedural optimisation [RG89]
given that only rather small improvements in run-time efficiency have been ob-
served which must be set against order-of-magnitude increases in compilation
time. These analyses in any case usually produce only approximate results in
terms of may-use and may-define sets.

We require exact dataflow analysis, that is the evaluation of dataflow func-
tions over every possible execution path in the program. On the other hand,
translation time is far less of a concern when performing reverse compilation
since our users intend to work with the translated C, not to modify the original
assembler source. As a result, translation is essentially one-off. In practice trans-
lation times are usually at most a few minutes on current desktop machines. The
AP application shown in our results section, for instance required less than one
minute on a 1GHz Pentium-M.

5 Dataflow Controlled Translation

asm21toc is built using our rdp translator generator [JS98] which comprises an
LL(1) parser generator with integrated facilities for symbol table handling, graph
management and set manipulation. The source language for rdp is an extended
Backus-Naur Form that accepts annotations controlling the production of a Re-
duced Derivation Tree (RDT). In asm21toc, the RDT forms the expression part
of a composite control flow and call graph that is constructed semi-automatically
during the parse.

Figure 1 shows a source file containing ADSP assembly code. The syntax of
the language is rather unusual for an assembler being based around algebraic
style statements, so that at first glance it might be mistaken for a high-level lan-
guage. The essential characteristic of an assembler is preserved, though: there is a
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Fig. 1. Assembler source example.

one-to-one correspondence between ADSP-21xx assembler executable statements
and machine code instructions. On the ADSP-21xx, data memory is accessed via
a globally defined array called dm. Variables are declared in line 3 as

which reserves addresses in data memory and creates symbolic names for them.
Variables may be accessed with statements such as ax0 = dm(v1) which assigns
the value of variable v1 (the contents of dfata memory location v1) to register
ax0. The control flow graph derived from the example assembler code is shown
in Figure 2.

There are some subtleties to trap the unwary: the statements mr = 0 and
mr = 1 assemble into instructions with different opcodes. The first assembles to
a clear instruction which also clears the overflow status bit. The second assembles
to a data transfer instruction which does not modify the status registers. This
detail, and all of the other use and define semantics for both status bits and
data registers is specified in the BNF file that is input to rdp. The translator
can be set to display the full results of the dataflow analysis within the control
flow graph, as illustrated in Figure 3.

The solid arrows in Figure 3 represent control flow edges. The dotted edges
represent opportunities for register variable substitution. (The layout here has
been automatically generated with the VCG tool which is supplied with
asm21toc as the main means of visualisation.)
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Fig. 2. Control flow/call graph.

Within each node, the corresponding expression is shown along with any
labels that are defined for that line of source and up to four sets of registers.
Node 415, for instance, corresponds to line 21 of the test file and is labeled sub:.
Its expression is ar = af - ax0. The d (define) set shows that data register
AR is defined along with status bits AZ, AN, AV and AC. Of these, only AR is
live as it forms an output parameter for function sub. The expression uses data
registers AX0 and AF of which only AX0 is substitutable. The dotted substitution
arrow indicates that the corresponding definition of AX0 is at node 388. Register
AF is not substitutable because the definitions of AF at lines 423 and 403 reach
this usage, and which applies depends on the conditional at line 403.

The code output by the translator for this graph is shown in Figure 4. The
global variables representing processor registers (such as A21TOC_status are de-
clared in a2c_main.h. For illustrative purposes, we have only commented out
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Fig. 3. Control flow/call graph with dataflow information.
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Fig. 4. Translated code with substitutions.

dead expressions rather than deleting them from the code. The dm(vn) expres-
sions in the ADSP source have been converted to variables and substituted across
register names where possible. Most register expressions are killed as a result of
this substitution, although care must be taken when the status side-effect is re-
quired downstream in a conditional. We should also note here that the dataflow
analysis can also be used to back substitute intermediate variables allowing more
complex expressions to be built up in the output.
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6 Propagation of Dataflow Information

asm21toc performs global dataflow analysis based on define-use analysis. Our
algorithm calls and returns from all sub-prodcedures, exercising exhaustively
all execution paths through the application until stability is achieved. This is
practical only because

our applications are small: the code space for ADSP21xx family processors
is opnly 16K words long, and
we can allow very long reverse compilation times relative to dataflow analyses
used in conventional compilers because reverse compilation is essentially a
one-off process and not part of the normal code development loop.

1.

2.

The exhaustive traversal requires worst case exponential time, and it is cer-
tainly possible to construct artificial examples that will not terminate in reason-
able time, but we have not yet encountered real applications that display such
deeply nested and widely branching characteristics.

The d and u (define and use) sets are filled in for each node by the parser.
We use an exhaustive slot-wise data flow propagation algorithm to construct
the l and s (live and substitutable) sets. The algorithm provides substantial
opportunities for optimisation, but is fast enough even in this crude form for our
purposes. We assume the reader is familiar with slot-wise data-flow algorithms
as described in standard texts. We give here a sketch of the exhaustive traversal
part of our algorithm.

We iterate over each node in the control flow graph and then, for each usage
at each node perform a recursive propagation back up through the control flow
graph. The back propagator returns TRUE if the path is still live after propaga-
tion, that is, if a matching define was not found. During this back propagation,
we perform the following at each node.

If this node is not in a function, then return killed path. This handles so-
called ‘orphaned code’ which might be debugging code, an unlabeled basic
block (which is a programmer error) or an interrupt service routine.
If this node has already been visited for this use, return killed path.
If node has a matching definition, insert in live set and return killed path.
If node is a call node then scan up the called function from each of its exits
(return instructions) and then return logical OR of all such paths.
If we have come back to the node at which we started then return killed
path.
If there are no in-edges, then we are at the top of the main-line function, so
return live path.
Else recurse through each control flow in-edge.

1.

2.
3.
4.

5.

6.

7.

As a side effect of this process, we keep track of how many unique definitions
have been encountered for a given usage. If there are none, then an error message
is output since this corresponds to the use of a register before it has been ini-
tialised. If there is exactly one, then the register usage may be substituted. The
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register is added to the s set and a dotted arrow is added to the corresponding
definition. For each definition, we also calculate the number of non-substitutable
usages. If there are none, then the expression has been killed and may be deleted
from the translated output.

7 Results

To illustrate the effect of this dataflow analysis three sets of code were prepared
and tested at the interprocedural (but not inter-modular) level. Most applica-
tions are split into a large number of separate modules which are separately com-
piled and linked together. Our translator performs this linking step internally,
but due to the way in which source files were supplied to us by our industrial
partners we were not always able to construct complete systems, and hence the
lack of inter-modular testing. The three data sets are essentially those used in
our earlier paper on control flow patterns in assembler programs [JSW00b], with
some small modifications to remove modules that contain only declarations.

IP is a set of image processing functions written for a multiprocessor ADSP-
21xx system. This set contains trick code and examples of highly optimised
functions written for maximum speed and code density.
TC comprises functions for the implementation of mobile telecommunica-
tions protocols. The host system had relatively abundant memory and this
code is less tightly optimised than IP.
ME is drawn from Analog Devices’ own examples for the ADSP-21xx. These
functions are designed to be comprehensible and are the least tightly opti-
mised.

1.

2.

3.

One large complete application was tested at intermodular level: this corresponds
to the set AP in the tables.

The impact of the transformations is best illustrated by the compaction of
AP: of the 1,899 data register definitions 845 were deleted after substitution and
of the 2,521 status bit definitions only 327 were instantiated in the translated
code.

Table 1 shows the results in more detail. For each set, we show the total
number of instructions, the number of status bit definitions and the number
of data register definitions. The ADSP-21xx instructions set between zero and
five status bits for each operation, so the instruction mix affects the ratio of
status bit definitions to instruction counts. We then show the number of these
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definitions that are live in each case. Dead data expressions may arise either from
instructions whose goal is to set the status bits for a later conditional branch,
or because the lack of inter-modular translation for sets AP, IP and TC leaves
dangling output parameter values which are in reality used following a call from
another module. The number of substitutions is the total number of substitutions
performed. In the case of a register that is substituted into an expression that is
itself then substituted all instances count. The number of deletions is the number
of data register expressions that are killed as a result of substitution and may
therefore be suppressed. The final two columns show the proportion of status
and data register expressions that are suppressed in the final output.

The figures for set AP are exact in the sense that all dataflow paths in the
application have been explored. The figures for the other three sets represent
only a lower bound for the number of data register expressions suppressed and
give an exaggerated view of the number of status definitions suppressed. This is
because control paths that leave the modules are not followed. In general this
will exaggerate the number of dead status calculations (because, for instance,
some status values may be return values from functions) and depress the number
of data register expressions that are suppressed for the cases where input and
output parameters are carried in registers. This effect is seen most markedly
in the IP set, where many of the functions are placed in their own module. We
have included these rather anomalous figures here mainly for comparability with
our earlier paper, although they do show inter alia the necessity to perform full
global dataflow analysis in reverse compilation since the suppression mechanisms
are essentially disabled if only global analysis is attempted.

Anecdotally, we expected between one third and one half of all data register
expressions to be suppressed and around three quarters of all status operations.
These rules of thumb are largely borne out by the results here subject to the
caveats above. Experiments based on complete large applications would be de-
sirable.

8 Conclusions, Further Work and Acknowledgements

We have shown that significant reductions in the size of reverse compiled pro-
grams may be achieved through register expression substitution and dead ex-
pression elimination. Of course, any good optimising compiler would perform
these transformations whilst compiling the translated program onto the new ar-
chitecture, so we do not claim that these reductions improve run time efficiency.
The purpose of performing the compression is to render the code comfortable for
humans to read, allowing the high level programmer to see the algorithm-level
control and data flow without being exposed to the large number of memory-
register moves and status calculations present in a naïve translation.

Our reverse compiler has been used by one of our industrial partners to
port two large applications from the ADSP-21xx processor to scheduled code
for the TMS320C6x processor. An ongoing area of interest is the extension of
our dataflow analysis to allow function signatures and type information to be ex-
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tracted. We are also examining expression-related variable sets; that is partitions
of the global set of variables into subsets that are related by virtue of appearing
together in expressions. By this means we hope to improve the code visualisation
aspects of the reverse compiler to further assist program comprehension.

An obvious experiment might be to take some C source, forward compile
it with the manufacturer supplied GNU-C compiler and then reverse compile,
comparing efficiencies. Sadly, the GNU-C implementation for the ADSP-21xx is
so poorly implemented that it is not a serious contender for production use, and
in any case our goal is to cross-reverse compile, so our efforts have concentrated
on optimising with respect to the idiosyncracies of the TMS320C6x compiler. We
shall report elsewhere on the results of a study (provisionally entitled Up, down
and sideways in which we compare two back ends for our tool, one generating
ANSI-C as described here and one generating so-called sequential assembler for
the TMS320C6x. Sequential assembler may be used as input to the scheduler.
As one might expect, programme comprehension is best served via the ANSI-C
translation (the up and down route) but some performance gains can be achieved
with assembler-to-assembler sideways translation.

We would like to thank the directors of Image Industries Ltd for access
to their source code; Georg Sander who wrote the VCG tool which produced
Figures 2 and 3 and the very helpful comments from the anonymous referees.
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Abstract. The C programming language is still ubiquitous in embedded
software development. For many tools that operate on programs written
in pointer languages like C, it is essential to have a good approximation
of the information about where the pointer variables possibly may point
to at runtime. We present a points-to analysis, which is based on Steens-
gaard’s approach to points-to analysis [12], but achieves a higher level of
precision.

1 Introduction

Due to high production volumes in the embedded systems field, resources as-
signed to software development cause only a small fraction of the overall costs.
Keeping the expenses for hardware per device low is thus more important. This
situation causes some reluctance in adopting programming languages like Java,
which trade low requirements on runtime resources for efficient software devel-
opment methods. Not surprisingly, Lanfear and Balacco arrive in their market
study at the conclusion that “C remains the language of choice for embedded
developers” (see [8]).

We believe that code transformation approaches such as, e.g., Partial Eval-
uation (see [7]) have an enormous, but not yet exploited potential to raise the
productivity of software development especially for embedded systems. With
such approaches, generic code can automatically be tailored to specific applica-
tions, thus achieving specialized and therefore less resource demanding versions
of the code. However, advanced optimizations or code transformations on pro-
grams written in pointer languages such as C do not yield good results if they
cannot apply as precise as possible information on where the program’s vari-
ables possibly may point to at runtime. In general, it is not possible to compute
points-to information with absolute precision (see [10]). However, various analy-
sis algorithms have been developed, which compute conservative approximations
at different levels of result precision and computational complexity (see [5], [9]).
The one that is described in [13] was quite influential, since it produces results
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Fig. 1. Sample C code and analysis result.

which are significantly more precise than those of trivial analyses1 (see [4]), while
it has an almost linear time complexity.

This paper reports on a fast points-to analysis that is quite similar to the
methods described in [13] and [12], but with an increased level of precision. The
proposed approach is flow-insensitive, which means that the order of program
statement execution is irrelevant. In general, the algorithm needs the complete
source code of the program to be analyzed. This is usually called “whole-program
analysis”. The analysis process is inter-procedural, but context-insensitive, which
means that the results which stem from function calls are unified over all function
call sites. Components of structured variables are considered. All heap allocations
from a single call site are mapped to a single abstract location.

Points-to information can be represented adequately by means of storage
shape graphs (see [2]). We call the nodes of such a graph “abstract locations”.
They represent a set of actual memory locations, which cannot be distinguished
by the analysis. An abstract location can point to other abstract locations, but
in order to restrict the size of the graph, each node is limited to point to a single
node only. This means that all abstract locations pointed to by a single node
have to be merged. Figure 1 shows a short C code fragment taken from [12]
and the storage shape graph produced by the proposed analysis. For now, please
ignore the equations in the lower right part of the figure – their meaning will be
explained later. With exception of s1 and s3 all storage locations of variables
are represented by distinct abstract locations. The abstract locations for s1 and
s3 had to be merged, since pointers to s1 as well as to s3 are assigned to the
variable i2.

1 The address-taken analysis, e.g., which assumes that each variable can possibly point
to each variable whose address is taken anywhere in the program.
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The remainder of this paper is organized as follows. In section 2 we discuss
related work. Section 3 defines a C language subset, which will be instrumental
for compact presentation. The data structures used to describe the storage shape
graphs are introduced in section 4. In section 5 we introduce a set of rules, one
for each kind of language statements, which establish constraints on the storage
shape graph. A storage shape graph, which satisfies all constrains, gives a safe
points-to approximation. Section 6 describes an algorithm, which produces such
graphs. Some experimental results are summarized in section 7.

2 Related Work

The points-to analysis proposed in the sequel may be considered as an extension
to the method described by Bjarne Steensgaard [12], which, in turn, is a modifi-
cation to his own work reported on in [13]. Inescapably the form of presentation
used in this paper is influenced by the mentioned articles. The first rough-cut
idea, which initiated the work that let to this paper, was actually brought up by
Steensgaard in a short discussion by email with one of the authors.

The main enhancements compared to [12] are the following: First, our anal-
ysis produces more precise results. Points-to analysis is applied to answer ques-
tions like “Which memory locations (both function variables and heap allocated
memory) may be accessed by the expression (often called access path) at
runtime?”. The lower the number of locations, the more precise is the analysis
result. The source code fragment shown in Fig. 1 is virtually the same as the
one Steensgaard uses as an example in his article. His analysis, however, would
have to join and to become a single abstract location, which means that
access paths to variables i1 and f1, respectively, would be aliased.

The improved precision compared to [12] is due to the following facts. In order
to guarantee for a linear relation between the size of storage shape graphs and of
analyzed programs, the information on where a pointer in a field points to has
to be of constant size. This is why two abstract locations are joined whenever
a pointer may point to both of them, instead of storing a set of references.
Steensgaard’s analysis does roughly the same for pointer offsets: If a pointer may
point to two different offsets in the same abstract location, then it is assumed
that nothing is known about the offset. This means that all fields of the abstract
location have to be joined into a single embracing field. In contrast to that, our
analysis incorporates ranges of pointer offsets, which are represented by a pair
of numbers that represent offset and width of the range (depicted by the gray
area in Fig. 1). The proposed analysis has therefore to join the fields only, which
are located in this range. Some figures of merit in terms of precision are given
in the results section of this article.

Furthermore, we consider our analysis to be conceptually simpler and there-
fore easier to implement. Steensgaard distinguishes four kinds of abstract loca-
tions. The proposed analysis, in contrast, applies a single kind of representation.
This leads to a more compact algorithm, which we consider to be more concise.
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Manuvir Das describes in a recent paper [3] another improvement to Steens-
gaard’s analysis. His studies of real world C programs revealed that the prevalent
use of pointers is in passing the addresses of struct type objects or updateable
values (like, e.g., in calls of the scanf function). The analysis takes advantage of
this fact by avoiding joins at the top level of pointer chains whenever possible.
Although the algorithm is part of a higher complexity class, which is due to the
fact that it is less conservative, in practice it is almost as fast as Steensgaard’s
analysis and nearly as precise as other algorithms that scale worse. Although
Manuvir Das’ approach is orthogonal to and may also be combined with our
analysis, we did not yet pursue this idea.

3 Source Language Definition

For the sake of a compact illustration we present our points-to analysis for pro-
grams written in a language (see Fig. 2), which we borrowed from [12] being
essentially a subset of the C programming language (see [6]). Extending the
analysis to support the complete C language specification is relatively straight-
forward, f, p, r, x and y range over all possible variable names and constants,
n over all possible field names. We do not have to consider control statements
since the outlined analysis is flow-insensitive.

Fig. 2. Syntax of the considered source language.

Some pecularities of the compiler implementation, which are intentionally not
specified in [6], have to be provided. Namely, these are the sizes of the different
basic types and the sizes and offsets of components of structured types2. This
information is being used to attribute each assignment statement by the size of
the assigned value and to compute offsets into structured memory locations (see
Fig. 2(a)). Aside from that, types are irrelevant: The analysis gracefully handles
component accesses to basic type variables as well as assignments of basic type
values to variables with structured types and vice versa – which is supported in
C due to unsafe type casts.
2 Note that the analysis presented in [12] applies symbolic offsets and is therefore

somewhat less implementation dependent.
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The allocate(y) function dynamically allocates y bytes of memory. Arithmetic
and other primitive operations are described by expressions. Figure
2(b) shows the syntax for function definitions: The to variables are func-
tion parameters and the r variable (which is hidden in C programs) holds the
function’s return value. Function calls (Fig. 2(c)) have call-by-value semantics.

4 Data Structures

We define a set of data structures, which are exploited in the points-to analysis
in order to denote the storage shape graph. Fig. 1 details some examples.

A storage shape graph G is a set of abstract locations each representing a set of
storage locations of the program being analyzed. These can be named locations
like variables or function parameters, as well as anonymous ones like memory
blocks allocated on the heap. To be able to represent structured objects, an
abstract location consists of a set of non-overlapping fields   An object, which
is always accessed as a whole (typically a variable of basic type), carries one field
only (or none, if the analysis detects that it never points anywhere; after all, we
are interested in pointers only). Objects with sub-components being accessed
in the analyzed program are represented by an abstract location with possibly
more than one field. There is not necessarily a one-to-one mapping between
the components of a storage location with structured type and the fields of an
abstract location. On the one hand, a single field can represent a set of adjacent
components of a memory location. Since an abstract location may represent a
set of actual memory locations, a single field can also represent components
from distinct memory locations. A field has a certain extent in its abstract
location with offset and size It can hold a pointer to an abstract location
and/or to an abstract function which in turn represents a
set of functions, whose parameters and return variables are described by abstract
locations and respectively. Fields contain a second tuple which,
whenever the field holds a pointer to an abstract location describes the range
of possible offsets into the memory locations represented by An
offset range means that the pointer can point anywhere into the object.
For a field extent this value means that the field spans the complete abstract
location. as an offset range or field extent descriptor means that the value
is not yet constrained in any way. This descriptor value is transient and will not
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be present in the final storage shape graph, unless the program being analyzed
dereferences uninitialized pointers. Two fields or two abstract functions are equal
when they are structurally equal, but abstract locations field extents and
offset ranges have an identity (possibly implemented by the use of tags), and
equality is defined by identity.

We define a sub-interval-like (Eqn. 8) and an intervals-overlap-like relation
(Eqn. 9) on field extents and offset ranges, which will be helpful in being concise
later on:

The aforementioned restriction, that the fields of abstract locations may never
overlap, can now be denoted as

5 Constraint Deduction

This section defines a rule for each kind of statement of the language defined in
section 3, which establishes constraints on the storage shape graph. A storage
shape graph that conforms to all constraints implied by these rules and all the
statements of a given program, is valid with respect to this program. The order
of statement consideration is irrelevant.

To keep the rules compact we define two more relations on fields and abstract
locations. The first is an inclusion-like relation:

Intuitively, it states that an abstract location contains a certain field. Consider,
however, that field extents and offset ranges do not have to be equal; field extent
and offset range of the abstract location’s field only have to be at least as ‘wide’
as those of the field given at the relation’s left hand side (e.g.,

The second relation is defined as:

This relation is being used to establish constraints on the storage shape graph
due to variable assignments. Thinking operationally, it is the analog of copying
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Fig. 3. Constraint deduction from program statements.

a block of data of size from location at an offset which is in the interval
into location at an offset of the interval

Figure 3 defines for each kind of statement a set of relations on components
of the storage shape graph, which have to hold in order that the graph is valid
for the program considered. A defines the mapping of the program’s variable
identifiers to abstract locations in the storage shape graph. The rule for the
address-of (&) operation for example is

It states that if the program being analyzed contains a statement of the form
x=&y and if variables and are mapped to abstract locations and re-
spectively, then has to contain a field, which
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is located right at the beginning of
is at least as wide as a pointer value,
may or may not point to a function, and
points to the abstract location, which represents variable (possibly among
others) at
an offset known to be in a range which includes 0,

1.
2.
3.
4.

5.

in order that the storage shape graph is valid with respect to the statement.
These requirements are derived from the C language semantics, but they are

relaxed in order to allow for a fast analysis that computes a conservative ap-
proximation. Statements 1 and 2 are due to the extent of the field required
to be part of is the size of a pointer value, since a pointer value is the
data being assigned and because the parser provides information on the width
of assigned values (indicated by the indexed at the = operator). Note that the

relation does not require to have a field with an extent of exactly
but rather a field, whose extent comprises (see Eqn. 11). This is why line
2 states that the field has to be at least as wide as a pointer value. Statement 3
basically denotes that    may be lam() (), which does not represent a function.
However, it may as well point to some real function, if x is assigned a pointer
to a function in another program statement. In statement 4 is required to
be the abstract location, which represents y. Since y may be aliased with other
variables, may also represent these. The offset range (0,0) captures the offset
0 exactly. As defined by the C language semantics, this is the offset into to
which will point after statement x = &y is executed. However, due to another
statement, may also point to some other offset. That is why it is not required
for the field in to point exactly to offset 0, but rather to any offset in a range,
which includes 0. Once again, this is due to the definition of the relation.

Because of space constraints we cannot give an explanation for each and every
rule. Instead, we highlight some subtleties: The rule for allocate statements is
similar to the address-of rule, but the abstract location pointed to is anonymous.
Consider how the rules for pointer indirections apply the offset ranges. The rule
for is a combination of pointer indirection and address-of rule with an
extra offset addition. Regarding the rule for primitive operations: If a pointer
value is used in an arithmetic expression, then it might be possible to reclaim
it from the computed value, which therefore can possibly point to all abstract
locations to which one of the operands may point. Beyond that all information
on the offset range is lost (consider ptr++ expressions), which is why it is forced
to The rules for function definition and function call basically enforce
the flow of pointers from actual parameters to formal parameters by means of
function pointer variables.

6 Constraint Solving

A set of constraints can be deduced for a given program, by means of the rules
given in section 5. A storage shape graph which satisfies these constraints is
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Fig. 4. Constraint enforcing functions.

valid with respect to the program. This section describes an algorithm for the
construction of such graphs.

In an initialization step all named program variables are mapped to distinct
abstract locations with an initially empty set of fields. Thereafter, the algorithm
iterates over all statements of the program being analyzed, and invokes functions,
which modify the storage shape graph such that the constraints corresponding to
the current statement are satisfied. We first describe these constraint enforcing
functions, which are outlined in Fig. 4.

There are three join functions for abstract locations, abstract functions and
ranges (i.e. both field extents and offset ranges), respectively. The operands
of a join function call are merged. We exploit disjoint-set forests with path
compression (see [14]) to achieve fast union operations. The abstract location or
range which results from the join operation are represented by an equivalence
class representative (ecr) of the class of merged objects. Overlapping fields of
joined abstract locations are then combined. Two joined ranges are represented
by a range, which is as small as possible and still covers the original ranges.

The function enforces a constraint of the form
However, it is unknown if and which all affect already are

determined completely at the time the cjoin function is being called. Program
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statements not considered yet may result in constraints whichaffect and
when the algorithm progresses. To handle this problem, the concept of pending
actions is introduced. A pending cjoin action is attached to and which
is executed as soon as on of their values changes. However, the pending action
is only attached, if the cjoin is not executed as a pending action too.

Calling ensures that holds at the point
in time when the analysis runs to completion. This function applies the concept
of pending actions too.

Fig. 5. Construction of the storage shape graph.

Figure 5 gives a short program fragment for each possible kind of statement,
which applies the functions defined in the last three paragraphs for the construc-
tion of a valid storage shape graph. The program fragments are derived directly
from the rules given in Fig. 3. The ecr function maps a variable to its abstract
location, which is represented by an equivalence class representative of the set
of already merged abstract locations. We give a short step-by-step example in
Fig. 6, which illustrates the process of building the storage shape graph. Figure
6(a) shows the graph right after the initialization step. Each one of the program’s
variables is represented by a single abstract location. Since the order in which
program statements are considered is irrelevant for the end result, we start the
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Fig. 6. Illustration of storage shape graph construction.

analysis with the second statement as shown in Fig. 6(b). If the
statement would actually be executed, i4 would point to the same object as s2
would, but at an offset, which is greater than that of s2 by offset(c). This is
reflected in the rule for statements of the kind in Fig. 5 (second
rule in the right column). The first join operation of this rule enforces that
represents the abstract location which variable y points to, and represents the
corresponding offset. The add-offset call ensures that offset range includes

and the second join coerces variable x’s abstract location to point to
at an offset in the range However, since the analysis did not yet consider the
first statement of our example, s2 does not point anywhere. That is why a new
abstract location is introduced as a placeholder for the abstract location s2
will point to eventually. We know that and both point into at offset
and respectively. We know nothing yet, however, about the ranges and
other than is That is why an add-offset pending action is attached
to which is executed as soon as more information on becomes available.
This happens in Fig. 6(c), which depicts what happens when statement s2=&s1
gets analyzed. The rule for this kind of statements is the second one in the left
column of Fig. 5. One of the results is that the abstract location of variable s1
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gets merged with which means that both of them represent the same
abstract location. Offset range is now known to hold at least offset 0 meaning
that has to hold at least offset 8. This is established by executing the pending
add-offset action. Figure 6(d) analyzes another address-of expression, but no
pending actions are triggered this time. The pointer indirection statements, as
shown in Fig. 6(e), are interesting since they modify abstract locations of vari-
ables not being syntactically present in the expression. Once the storage shape
graph is constructed, it is easy to infer facts like “expression may access
variable i”.

7 Evaluation

While we do not present a proof, we argue that the proposed points-to analysis
has a space complexity of O(N) and a time complexity of where N
denotes the size of the program and R the number of components of the pro-
gram’s largest struct type, respectively. Although, according to personal commu-
nications with Steensgaard, the complexity measures given in his article are not
consistent, we are confident that our algorithm is as efficient as the one described
in [12].

7.1 Space Complexity

The space allocated during the analysis is used to record the storage shape
graph. The memory demands are thus proportional to the number of locations,
functions, fields, field extends, pointer offsets, and pending actions, which the
graph is composed of. During the first stage of the analysis an abstract location
is created for each named variable and for each function parameter in the source
code. An abstract function, as well as an abstract location that contains a field
which points to the function, is created for each function definition. As can be
seen, after the initialization step, the size of the storage shape graph is linearly
dependent on the program size N. It remains to be argued that the second
analysis stage adds a number of storage graph components, which is at most
linear to N.

For each statement of the program being analyzed, one of the functions given
in Fig. 5 is executed once. Each one of these functions introduces at most a
small number of new graph components. The function for statements of the kind

creates a field in the abstract location of which points to the abstract
location of Both a field and an abstract location are created in the function for

and a pointer offset for like statements3. The num-
ber of calls of a constraint enforcing function from Fig. 4 is linear to the textual

3 Some statements in the algorithms shown in Fig. 4 and Fig. 5 introduce new storage
shape components just to be able to be more concise. An efficient implementation
would not create new components here. The pointer offset for example, which is
introduced in the add-offset function in Fig. 4, is used only to ensure that

without having to handle pending actions.
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length of the statement currently considered. For like state-
ments, e.g., the number of cjoin calls is linear to the number of operands. This
means that the accumulated number of calls of constraint enforcing functions
from the functions given in Fig. 5 is

The constraint enforcing functions given in Fig. 4 join components, but they
do not create new ones. One exception is the cjoin function, which introduces at
most a single new field into the abstract location for each external call from
one of the functions in Fig. 5.

A constant number of new pending actions are attached to graph components
only in the cjoin and the add-offset functions and only if they are directly called
by one of the functions given in Fig. 5. The number of pending-actions attached
to storage graph components is thus linear to the program size as well.

The overall size of the storage shape graph is therefore O(N), with N denot-
ing the size of the analyzed program.

7.2 Time Complexity

According to our arguments in section 7.1 the number of graph components is
O(N). Since a join operation removes a graph component logically, the total
number of join invocations is restricted to O(N) as well.

The most expensive join function is the one that merges abstract locations
in Fig. 4). The ecr-unite function is of where is the

inverse Ackerman’s function [14], which is almost constant. For compact presen-
tation, the combination of the fields of both abstract locations is done in a nested
loop. However, if the fields are sorted by position, this can be easily achieved
in O(R), where R is the number of components of the program’s largest struct
type. The joins in the loop body are already accounted for by the argument in
the previous paragraph. The number of pending actions attached to the abstract
locations is O(N) too. Since and hold, the
complexity of the join function is O(N) times the complexity class of executing
a pending action.

A pending action is either a pending cjoin or an add-offset operation. Both
functions do not execute other pending actions. With complexity class O(R),
the cjoin function is the most costly one. This is due to the loop, which iterates
over the fields of The join operation, which is a short hand for joining
and with the corresponding components of is already accounted for.

The overall complexity for performing the proposed analysis on a program
of size N is thus whereas R denotes the number of components of the
largest struct type of the program.

7.3 Experimental Results

The proposed analysis algorithm was implemented as part of our PEAC tool,
which eventually will evolve into a Partial Evaluator for Ansi C. The tool is
implemented in C++, it was compiled with the GNU Compiler Collection ver-
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sion 3.3.2. The following benchmarks were carried out on a Pentium MMX
233MHz running the Sarge version of Debian GNU/Linux.

Tab. 1 summarizes characteristic results from applying our analysis method
to the freely available programs of Todd Austin’s pointer intensive benchmark
suite [1] as well as to some of the programs of the SPEC’92 benchmark suite
[11]. These programs are typical benchmarks for points-to analyses and often ap-
plied in other publications. The stated CPU times were derived from performing
points-to analysis on top of the abstract syntax tree representation. Parsing and
variable name resolution do not contribute to these figures.

The remainder of the table presents the number of abstract locations in
the computed storage shape graph, which represent a given number of aliased
variables in the program. There is just one couple of variables in the anagram
source code, e.g., which our analysis can not differentiate. This means that, based
on our analysis, each pointer referencing one of the two variables may as well
point to the other. For yacr2 there exists one group of three non distinguishable
variables and three pairs of two such variables. Abstract locations that represent
only a single variable are only accounted for if they are pointed to from another
location. The remainder are variables whose addresses are never taken, which
makes their number non meaningfull.

These results are given for our own analysis as well as for the one described in
[13]4. The proposed analysis achieves at least the same precision as Steensgaard’s
initial work and is more precise in most of the cases.

8 Conclusion

This paper presents a new fast points-to analysis for languages with structured
types. The proposed analysis computes alias information with a higher level
of precision than the one described in [12]. In addition, we are confidend that
both have the same complexity in time and space while the proposed analysis is
conceptually simpler.

4 Unfortunately this kind of results is not reported on in [12], which is closer to our
analysis.
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Abstract. An automated framework for code and data partitioning for the needs
of data management is presented. The goal is to identify the main data types
from the data management perspective and to separate them from the many
smaller data in the code. First, static and dynamic analysis is performed on the
initial C++ specification code. Based on the analysis results the data types of
the application are characterized as crucial or non-crucial. Afterwards, the code
is automatically rewritten in such a way that the crucial data types and the code
portions that manipulate them are separated from the rest of the code. Thus, the
complexity is reduced allowing the designer to easily focus on the important
parts of the code to perform further refinements and optimizations. Experiments
on well-known multimedia and telecom applications prove the correctness of
the performed automated analysis and code rewriting as well as the applicability
of the introduced framework in terms of execution time and memory require-
ments. Comparisons with Rational’s Quantify™ suite demonstrate the failure
of Quantify to analyze correctly the initial code for the needs of data manage-
ment.

1 Introduction

Current and future multimedia applications and other with similar behavior (e.g. pro-
tocol network applications) are characterized by high complexity, diverse functional-
ity, huge amount of data transfers, and large data storage requirements [1]. They are
usually described by large specification codes using high-level OO-based description
languages such as C++ or SystemC. The conventional design procedure for such kind
of applications starts by studying and analyzing the initial code to identify its crucial
parts in terms of different design factors such as performance, data transfers and stor-
age needs, and power consumption. Next, these crucial parts are refined, optimized,
and mapped to predefined or custom-developed platforms [2].
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In the majority of the cases only a small amount of the code – that is distributed
sparsely over small sets of code lines – is important in terms of the considered design
and quality factors [3], [4]. Given that the modern applications are described by hun-
dreds of thousands code lines, there is a strong need to automatically identify the
crucial parts of the initial specification code and separate them from the rest of the
code. In this way the complexity of the application is reduced, the exploration free-
dom is increased, and the designer can easily focus on the important parts of the ap-
plication to perform code refinements and optimizations [1].

For the data processing itself, the identification of the crucial kernels (usually inner
loops) has been treated quite well in the past. But since modern applications are data
dominated, a distinct step called background data management (or memory manage-
ment) should be presented in the stage of mapping the application’s data types to the
background memory. This step aims at reducing the (complex) data transfers and
storage requirements of the application and mapping the data structures efficiently on
the hierarchical memory organization of the underlying platform [1], [5], [15]. The
foreground memory management focuses on the register files and the registers’ exis-
tence in the data-path. In contrast, the background memory consists of larger on- or
off-chip memories that require a separate (set of) access cycle(s).

To reduce design complexity and to increase exploration freedom, the first sub-step
of (background) memory management is to categorize the application’s data types in
crucial and non-crucial from the data management perspective. As crucial data types
are considered the ones whose refinement has a large impact on important design
factors such as the total memory’s power consumption, performance, and total mem-
ory size. After the identification of the crucial data types, code transformations and
optimizations should be applied only on the these data types to reduce the data trans-
fers and storage requirements, while the code associating with the less important data
types should not be considered. Figure 1 shows the amount of the design time that
required for an MPEG-4-based video application during a project elaborated in the
year 2001 by a well-known design house [1]. At the left side it is shown the exact
time that MPEG-4 was designed with a two months penalty for distinguishing the
background memory’s data types manually. At the right side it is shown by estimation
that the design time without the above distinction would be two times larger.

Considering the complexity and the large sizes of initial specification codes of the
modern applications, the development of an automated flow for partitioning the code
in crucial and non-crucial parts is necessary for the needs of data management. The
automatic partitioning in crucial and non-crucial data has not been tackled earlier in
literature. To the best our knowledge at this point there is no academic or commercial
framework that performs the above partitioning automatically and efficiently.

In this paper an automated framework for deriving the crucial code’s parts from the
data management perspective and automatically isolating them from the rest of the
code is presented. First, static and dynamic analysis is performed on the initial C++
code. Based on the analysis results, the data types are characterized as crucial or non-
crucial. Afterwards, the code is automatically rewritten in such a way that the data to
be stored in foreground memory and the associated code portions that manipulate
them are placed inside new generated functions and are abstracted from the code
portions related to background memory’s data. A set of experiments on well-known
applications proves on one hand the correctness of the performed analysis and auto-
mated rewriting and on the other hand the efficiency of the proposed framework in
terms of execution time and memory requirements. Moreover, comparisons with Ra-
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tional’s Quantify™ suite demonstrate the failure of existing analysis frameworks like
Quantify to perform correctly the required analysis while the rewriting step is totally
missing.

Fig. 1. Foreground/background separation shortens the exploration time

The paper is organized as follows: In section 2, previous work on data management
and existing code partitioning tools are discussed. In section 3 the proposed frame-
work is introduced and its implementation is discussed in details in section 4. The
experimental results on well-known multimedia applications and comparisons with
similar commercial frameworks are given in section 5. Finally, the conclusions are
listed in section 6.

2 Data Management and Code Partitioning

One of the major bottlenecks of the modern applications is the huge amount of data
transfers and storage requirements. This results in high power dissipation and per-
formance degradation [1], [5], [15]. Experiments have shown that the energy con-
sumption of the memory and related busses of the initial unoptimized code exceeds by
far the consumption of the data paths and control logic. Also, the data transfers be-
tween the data paths and memory bound the system’s performance, while the memory
hierarchy dominates the silicon area. Thus, a lot of data management techniques, also
called memory management techniques, have been proposed in recent years [1], [5]-
[8]. Good overviews can be found in [15] and [16].

The basic concept of all the data management techniques is to apply code refine-
ment and optimisations in specific code portions, which are responsible for high
memory energy, to reduce the data transfers or to derive a memory architecture where
the frequent memory accesses are performed on small memories. It must be noticed
that in the majority of cases the data management code transformations are applied
before the conventional compiler transformations [1].

In [1] and [5] the Data Transfer and Storage Exploration (DTSE) methodology has
been proposed by IMEC. It starts by analyzing the initial specification code, identify-
ing its crucial parts and manually separating them from the rest of the code. Next,
platform-independent control- and data-flow transformations are applied to the code’s
crucial parts to increase the locality and regularity of memory accesses, remove re-
dundant data transfers, and exploit data reuse opportunities. Afterwards, platform-
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dependent transformations are taken place to increase the data bandwidth and derive
the memory organization. In the Bologna-Torino cluster also a focus on memory
partitioning has been initiated. E.g. in [6], after performing profiling on the initial
code and identifying the memory accesses patterns, the use of a special scratch-pad
memory called Application Specific Memory (ASM) or the memory partitioning
according to the application memory access patterns have been proposed. Thus, fre-
quently memory accesses are performed on small on/off chip memories resulting in
reduced energy dissipation. At Irivine, the main focus has been on memory-aware
compilation. E.g. in [7] the use of an on-chip scratch-pad memory is proposed to
reduce the energy due to memory access. Also, the application of code transforma-
tions for minimizing the power consumption of the on chip and the off-chip (DRAM)
memory has been presented. At Penn State the main focus has been on transforma-
tions. E.g. in [8] special memory management techniques for improving the energy
consumption of the cache memory have been presented. It must be stressed that none
of the above approaches has a direct automated way to partition the code in back-
ground and foreground memory portions (crucial and non-crucial data types). Also,
several other groups have started working on such issues recently.

Considering the complexity and the large sizes of the initial code descriptions of
modern applications, some tools to identify the important parts of the code for data
management needs have been presented. But it will be shown that these lack impor-
tant features for our context since none of the them characterize correctly the data
types as crucial or non crucial from the memory management perspective and they do
not automatically separate the code’s crucial parts from the non-crucial ones.

Rational’s Quantify [9] focuses on function calls and its output is a dynamic func-
tion flow graph without giving any information about which parts of the code contain
the largest amount of memory accesses and which were the most frequently accessed
data types. IMEC’s ATOMIUM [14] is another software suite that deals with the
desired profiling for memory management. ATOMIUM offers a complete code analy-
sis but with respect to memory management it still lacks two issues. First, it works
only for C codes, while a growing portion of the modern multimedia applications are
described in C++. Although the EDG compiler [11] offers a C++ to C conversion it
turns out to be not very sufficient for further manipulation of the re- writing code.
That occurs because all data type and function names change during the conversion
and intermediately, new data types are introduced. For that reason, the original C++
code should be used for dynamic analysis since EDG introduces some data accesses
overhead. Moreover, the produced C code can not always be executed since the com-
piler in its current version has problems converting to C dynamic C++ instructions
(e.g. new, delete). So, the partitioning of the crucial data types and the associated code
that manipulates them should be achieved on the original C++ code. Certainly, that
step would have to be performed manually in the pre-processing step since
ATOMIUM doesn’t perform it automatically.

3 General Description of the Introduced Framework

The proposed framework has two goals. The first goal is to reduce the design com-
plexity by focusing on the important parts of the code, while the second one is to hide
some undesired constructs that should/can not be handled by the background data
management stage.
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To achieve these goals the initial code should be separated in at least two distinct
hierarchical layers [1]. The first layer should contain the crucial data types (usually
arrays) as far as memory energy consumption, access bandwidth or size is concerned
and the corresponding code portions (nested loops and manifest conditions) that ma-
nipulate them, as well. The second layer, which is called with functions from the first
layer, contains the rest of the code. Among the two above layers only the first one is
considered for exploration during the background data management step. The second
layer that can still contain small non-crucial arrays should be handled by the fore-
ground memory management (register oriented) steps, which are tightly integrated in
more conventional instruction-level compilers.

To perform such code partitioning, profile information needs to be extracted by
analysing the initial code. Then, the application’s data types are characterized as cru-
cial or non-crucial in terms of background memory management. Next, the code is
rewritten automatically so that the crucial data types and the associated code portions,
which manipulate them, are separated from the rest of the code resulting in the con-
struction of the two layers. If several “dynamically created tasks” are present, then the
above approach is performed per “dynamically created task”. We then also foresee
another “top-layer” that contains these tasks (usually implemented by means of a
thread library). Hence, in total we have 3 layers, of which the data management re-
lated one is the middle layer 2.

In C++, a data type may be defined as an array of a class instance. Our approach
focuses on arrays as class states or local arrays inside function bodies since these are
the ones that are considered as unique structures from memory management perspec-
tive. The code portions that manipulate them should be considered for moving from
layer 2 (data management layer) to 3 (register management layer) and vice versa. For
this consideration we take into account whether the objects (instances of each class
that contains crucial arrays) contribute significantly to the memory’s total power con-
sumption. An array is characterized as crucial if during the execution of the code it is
accessed very frequently and/or it requires large memory amount for storage. For that
reason the code portions that manipulate it are moved in layer 2. On the contrary, the
code portions that don’t manipulate any crucial array are moved in layer 3.

The proposed code separation does not prevent any conventional complier to apply
the required code transformations. As it has been mentioned, the data management
precedes the conventional instruction-level compiler optimizations. Thus, after the
application of the code transformations related to memory management, which are
applied to the code of layer 2, the whole code is recombined and is fed to the trans-
formation level compiler. Also, as it is explained in the code rewriting step further on,
no problems related to linker arise. Finally, as it has been mentioned, the proposed
approach does not perform the actual code transformations for the data management
needs but only identifies and separates automatically the initial code in crucial and
non-crucial from the data management perspective.

To automatically implement the above some existing software frameworks have
been used. The EDG compiler [11] is used to convert the initial C++ source code to C
code. This transformation has been adopted since good public domain software tools
are available that extract important profile information on C source codes in an effi-
cient way. The SUIF2 compiler [10] is such a tool and it is used to obtain static analy-
sis information. Since it takes as an input only C code, the information that is ex-
tracted should be correlated with the original C++ source code. It must be noticed that
the produced C code is not used for further manipulation (code refinement and trans-
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formations) but only for performing static analysis and gathering profiling informa-
tion. Finally, the lexical analyzer LEX [13] is used for adding to the original C++
code special structures (e.g. counters, cost functions etc.) that are used for storing
dynamic analysis information. Figure 2 shows the proposed flow.

Fig. 2. General Flow

Initially in the Preprocessing/Analysis step, the C++ source code is converted to C
and useful profiling information is extracted by performing static and dynamic analy-
sis using properly developed SUIF2 scripts. Continuing in the Data Type classifica-
tion step all data types are assigned with a weight produced by a (access and size) cost
function determining how crucial they are from memory management perspective.
Finally, after determining which of the data types are the crucial ones the initial C++
source code is rewritten by separating them in layers 2 and 3, in the rewriting step.
Following, all the sub-steps of the above flow are described in details.

4 Detailed Description

4.1 Pre-processing Analysis

Profile information needs to be extracted always before memory management explo-
ration on the given application. The motivation of the analysis is to have a good
knowledge on which of the application’s data types are most frequently accessed and
which require a lot of memory space to be stored.

In this step, two kinds of analysis are performed namely the static and dynamic
ones. Figure 3 (i) shows the exact flow that is followed for static analysis. First, the
EDG compiler generates C source code from the initial C++ code of the application.
Continuing, using the developed scripts the SUIF2 compiler operates on the C code
and information about the Function Flow Graph (FFG), the structure definitions as
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Fig. 3. (i) Static Analysis Flow (ii) Dynamic Analysis Flow

well as their static sizes are extracted. The static size of a structure is considered as
the total memory space that is needed for storing an instance of that structure. As
mentioned, a structure is considered as an array and its static size is the sum of all its
elements’ memory storing space. Afterwards, the step traces all the structural declara-
tions, and then the names of their instances. However, the EDG compiler slightly
changes the names of the functions and class instances when converting from C++ to
C source code. For that reason the flow automatically uses properly developed scripts
to reverse these changes and reveal the original names of the initial C++ code. In
figure 4 is shown as an example a part of one of the previously mentioned SUIF2
scripts that we generated for the proposed flow. By that script all the data types of the
input code are identified and for each of them the information about their static size is
gained. For this implementation a SUIF2 technique for searching for special struc-
tures inside the code is used called iterator and specific functions from the SUIF2
library are called for giving to the output the needed information.

Dynamic analysis needs to be performed in order to find out which of the data
types are most frequently accessed. Figure 3 (ii) explains the way that this task is
accomplished. From the previous analysis, all class, object and array names are well
known. Also, all the functions of each class have been scanned. The proposed flow
automatically produces scripts properly developed by us, which are used by LEX and
which operate on the initial C++ source code. The main idea is to place an increment
instruction of a variable underneath each instruction of the initial code of an array
access. For each array a unique variable is declared for counting its accesses. Another
function is also placed inside the code, which has the mission of printing the number
of accesses for each array before the execution ending. The above are accomplished
using developed by us C scripts that generate LEX scripts which identify the end of
the main function of the initial C++ code. Then, they write before it, printing instruc-
tions of the memory accesses of each of the code’s array. Additionally, properly de-
veloped scripts are used to create some extra header files for storing the new data
types for counting the arrays’ accesses and memory sizes as well as the function for
printing the results of dynamic analysis. Next, the code is executed and all informa-
tion about the accesses of each array is extracted.
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Fig. 4. SUIF2 script for extracting the memory size of all the input code’s data types

4.2 Data Type Partitioning

All the above critical information is going to be used for deciding which data types
are the crucial ones from the background data management perspective. For that rea-
son a cost function must be employed which will use the extracted information from
static and dynamic analysis and will assign to each data type a weight. In that way, a
measure of how crucial each data type is, is obtained. Figure 5 describes the assign-
ment of weights.

Fig. 5. Weight Assignment Procedure

For each data type instance its static size and the number of accesses during the
execution time is taken into account. The proposed automated flow uses a simple cost
function, which is described in Eq. (1). However depending on the designer’s inten-
tions the weights in this cost function may change since a new one can be given as an
input. Also, for the reason that each data type doesn’t use its entire memory space at
each instance when it is processed, the designer should also be able to give as an input
the exact required memory space of each data type that is usually processed instead of
the total declared size that is usually overestimated.

After the weight assignment to each instance of the initial code’s data types, the
designer should determine the threshold beyond which each instance is considered as
crucial. This shall be given to the automated flow as an input.
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4.3 Code Rewriting

Next, using special LEX scripts, the corresponding code portions that manipulate the
non-crucial arrays are rewritten automatically in new generated functions and their
body is placed in layer 3 and are not considered for memory management optimiza-
tions. Layer 2 contains the rest of the code which includes the manipulation of crucial
arrays and the calls of new generated functions of layer 3. The main functionality of
those scripts is the identification of class function bodies and the basic blocks inside
them. As basic block is considered a group of instructions which doesn’t contain a
jump instruction except for the function call instructions. Only the last instruction of a
basic block must be a jump instruction. A basic block that doesn’t access crucial ar-
rays will be used as the body of a newly generated function and its function call re-
places this basic block at the initial code flow. In order to implement this efficiently
all variables and arrays accesses by the considered basic block need to be scanned. All
the arrays and references of the local variables must pass as inputs through the func-
tion’s parameter list while all the global arrays and variables should remain un-
changed in the new function body. The function prototype declaration of each newly
created function is declared inside the corresponding class declaration. Figure 6
shows an example of the automated rewriting. Beside every newly generated function
is automatically printed a comment which declares that these function contents belong
to layer 3.

Fig. 6. (i) initial code (ii) separation of a basic block to layer 3

By rewriting the initial C++ code as described above no compilation problems oc-
cur and the functionality of the program is identical compared to the initial one. It
must be noticed that the code rewriting’s output code is as readable and as under-
standable as the original code. In this way the designer that will use the produced
code as input for a memory management optimization step will not meet any extra
difficulties for understanding and transforming the code. For the same reason, neither
the optimizing compiler is perturbed.

By separating the crucial code from the non-crucial one the previously discussed
hierarchical layers are formed. Figure 7 shows the automated rewriting procedure. At
this point, the designer has clear advantages concerning the task of background mem-
ory management exploration. He has a very good knowledge of which are the code’s
data types, their memory size, the names of their instances, and the number of times
they are accessed during the execution time. He also knows the crucial data types that
are stored in background memory and any design effort from background memory
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Fig. 7. Code Rewriting Procedure

management refinement should be focused only on them. Also the lines of source
code that now are to be examined are drastically reduced. Moreover, because the code
of layer 3 is fully separated in different functions it can be kept in a separate file that
is protected so that no errors can be introduced. By this way, the manual application
of the transformations that follow can only be present in Layer 2 code. This clearly
limits the verification and debugging effort as shown also in Figure 1. All the above
information combined with the automated way of extracting, leads to a seriously re-
duced design time for the given application.

4.4 Rewriting Example

In this paragraph an example on a small but realistic application code is given to bet-
ter understand the proposed contribution. Figure 8 (i) shows the initial C++ code of
the multimedia full search algorithm. It contains a motion estimation procedure in
which the data types (arrays) cur, prev, vec_x, and vec_y are processed. The main
target is to distinguish which of the above arrays could be stored in foreground and
which in background memory and finally to separate in layer 3 the corresponding
code portions that process only the foreground memory’s data types by implementing
the code rewriting step.

After automatically applying the proposed pre-processing analysis step, static and
dynamic analysis information is extracted for each array. Table 1 shows the number
of accesses for each array during execution time and the number of bits required for
their memory storage.

Continuing, during the data type assignment step a weight is assigned to each array
according to a weight function. The results are shown in Table 1.

As can be seen, the weights of cur and prev arrays are a million times larger than
those of vec_x and vec_y. For that reason, the first two data types are considered
crucial and can be stored in background memory while the last two should be stored
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in foreground memory. In this simple code this is also obvious for the designer of the
code but for complex codes with dozens arrays and fews of thousands lines of high
level source code this is not trivial at all. Automated analysis is then essential. Next,
the automated flow scans all the input code’s basic blocks and identifies those which
don’t access any data types from the background memory. It rewrites these basic
blocks as bodies of new layer 3 functions as shown in figure 8 (ii). By this way, not
only the foreground-background data types are distinguished but the corresponding
code portions are also separated.

Fig. 8. (i)initial motion estimation (ii)basic block separation to layer 3

Comparing all the above described steps of the proposed flow with Rational’s
Quantify suite it can be said that the only information given by Quantify is the num-
ber of times the fs_motion_estimation procedure was executed which is ‘1’. However,
this is not sufficient information for deciding which data types should be placed in
foreground and background memory. Also, no code rewriting is performed by Quan-
tify for separating the foreground-background code portions. The last difference is
also valid for the ATOMIUM tool suite at IMEC and the Xtel at EPFL, which handle
C code which is not sufficient as explained in section 2. For these reasons it is proved
the uniqueness of the automated flow’s operations.
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5 Experimental Results

To verify the effectiveness and validity of the introduced framework, experiments on
five well-known codes have been performed. The tested codes are parts of multimedia
and telecommunication algorithms.

More specifically, the OFDM baseband transmitter is based on the physical layer
of the IEEE 802.11a specification. JPEG is an international standard for the compres-
sion of multilevel still images. Cavity Detection is a medical image-processing algo-
rithm and ADPCM is a voice codec. Finally, the last benchmark tested is VIC [12]
which contains a group of applications. The one among them that the proposed flow’s
experiments focused on is a video application implementing the H.261 standard.

Table 2 shows the measurements taken by the proposed flow for all applications. It
must be noticed that in order to verify the correctness of those measurements special
modifications on the code of the experimented applications have been performed
since no tool exists to perform measurements similar to what the introduced flow
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does. For that reason, concerning each class state accesses, counters have been placed
by hand inside the function bodies under each static appearance of a class state and
their results after execution have been compared with the proposed flow’s measures.
It is obvious that the proposed flow’s results are correct since they are the same with
the ones of the counters placed by hand.

Table 3 shows the measurements taken by Quantify ™. For the VIC application
there are no measurements since it operates on Linux and no Quantify suit is avail-
able. It is clear that it doesn’t give the appropriate profiling information for defining
how crucial each data type is. In particular, Quantify ™ measures only the number of
times an object’s function is called. Thus, Quantify ™ measures the number of all
function calls, which are made dynamically. No information is produced about the
accesses of each state of an object and none for the total static size of an object. This
lack of profiling information using Quantify ™ may lead to totally useless results
concerning the declaration of data types as crucial or non-crucial.

As can be seen, Tables 2 and 3 give different results on how crucial a data type is.
As an example of how misleading the results of Quantify are, it could be assumed,
looking at Table 3, that for JPEG, Entropy is one of the most crucial data types. How-
ever, since Entropy’s total memory accesses are eventually the least of all, as reported
in Table 2, Entropy should actually be characterized as the least crucial data type of
JPEG.

Table 4 shows the crucial data types of each benchmark, the memory that is re-
quired for processing each application by the proposed flow, and the execution time
needed to conclude the flow. By focusing only on the most crucial data types of each
application, the target code is significantly reduced. In these experiments, the crucial
data types are selected as those whose sum of weights exceeds 80% of the total appli-
cation weight.
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6 Conclusions

The automated flow presented in this document implements the code data memory
partitioning from a background memory management perspective. It is a prototype
tool flow, which separates the useful code, for background memory management
optimization purposes, from the rest of the C++ code. This is a task that no other
existing system level design tool performs. The benefit of using this tool is a serious
reduction on the design time of a given application. The exact part of the code that
would have to be explored from an optimization point of view is revealed. This is
usually a small part comparing to the total size of the application code. The rest of the
code can be temporarily ignored for exploration purposes. Moreover, a large gain in
verification time is obtained by this separation process.
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Combined Data Partitioning and Loop Nest Splitting
for Energy Consumption Minimization
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Abstract. For mobile embedded systems, the energy consumption is a limiting
factor because of today’s battery capacities. Besides the processor, memory ac-
cesses consume a high amount of energy. The use of additional less power hun-
gry memories like caches or scratchpads is thus common. This paper presents
a combined approach for energy consumption minimization consisting of two
complementary and phase-coupled optimizations, viz. data partitioning and loop
nest splitting. In a first step, data partitioning partitions large arrays found in
typical embedded software into smaller ones which are placed onto an on-chip
scratchpad memory. Although being effective w. r. t. energy dissipation, this op-
timization adds overhead to the code since the correct part of a partitioned array
has to be selected at runtime. Therefore, the control flow is optimized as a second
step in our framework. In this phase, loop nests containing if-statements are split
using genetic algorithms leading to minimized if-statement executions. However,
loop nest splitting leads to an increase in code size and can potentially annul the
program layout achieved by the first step. Consequently, the proposed approach
iteratively applies these optimizations till a local optimum is found.
The proposed framework of combined memory and control flow optimization
leads to considerable energy savings for a representative set of typical embed-
ded software routines. Using an accurate energy model for the ARM7 processor,
energy savings between 20.3% and 43.3% were measured.

1 Introduction

The emergence of portable or mobile computing and communication devices such as
cellular phones, pagers, handheld video games etc. is probably the most important factor
driving the need for low power design. Current battery technologies such as Li-Io have
capacities of 90 Watt-hours / kg [1], meaning that 10 hours of operation for a device
consuming 20W of operating power would require a battery weight of around 2.2kg.
Thus, the cost and weight of the batteries become bottlenecks that prevent the reduction
of system cost and weight unless efficient low power design techniques are adopted.

Since it has been shown that 50%–75% of the power consumption in embedded
multimedia systems is caused by memory accesses [2,3], the efficient utilization of
memories is of major interest for the construction of low power devices. Main memory
is the slowest and the most energy consuming memory type. On one hand, the high
amount of main memory accesses is a reason for its high energy dissipation. On the
other hand, the high latency during main memory accesses causes several wait states
to a processor. To avoid these problems, a very effective way of energy reduction is to
build up a memory hierarchy.

H. Schepers (Ed.): SCOPES 2004, LNCS 3199, pp. 137–151, 2004.
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Additional memories are able to reduce the number of main memory accesses for
frequently used instructions or variables. Caches are well known and included in many
processor designs. Besides the data memory itself, they consist of an additional tag
memory and of logic components enabling the fast comparison of addresses with the
contents of the tag memory. The advantage of caches is their easy integration into a
system since the detection of cache hits is done automatically by the hardware. For em-
bedded systems, caches are often not well suited due to their inherently high energy
consumption during tag memory access and comparison. Additionally, the accurate de-
termination of worst case execution times often is difficult in a cache-based environment
which is a critical issue for embedded real-time systems [4].

Recently, the utilization of scratchpad memories has become an important alterna-
tive to caches [5,6]. A scratchpad is a small memory mapped into the processor’s ad-
dress space requiring only simple address decoders. The absence of logic components
checking the validity of data is the reason for their low energy consumption. However,
this property requires a careful mapping of instructions or data to the memory which
has to be done by the programmer or the compiler.

This paper presents a novel combination of automated compiler optimizations for
achieving an energy efficient utilization of scratchpad memories. For a given ARM7
based system architecture, a data partitioning step is performed first [7]. In this step,
parts of a program and of its data are assigned optimally (i. e. least energy consuming) to
the scratchpad. In particular, large arrays frequently found in data-dominated embedded
software are split into several pieces. Data partitioning enables the storage of fragments
of the original array in the scratchpad which was impossible before.

Since the software must take care of accessing the correct part of a split array, if-
statements dynamically selecting the appropriate sub-array have to be inserted into the
program’s code. Although being beneficial w. r. t. energy consumption, data partitioning
adds overhead to the software. The execution of the additional if-statements requires
several CPU cycles and can lead to degraded pipeline performance due to pipeline
stalls. To avoid this overhead, we apply a significantly improved loop splitting tech-
nique for control flow optimization (originating from [8,9]) as the second step after
data partitioning. This optimization minimizes if-statement executions so that the neg-
ative side-effects of data partitioning are largely eliminated. The improved control flow
is achieved at the cost of increased code size. The size of the program and data objects
placed on the scratchpad is bounded by the scratchpad size. Any increase in code size
could potentially invalidate the program and data layout achieved in the previous step.
Nevertheless, the size of frequently executed program objects is increased by a small
amount and a hill-climbing approach can be utilized to obtain a locally optimal solution.

The main contribution of this paper is the successful exploration of the synergy ef-
fects of these two individual optimizations. The results clearly show that our control
flow optimization is able to eliminate overheads caused by data partitioning. However,
data partitioning enables loop nest splitting in our framework since loop nest splitting
without data partitioning would be impossible. These two optimizations are related to
each other in a phase-coupled sense and complement each other such that, when com-
bined, they lead to considerable energy savings. Our proposed combined approach en-
sures that the finally generated code contains a minimum of control flow overhead but a
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maximum of data stored in low energy scratchpads. Additionally, the recently presented
algorithms for loop nest splitting are extended substantially. Using the techniques de-
scribed in this paper, we are able to relax restrictions imposed by the original analysis
algorithms [8,9] so that more general classes of applications can be optimized.

A survey of work related to memory hierarchy exploitation and low power code
generation is given in section 2. The phase-coupled algorithm for combined data par-
titioning and loop nest splitting is presented in section 3. Section 4 presents the tech-
niques used for data partitioning, whereas loop nest splitting and its new extensions
are described in section 5. Section 6 contains a detailed description of the measured
experimental results, and section 7 summarizes and concludes this paper.

2 Related Work

Code optimizations for caches include well-known techniques like loop tiling, loop in-
terchange or loop fusion [10,11]. Since applications spend most of their runtime in
innermost loops, these optimizations concentrate on loop nests. The iteration space of
loop nests is reordered in such a way that a higher locality of data accesses is achieved.
The higher the spatial and temporal locality of data accesses, the fewer cache misses oc-
cur during program execution resulting in a more efficient cache utilization. Even nowa-
days, locality optimization is an area of ongoing research. In [12], loops are aligned so
that the time between two successive accesses to the same memory location (temporal
locality) is minimized. A graph based optimization strategy is used in [13] to cluster
array references in loops with spatial or temporal reuse. This technique leads to average
reductions of cache misses by 13.8%.

Array padding [10] is a good example of a data layout transformation. Here, unused
data locations are inserted between columns of an array so as to reduce cache set con-
flicts and cache miss jamming. An approach for simultaneous generation of optimized
data layouts and temporal locality improvement is presented in [14]. In this article,
geometric models and algorithms are used to minimize TLB misses.

Panda et al. [15] presented an efficient use of a memory hierarchy by placing the
most commonly used variables onto the scratchpad. The dynamic copying of array parts
was studied in [5]. However, the preconditions imposed by this algorithm are very re-
strictive so that only a limited class of applications can be analyzed. An approach for
statically placing both data and program parts onto a scratchpad memory basing on
the analysis of instruction execution and variable accesses is presented in [16]. In that
paper, only whole variables are considered at a time. Consequently, a large non-scalar
variable (i. e. an array) could either be placed onto the scratchpad as a whole or not at
all, potentially leading to a sub-optimal memory utilization.

A methodology of source code transformations for data access and storage manage-
ment (DTSE) is presented in [17]. The described techniques can be applied to complex
memory hierarchies consisting of multi-level caches and on-chip memories. However,
the authors only focus on the optimization of data flow and neglect that the control flow
gets very irregular since many additional if-statements are inserted. This impaired con-
trol flow has not yet been targeted by the authors. The results given in our paper clearly
show the importance of combining data and control flow optimizations for the design
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of low power embedded systems. In the following section, we present the combined
approach for phase-coupled data partitioning and loop nest splitting.

3 Algorithm for Phase-Coupled Energy Minimization

As will be described in section 4, data par-
titioning improves scratchpad utilization but
impairs the control flow due to the addi-
tion of if-statements. Loop nest splitting im-
proves the control flow but increases the
code size and can potentially annul the allo-
cation of the scratchpad. Hence, it is obvious
that both optimizations influence each other.
As a consequence, data partitioning and loop
nest splitting need to be applied in a phase
coupled manner which is described in this
section.

Fig. 1. Algorithm for energy minimization

The proposed algorithm (cf. fig. 1) implements a hill-climbing approach. It starts
with an initial scratchpad allocation obtained after data partitioning (line 3) followed
by loop nest splitting (line 5). Since data partitioning defines which basic blocks and
array fragments are placed on the scratchpad, code size increases of individual basic
blocks after loop nest splitting may lead to an invalid solution exceeding the scratch-
pad’s capacity. This situation is checked after loop nest splitting (lines 7–10). For a valid
allocation, the energy consumption is computed (line 8) and the change in energy dissi-
pation caused by loop nest splitting is calculated (line 12). Since is positive in
this case, the algorithm’s loop steps into a second iteration. There, the algorithm must
necessarily stop since no better valid solution can be obtained due to the optimality of
the integer linear programming based approach of data partitioning.

However, if the initial allocation is invalid, the algorithm iteratively tries to obtain
a valid solution. For this purpose, the splitting point SPLIT originally stemming from
data partitioning is adjusted by a user defined offset and loop nest splitting is
re-applied again. The algorithm stops when it has ascertained a locally optimal solution.
Since neither data partitioning nor loop nest splitting modify existing data dependencies
between array elements, the algorithm of figure 1 does not need to do data dependence
analysis.

4 Data Partitioning

Considering aggregate array variables as the candidates for placement onto the small
on-chip memory is not the ideal decision, as this may lead to the under-utilization of
the on-chip memory and to a high energy consumption by the application. The pro-
posed data partitioning approach rectifies the aforesaid problem by partitioning an ar-
ray present in the application into smaller array variables. The energy consumption of
the application is then reduced by placing one of the smaller array variables onto the
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on-chip memory, which is not large enough to contain the whole array variable. The
data partitioning approach works in the following stepwise manner:

Whenever beneficial, the scratchpad is maximally filled with arrays entirely fitting
into this memory [16].
Among all remaining arrays, one candidate array A is chosen for partitioning.
For A, a splitting point SPLIT is computed leading to the maximum reduction of
energy consumption. If no splitting point exists leading to a reduction of energy
dissipation, A is not split. It is proceeded to step 2 where another array is chosen.
Given the array A and the splitting point, the original application is transformed.

1.

2.
3.

4.

The array having the highest valence (i.e. energy consumption per element) which
could not be placed on the scratchpad memory in its entirety by the algorithm presented
in [16] is chosen in step 2. Step 3 is solved in a phase coupled manner using integer
linear programming (ILP) (cf. section 4.1). The step of application transformation is
described in section 4.2.

4.1 Integer Linear Program

The formulation of the integer linear program for data partitioning is based on the ob-
servation that the splitting of an array implicitly leads to changes of an application’s
code due to the selection of the correct fragment of a split array during runtime. If an
array A is to be split, only those basic blocks of an application need to be modified
which access A. These modified basic blocks which access a split array A are termed as
referencing basic blocks in the following.

For a program containing m basic blocks referencing an array A of length n, the
integer linear program used for data partitioning is basically formulated using a set

of binary decision variables. and each consist
of m decision variables. A variable equal to denotes the
case where basic block i (referencing basic block i, resp.) is placed on the scratchpad.
DD is a single binary variable which is equal to 1 only if array A is partitioned. A
variable equal to models the splitting of array A  at position j.

Using these decision variables, data partitioning is formulated as a knapsack prob-
lem. To each basic block, referencing basic block and split parts of array A, their corre-
sponding sizes are attached. The integer linear program contains constraints in order to
ensure that the size of all objects placed on the scratchpad does not exceed the scratch-
pad’s capacity. Additional constraints are included guaranteeing the consistency of an
actual assignment of values to the decision variables (e. g. if a referencing basic block

is placed on the scratchpad, its original counterpart must not be considered).
The objective function to be maximized during data partitioning models the energy

savings achieved by an assignment of values to the decision variables, compared to the
energy consumption of an unpartitioned application totally stored in background main
memory. The objective function considers all energy related aspects of data partitioning:
access frequencies of basic blocks and array elements, the savings due to the placement
of objects on the scratchpad and the overhead due to the more complex code of the
referencing basic blocks in order to access the correct part of a split array at runtime.
For more details, the interested reader is referred to the original publication [7].
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Fig. 2. A typical code fragment before and after data partitioning

4.2 Application Transformation

The application transformation step takes an application code, a chosen array A and a
splitting point SPLIT as inputs and outputs a transformed application. Specifically, A is
replaced by two smaller arrays Aleft and Aright (cf. figure 2) which are generated
according to SPLIT. The application code is modified in such a way that all accesses
to the array A are replaced by an access macro. The access macro determines which
of the two smaller arrays are being referenced on the basis of the index expression and
the splitting point SPLIT. Figure 2 displays a typical example of the original and the
modified application codes. The access macro in the figure 2 represents a read access
to the array A. A similar access macro can also be constructed for the write accesses as
well, though it is omitted for the sake of simplicity of the code examples.

As can be seen from figure 2, the proposed way of data partitioning leads to a bi-
partitioning of arrays. Generally, the integer linear program can easily be rewritten so
that n-way partitions are supported. In the context of the ARM7 based system studied
in section 6, it turned out that the generation of partitions larger than 2 is disadvanta-
geous since the resulting complex if-then-else structures over-compensate any savings.
Similarly, an e. g. trapezoidal array partitioning is not beneficial due to the increased
control flow overhead.

5 Loop Nest Splitting for Control Flow Optimization

As described in the previous section, preprocessor macros containing if-statements are
inserted in a program’s code for selecting the correct partition of a split array during
runtime. Given that array references typically occur in the innermost loops of embed-
ded software, these if-statements constitute an overhead w. r. t. runtime and energy con-
sumption which should not be neglected. We propose to apply a substantially improved
variant of loop nest splitting [8] for the optimization of these if-statements.

The transformation presented in our paper determines ranges of loop iterations
where all if-statements in the loop nest are provably satisfied. Using this information,
the loop nest is rewritten so that no if-statement is executed for these iteration ranges.
In figure 3, the example code shown in figure 2 is depicted before and after loop nest
splitting (note that the access macro shown in figure 2 is expanded now). Loop nest
splitting detects that the outer i loop iterates from 0 to 49, while the inner j loop steps
from 0 to the actual value of i. Considering the condition i+j<70 inserted by data par-
titioning, it is recognized that this condition must necessarily be true for Using
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Fig. 3. A typical code fragment before and after loop nest splitting

this information, a new if-statement (the splitting-if) is inserted in the loop nest exactly
checking this condition. Since implies that i+j<70 is true, the then-part of the
splitting-if consists of the body of the i loop without any if-statements. To minimize
executions of the splitting-if, a second i loop is inserted in the then-part counting to the
corresponding bound of the iteration ranges (i. e. this loop ensures that all iterations of
the i loop up to are executed without any further evaluation of the splitting-
if). The else-part of the splitting-if is an exact copy of the original loop body. Using this
code transformation, a reduction of if-statement executions from 1,125 down to 610 can
be achieved for the codes depicted in figure 3.

The techniques for loop splitting presented previously [8] are limited such that only
restricted classes of loops can be analyzed. Since all loop bounds are required to be
constant, a loop nest as depicted in figure 3 could not be optimized. Section 5.1 briefly
reflects the basic concepts of loop nest splitting. In section 5.2, the techniques of [8] are
significantly extended enabling the optimization of more general classes of applications.

5.1 Analysis Techniques for Loop Nest Splitting

This section gives a brief summary of the recently published concepts for splitting loop
nests [8]. For a given loop nest of depth N, denotes a single loop
l with its index variable and the lower and upper bounds, and respectively.
Every loop can contain one or more if-statement whose conditions depend on the
index variables of Such conditions are said to be loop-dependent. The if-statements
must have the format if where are loop-dependent conditions
that are combined using logical operators Every single loop-dependent
condition C of an if-statement has to be an affine expression of the index variables

and can thus be represented as for constants

The analysis for loop nest splitting consists of three different stages. In the first step
called Condition Optimization, all loop-dependent conditions C are analyzed sepa-
rately using a genetic algorithm (GA). GAs are employed since ILP is not suitable due
to the non-linear objective function. For every condition C and every loop two val-
ues and are determined during this step. These values represent ranges of
iterations of the loop nest where condition C is satisfied for all index variables with

These values are chosen in such a way that a loop nest splitting using
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and minimizes the total execution of if-statements. For this purpose, the fit-
ness function of the GA computes the total number of executed if-statements after loop
nest splitting for a given set of and values. These computations are done
very efficiently in linear time using a set of numerical formulas. The fewer the number
of executed if-statements, the higher is the fitness of an individual.

Since this GA gives optimized results only for a single condition of an if-statement,
these partial results need to be combined which is done during Global Search Space
Construction. Here, for every condition C and its associated values and a
polyhedron [18] is generated. In general, a polyhedron P is a set of points in an N-
dimensional geometric space which is defined by linear inequalities:

for an integer matrix A and a constant vector b. For the construction of constraints
of the format and are used. Furthermore, appropriate constraints for
all lower and upper loop bounds are needed: and If two conditions

and are connected using the &&  operator in an if-statement, the corresponding
polyhedra and are intersected. For the operator, the union of polyhedra is used.
This way, polyhedra can be built representing those iterations of the loop nest where a
single if-statement is satisfied. Since all if-statements in a loop nest need to be fulfilled
for loop nest splitting, all these polyhedra representing a single if-statement need to be
combined using the intersection. The resulting polyhedron G called the global search
space represents those loop nest iterations where all if-statements are satisfied.

Due to the nature of the union operator, G is a finite union of polyhedra:
Each polyhedron of G defines a region where all if-statements

in a loop nest are satisfied. But it should be avoided to use all such regions of G for
loop nest splitting since this would lead to an increased number of executions of if-
statements. Therefore, a second GA is applied to G for a Global Search Space Explo-
ration. The goal of this second GA is to select only those regions of G leading to
a total minimization of if-statement executions. After the termination of the GA, only
the constraints of the selected regions are considered for generating the conditions
of the splitting if-statement.

5.2 Modeling and Analysis of Loops with Non-constant Bounds

Although the techniques summarized in the previous section already lead to large im-
provements [8], they are not applicable in the area of efficient memory hierarchy ex-
ploitation. As previously mentioned, all loop bounds and are explicitly required
to be constant. This section presents extensions and improvements of [8] which elimi-
nate this restriction and allow loop nest splitting to be applied to more general classes
of embedded software, including popular sorting algorithms and DSP filter routines.

The only advantage of constant loop bounds as required in [8] is the simplicity of
the GA for condition optimization. For values and generated by the GA,
the fitness function only evaluates some formulas consisting of sum-of-products of the
constant loop bounds and resp. This way, the exact number of if-statement
executions can be computed and minimized. The restriction to constant loop bounds is
not used elsewhere during loop nest splitting. In general, the basic structure of loop nest
splitting as previously summarized is able to treat non-constant loop bounds, since the
employed polyhedral models support complex iteration spaces.
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Hence, we decided to maintain the basic structure of the analysis algorithms for loop
nest splitting consisting of condition optimization, global search space construction and
search space exploration. The problem formulation for loop nest splitting is given by:

Definition 1 (Loop Nest Splitting). Let be a loop nest of depth N.
For every loop a pair is computed defining an interval of the index
variable For all loop-variant if-statements in are satisfied.
is chosen such that a minimization of if-statement executions is achieved.

Since this is similar to the satisfiability of constraints with simultaneous minimiza-
tion of an objective function, definition 1 describes an NP complete problem. The use
of GAs here is motivated by their ability to find high-quality solutions especially for
such complex optimization problems [19]. Furthermore, other well-known optimization
strategies (e. g. ILP) can not be used due to the non-linearity of the objective function.

As already mentioned, polyhedral models are an integral part of the analysis. Since
they base on linear inequalities, we allow loop bounds to be affine expressions:

Definition 2 (Affine Loop Bounds). Let be a loop nest of depth N.
For the outermost loop the bounds and are constant values.
For any other loop the loop bounds are affine expressions of the
surrounding variables Hence, the index variable iterates between

1.
2.

The constant outermost loop bounds ensure that  is still fully analyzable at compile
time due to the absence of data dependencies. The variable inner bounds imply that the
number of if-statement executions subject to condition optimization not only depends
on the values generated by the GA. Now, implicit dependencies on a vari-
able exist if the bounds of an inner loop depend on Hence, the formerly used
formulas computing the if-statement executions are invalid. Instead, the GA’s fitness
function is restructured such that it models after splitting using a set of
values. For this purpose, the following chromosomal encoding is employed:

Definition 3   (Chromosomal Encoding). Let be a loop nest.
A chromosome is an array of integer values of length
For gene resp.) denotes resp.). This
way, the GA defines the regions of iterations with satisfied condition C.
Gene stores the innermost loop for loop nest splitting. This gene
states that loop nest is split at loop i. e. the splitting-if is placed in loop

1.
2.

3.

The pseudo-code of the fitness function for optimizing a condition C is depicted in
figure 4. The main goal of this function is to update two counters accurately. The first
one (if_count) stores the number of if-statement executions for a given chromosome

penalty counts how many times condition C is not satisfied when it is supposed by
that it should be satisfied. Using penalty, illegal individuals generated by the GA

are detected.
Principally, this fitness function contains the entire loop nest as can be seen from

lines 3 and 17 of figure 4 (dots denote the omitted loops For every loop,
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code is required to model after a potential splitting (lines 4–15 resp. 18–25). When
entering a loop it is first checked whether contains the splitting-if (cf. lines 4 and
18). If this is not the case, the algorithm proceeds to loop (line 15).

Otherwise, contains the splitting-
if (lines 6 and 20) whose execution re-
quires to increment if_count (lines 5
and 19). The splitting-if for loop
checks genes and ver-
ifies that the index variables
actually are within the ranges speci-
fied by these genes. If the splitting-if is
true, the duplicated loop (cf. the sec-
ond i loop in figure 3) counting to the
new upper bound is executed next
(lines 7 and 21). Within this loop, the
remaining loop nest can be
found (lines 8–9). Since the splitting-
if is true when executing this code, it
is assumed that condition C is also true
so that counter if_count is not altered
in lines 7–10 resp. 21–22. But since
the GA can generate illegal individuals
for which condition C is false, care has
to be taken to detect these situations.
Lines 10 and 22 check whether the con-
dition C is true or not. If it is false, an

Fig. 4. Fitness function for condition optimization

illegal individual is detected and counter penalty is incremented.
Finally, some code is required for a false splitting-if in loop In analogy to fig-

ure 3, the remaining loop nest is copied into the else-part  of the splitting-if
(see lines 11–13). In loop the counterif_count is incremented (lines 14 and 24)
since an if-statement checking condition C would be executed.

The fitness function terminates by returning the fitness of an individual based on
the counters if_count and penalty. If an individual is valid, counter penalty is
zero (line 26) and the inverse ofif_count is returned to the GA. This way, individuals
implying few if-statement executions have a high fitness. For an invalid individual (line
29), a large constant ERR is added to penalty, and the inverse of this sum is passed to
the GA. This way, illegal individuals can never have a better fitness than legal ones.

As can be seen from figure 4, this fitness function has exponential complexity. Its
runtime now depends on the depth N of a loop nest and the actual loop bounds. Affine
loop bounds (cf. definition 2) ensure that the following analysis steps of global search
space construction and search space exploration do not need to be modified since the
affine bounds can directly be modeled by corresponding polyhedral constraints.
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6 Benchmarking Results

The data partitioning and loop nest splitting techniques presented in this paper are fully
implemented. To demonstrate the efficacy of our combined approach, typical embedded
system benchmarks were passed through the algorithm described in section 3. The un-
changed original source codes and the finally generated codes of the benchmarks (i. e.
the code after data partitioning and loop nest splitting) were fed into an energy-aware
research compiler [20] for the ARM7 architecture. During compilation, all optimiza-
tions were enabled to explore the maximum optimization potential. The generated as-
sembly outputs of the compiler were finally processed by a simulator and an energy
profiler. Both the compiler and the energy profiler make use of an instruction-level en-
ergy model [21] for the ARM7 having a very high accuracy of 98.3%. This way, the
energy consumption and runtimes of our benchmarks can be computed reliably. The
key characteristics of this energy model are briefly summarized in tables 1 and 2. Since
data partitioning and loop nest splitting are performed at the level of C source codes
as also illustrated by the code examples given in sections 4 and 5, our framework can
easily be ported to other processors by simply providing an appropriate energy model.

For the experiments, benchmarks from different domains were selected. First, we
used a 40 order FIR filter as a typical embedded DSP algorithm. Second, the sort-
ing algorithms insertion sort (INS) and selection sort (SELS) were analyzed. Finally,
a complete MPEG4 motion estimation routine (ME) was studied. The relevance of the
extensions for loop nest splitting presented this paper is clearly demonstrated by the
fact that a splitting of the FIR, INS and SELS benchmarks is impossible using the re-
stricted techniques originally presented in [8]. The runtimes of our implemented tools
are very low, not more than 39.8 CPU seconds are required to execute the algorithms
described in sections 4 and 5 on a Sun Blade 1000 running at 750 MHz. The maximum
contribution of loop nest splitting to these runtimes only amounts to 5.18 CPU seconds.
Experiments were conducted by varying the scratchpad sizes. The following figures 5
and 6 show the impact of our optimization methodology for scratchpad sizes which
are individually tuned for every benchmark, but kept fixed during all measurements.
In these cases, a memory size of 1.8kB was used for FIR, and 1.3kB were used for
INS and SELS. The ME routine with its large video frames was analyzed using a mem-
ory size of 119kB. In order to demonstrate the stability of the proposed optimization
methodology, detailed results for a large variety of scratchpad sizes are given in figure 7
using the SELS benchmark.

Figure 5 shows the effects of the combination of data partitioning and loop nest
splitting on the energy consumption of the benchmarks. All results are shown as a per-
centage of the original unoptimized benchmark codes denoted as 100%. For both data
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Fig. 5. Relative energy consumption after data partitioning and loop nest splitting

partitioning and loop nest splitting, the relative energy consumed by the memory sys-
tem (i. e. background main memory and on-chip scratchpad), by the ARM7 processor
and by the total system (i. e. processor plus memories) is depicted.

The left diagram of figure 5 clearly shows that data partitioning is a highly effective
optimization w. r. t. the memory system. From column Memory Energy, it can be seen
that the partitioning of arrays and the placement of parts of arrays onto a scratchpad
leads to energy savings between 36.7% (FIR) and 84.2% (SELS). Due to the impaired
control flow after data partitioning, the energy consumed by the ARM7 processor gener-
ally increases when compared to the original code version. Column Processor Energy
shows additional energy consumptions between 6% (SELS) and 30.8% (INS). In the
case of the ME benchmark, an energy reduction of 28.6% was measured. This is due
to the fact that ME is very data-intensive and needs to access memory very frequently.
Since the ARM7 CPU accesses an on-chip memory much faster than the main memory,
the processor does not execute as much energy consuming wait states as before data
partitioning. For the entire system (column System Energy), the techniques described
in section 4 lead to total energy savings between 5.7% (FIR) and 34.7% (ME) with an
average improvement of 21.3%.

The right diagram of figure 5 illustrates the relative energy consumption of the
benchmarks after combined data partitioning and loop nest splitting. As can be seen
by comparing the columns Memory Energy of both charts of figure 5, loop nest splitting
conserves the energy savings for the memory system achieved by data partitioning. In
the case of the FIR benchmark, additional savings of memory energy by 9.9% were
measured. The notably less if-statement executions for this benchmark imply less in-
struction fetches from the memories leading to this result. Column Processor Energy of
figure 5 clearly shows that the techniques presented in chapter 5 are able to eliminate
the penalties introduced by data partitioning completely. After loop nest splitting, the
energy consumption of the ARM7 for the FIR and SELS benchmarks is better than the
original unoptimized code. In the case of the INS benchmark, the ARM7 consumes only
5.8% more energy than before any optimization. But also in this case, loop nest split-
ting has proven to be highly effective, since it reduces the energy dissipation by 25%.
For the ME benchmark, loop nest splitting leads to an energy reduction for the ARM7
processor of 22.3% compared to the measurements immediately after data partitioning.
Column System Energy illustrates the total savings achieved by the methodology pro-
posed in this paper. It can be seen that the combined energy dissipation of the ARM7
and its memories drops between 20.3% (FIR) and 43.3% (ME) with an average saving
of 32.3% compared to the unoptimized benchmarks.
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With respect to the runtimes of the benchmarks, the combination of data parti-
tioning and loop nest splitting also is quite beneficial. Figure 6 illustrates the rela-
tive runtimes of the benchmarks after each optimization step. Again, the 100% base
line denotes the runtime of the original benchmark versions before any optimization.
Due to the fact that if-statements are inserted in the code of the benchmarks during
data partitioning (compare section 4), the execution
times of almost all benchmarks increase by 8.7%
(SELS) up to 36.7% (INS). Only in the case of the
data-intensive ME benchmark, a speed-up of 28.2%
was measured which is due to the reduction of wait
states as explained above. Loop nest splitting is able
to eliminate the negative effects of data partitioning
nearly totally. Compared to the runtimes after data
partitioning, speed-ups between 9.3% (SELS) and
31.1% (ME) were measured. In total, we are able
to improve the runtimes of two benchmarks slightly
(FIR: 2.5%, SELS: 1.5%) after the application of both optimizations while simultane-
ously achieving high gains w. r. t. energy dissipation. For the INS benchmark, a mod-
erate total runtime degradation of 9.7% was still measured after loop nest splitting,
whereas the ME benchmark was accelerated by 50.6%.

Finally, the influence of varying scratchpad sizes on energy consumption and run-
times is depicted in figure 7. The left diagram of this figure illustrates the total energy
consumption of all code versions of the SELS benchmark for eleven different scratch-
pad sizes. It is not surprising that the original unoptimized benchmark consumes the
same high amount of energy for all scratchpad sizes. This is due to the fact that no
data can be placed onto the scratchpad memory at all due to the large size of the oc-
curring arrays. In contrast, data partitioning is effective in energy consumption mini-
mization already for very small memory sizes. In the case of a 256 bytes memory, only
negligible improvements were measured which are not visible due to the resolution of
figure 7. But already for 512 bytes, visible improvements were observed. With larger
scratchpad sizes, data partitioning achieves higher gains due to the fact that less costly
accesses to the main memory are performed. This way, a monotonically decreasing
curve has been obtained. The same holds for loop nest splitting applied after data parti-
tioning. Here, loop nest splitting is able to reduce the energy consumption considerably
for scratchpads larger than 600 bytes. Again, a monotonic regression can be observed
clearly demonstrating the stability of our combined optimization methodology.

With respect to the runtimes of the SELS benchmark (cf. right diagram of figure 7),
a similar behavior of combined data partitioning and loop nest splitting for various
scratchpad sizes has been measured. Again, the unoptimized benchmark requires con-
stant execution times for all scratchpad sizes. Starting from considerably increased run-
times for small scratchpads, the overhead of data partitioning gets smaller the larger
the on-chip memory becomes. This behavior is due to the high latencies imposed by
main memory accesses which are minimized most effectively by data partitioning for
larger scratchpads. In contrast, the benefits of loop nest splitting are already visible
for scratchpad sizes starting from 512 bytes. From this point on, the impact of loop

Fig. 6. Relative runtimes after data
partitioning and loop nest splitting
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Fig. 7. Energy and performance comparison (Selection Sort)

nest splitting on the performance of the benchmark becomes larger as the speed-ups
increase. For a scratchpad size of 1,024 bytes, a runtime nearly equal to the one of the
original code has been obtained. For 1,200 bytes, the code generated by the proposed
optimization methodology is faster than the original code so that loop nest splitting is
able to over-compensate the overheads of data partitioning.

7 Conclusions

This paper presents a new approach for energy dissipation minimization of embedded
software forming a homogeneous framework for low power code generation. In a first
step, a data layout optimization is performed by partitioning large arrays into smaller
pieces which can be put on low-energy scratchpad memories. Motivated by the intro-
duction of a severe control flow overhead during this step, we propose to apply a control
flow optimization step afterwards. Loop nest splitting has proven to be highly effective
in generating a very regular control flow in the hot-spots of applications making it suit-
able to eliminate the negative effects of array partitioning.

Besides this entirely new combination of optimizations, the second major contri-
bution of this paper is a significant extension of the analysis algorithms for loop nest
splitting. Using these extended techniques, tight restrictions of the original algorithms
can be relaxed so that more general classes of applications are transformed. Without
these extensions, the optimization of three benchmarks analyzed in this work would
have been impossible justifying the efforts spent on the loop nest splitting algorithms.

The results presented in this paper demonstrate that our combined optimization
methodology is highly beneficial. The partitioning of arrays and placement of data onto
a scratchpad leads to average reductions of energy dissipation of 21.3% for an actual
ARM7 based system. In contrast, the runtimes of the benchmarks increase in almost all
cases due to the control flow overhead. Loop nest splitting removes this overhead lead-
ing to improved runtimes for all benchmarks. Furthermore, loop nest splitting achieves
an additional reduction of energy consumption. In total, the successive application of
data partitioning and loop nest splitting as proposed in this paper leads to energy savings
of up to 43.3% with an average gain of 32.3%.

Since all techniques presented in this paper are implemented such that the optimiza-
tions are performed at the level of C source codes before any assembly code generation
for the ARM7 processor, our framework is inherently portable to other embedded pro-
cessors. For this purpose, basically only an accurate energy model needs to be provided.
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Abstract. Digital signal processors provide dedicated address genera-
tion units that support zero-cost address pointer modifications within
a limited offset range. In order to fully exploit these features, program
variables must be carefully placed in memory. However, the problem of
generating optimum data memory layouts is NP-hard. Efficient heuris-
tics are available for offset ranges ±1 and ±2. For an arbitrary set of
zero-cost address offsets, optimum memory layout generation can be
represented as a quadratic assignment problem (QAP) and solved by
a heuristic technique such as simulated annealing (SA). A total number
of N! layouts exist where N is the number of different program vari-
ables. The solution space becomes even larger in case of multiple address
pointers. For each coloring of the access sequence, which corresponds to
a specific address pointer assignment, an optimum memory layout has to
be found by solving a separate QAP. So far no efficient heuristics exist for
combining memory layout generation with address pointer assignment.
We show that for a fixed layout optimum address pointer assignments
can produced for a given maximum number of K address pointers. The
complexity of this algorithm is of It has been applied to the Off-
setStone benchmark suite. As can be demonstrated by some examples,
memory layout generation and address pointer assignment are strongly
interdependent problems. We introduce a new algorithm that iterates
over several optimized layout generation and optimum pointer assign-
ments steps. Experimental results indicate that compared to SA this
new technique produces results of equal quality in less time.

1 Introduction

Digital signal processors (DSPs) have dedicated address generation units (AGUs)
that support address computation in parallel to data-path operations. AGUs al-
low indirect addressing with address pointer updates by some fixed values with-
out adversely affecting performance. Typical offset values for these zero-cost
increment/decrement operations are ±1. Some AGU architectures provide ded-
icated offset registers. Once such a register is initialized by a value address
pointers can be updated by offset Operations of this type do not employ dat-
apath resources and thus can be executed in parallel to other machine operations

H. Schepers (Ed.): SCOPES 2004, LNCS 3199, pp. 152–166, 2004.
© Springer-Verlag Berlin Heidelberg 2004
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at no extra cost. In contrast, explicit address register and modify register load
operations introduce both code size and speed overhead. Minimizing addressing
overhead requires to carefully place program variables in data memory and to
look for optimized address pointer assignments. Unfortunately, these problems
are NP-hard.

The rest of the paper is organized as follows. Sec. 2 defines the offset as-
signment problem and its relation to the bandwidth minimization problem. The
case of multiple address pointers is discussed in Sec. 3 where a new iterative
optimization procedure is introduced. Sec. 4 presents experimental results for
this technique. Conclusions and directions for future work are given in Sec. 5.

2 Offset Assignment

Let V be a set of program variables. Each variable is identified by index
with

A variable access stream is defined by a function

where M denotes the stream length and The image of any
defines the program variable on position in the access

stream S.
A memory layout is a permutation

that assigns addresses to all program variables which appear in the access stream
S. Equivalently, a layout can be regarded as a string of nodes with each node
of V appearing exactly once. The correspondence between these two definitions
is simply that with if and only if is the element of

Let us assume that an address register points to and it should be used
for accessing To this end, the address pointer has to be modified by address
offset  AGUs of DSPs support zero-cost address pointer updates for
a limited set of offset values. Obviously, costs can be minimized by memory
layout optimization. This problem is denoted as offset assignment (OA). Let
with be a cost value for redirecting an address pointer from
address to the new address Additionally, let specify how often address
is accessed right after address in S. For a single address pointer, the address
computation costs can be expressed by

Modifying  such that becomes a minimum in Equ. 3 is a quadratic assign-
ment problem (QAP) [1]. Since it is NP-hard, optimum solutions can be found
just for small values of N.
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Let us assume that the AGU supports zero-cost address updates for a sym-
metric range where is any positive integer. With

Equ. 3 gives the required number of address pointer reload operations.
We define an undirected graph G = (V,E) to represent the access transitions

between program variables in S and call G the access graph of S. Each node in
the graph corresponds to a unique program variable. For the rest of the paper,
we use the notation both for program variables of S and nodes of G.
There is an undirected edge in G with weight if the
program variables and are adjacent times in S. Note that G is always
a connected graph.

As an example, consider the program variable set
which is accessed in the sequence

Fig. 1a shows the corresponding access graph G. Fig. 1b defines a memory layout
that corresponds to in Fig. 1c and which can also be represented by the string

Fig. 1. Variable access stream (a)
access graph, (b) memory layout, (c) permutation

Given a layout can be derived from G by summing up the weights of
all edges that connect nodes whose absolute address offsets are larger than

OA for a single address pointer with zero-cost update range ±1 is called simple
offset assignment (SOA). An efficient SOA heuristic has been proposed in [2] that
looks for a minimum-weighted path in the access graph defined by the access
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stream S. Meanwhile several improvements have been proposed. As shown in [3],
SOA combined with variable coalescing allows to produce best results compared
to currently existing SOA techniques.

OA is related to the bandwidth minimization problem (BMP) of graphs. The
bandwidth bw of is defined as the maximum distance between the images under

of any two nodes that are connected by an edge,

Fig. 1b shows a bandwidth 2 layout. The bandwidth BW of G is defined as the
least possible bandwidth for any layout of G,

As an example, BW(G) = 2 for our access graph in Fig. 1a.
In contrast to the BMP, the objective of OA is not to find BW(G) but

to produce a layout for a given modify range such that the layout cost
becomes a minimum. We say is an offset layout if it is optimized for

modify range All layouts with are offset layouts. Obviously,
if then all layouts with lead to

The general BMP of graphs is NP-hard [4]. However, Saxe [5] showed that

the problem for some fixed constant can be solved in polynomial

time. Particularly, a linear-time algorithm exists for the problem
[6].

As mentioned above, generating optimum memory layouts is NP-hard even
for the specific case An efficient OA algorithm that produces offset 2
layouts is discussed in [7]. This algorithm finds optimum memory layouts if

otherwise a heuristic is applied that minimizes

3 General Offset Assignment

General offset assignment (GOA) is the problem of optimizing the memory layout
for multiple address pointers. In case of GOA, both memory layout and address
pointer assignment are optimized. Assigning address pointers can be regarded
as K-coloring the access stream S. For K homogeneous address pointers, an
optimum solution has to be found out of different colorings by simple
exhaustive search. A coloring of S is a partition that decomposes {1,2,..., M}
into K disjoint subsets. Each subset defines an access stream

with

For each all elements appear in the same relative order as in S.
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We calculate the overall address computation costs by

The goal is to minimize by optimizing the memory layout and the par-
titioning of S. This optimization problem consists of K interdependent QAPs
with a solution space size of which is far too big to be practicable
even for small numbers of K, N, and M. In [8], simulated annealing (SA) is
applied for solution space exploration. Heuristically reducing GOA to K SOA
problems by decomposing variable set V into disjoint subsets are proposed in [2,
9]. These techniques are restricted to the offset cost function and in
Equ. 4. Considering only disjoint subsets is not necessarily a good strategy and
may lead to suboptimal solutions as shown in Sec. 3.2.

In case of multiple address pointers the access graph G is defined by the
union of the access graphs that correspond to access streams

Assuming a symmetric range as defined in Equ. 4 we introduce the maximum
graph

This graph defines all zero-cost transitions for a given range and layout
Fig. 2 shows the structure of for Note that is an interval

Fig. 2. Topology of a maximum bandwith-2 graph.

graph1 and assuming we find maximum clique size
and maximum degree

Minimizing Equ. 12 for symmetric update ranges may also be interpreted as
mapping the access graph G onto the maximum graph subject to
the cost function

For a detailed discussion of interval graphs see [10].1
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An optimized mapping may be generated by

permutation of vertices, which corresponds to memory layout modifica-
tions and/or
adding/removing edges to/from the access graph G, which corresponds to
pointer assignment modifications.

1.

2.

3.1 Offset 2 Layout Generation Algorithm

The offset 2 layout generation algorithm in [7] is based on Garey’s algorithm

[6] for the problem It starts with an initial layout consisting of a
single program variable (node of the access graph). The algorithm recursively
constructs a complete layout by adding program variables to the current partial
layout.

A partial layout is defined on a subset of the nodes If is a partial
layout defined on and is a partial layout on we say that is an
extension of if for all       Garey’s algorithm constructs a
complete layout if there is one containing the initial layout. It terminates as soon
as it detects that the current partial layout cannot be extended to a complete
layout.

We say is an active node of the partial layout if with
The set of successors of an active node is defined by

For the number of successors of an active node we use the notation
Let X be the set of active nodes, then all successors are given by set

for all

Garey’s algorithm is based on an exhaustive list of actions for the different
circumstances which can arise in the process of extending partial layouts. There
are three types of partial layouts defined by a string

Type A: where at most and are active.
Type B: for some where at most and
are active.
Type C: for some where at most is active.

represents blanks (-) and inactive nodes which have already been permanently
placed. Type B defines two strings and

Let represent a partial layout of one of the three types. By looking at how
the active nodes interact with their successors, it may be obvious that cannot
be completed with bandwidth 2. Otherwise the algorithm will find a sufficiently
general extension which can be completed with bandwidth 2 whenever
can be. is again of one of the three basic types. If any suitable extension
is found, the string is replaced by This process continues until either
reaching an impasse or a complete layout. Fig. 3 shows for an example access
graph how the algorithm iteratively constructs a layout starting with the initial
layout
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Fig. 3. Variable access stream (a) access
graph G, (b) offset 2 layout generation with the initial layout (c) BW(G) = 2
and therefore G can be mapped onto especially we find

Garey’s algorithm determines in O(N) steps with whether or not
the access graph G = (V, E) has a bandwidth 2 layout beginning with the initial
layout where By investigating all possible initial layouts, we have an

algorithm for deciding whether or not
It is obvious that a partial layout represented by some string cannot be

extended to a complete bandwidth 2 layout in the following cases:

is of type A with or
is of type B with or
is of type C with

Additionally, there are more subtle cases where partial layouts of type C with
or cannot be completed. We refer to [6] for a detailed discus-

sion.
For generating optimized offset 2 layouts, we make a heuristic extension step

each time Garey’s algorithm would terminate. We extend a partial layout to
by adding a node set to such that becomes a maximum

where with and Here
X denotes the active nodes of Y the set of all successors, and gives
the address of in layout

In each heuristic extension step at most two nodes are added
at the right end of These nodes are new active nodes in All nodes of

that are still active in contribute to the layout cost. If represents a
layout of type C, then additional nodes may fill some blanks.

For the access graph in Fig. 4a, there is no bandwidth 2 layout since node a
has degree 5. As shown in Fig. 4b, beginning with initial layout the layout
generation algorithm would produce the offset 2 layout with
in steps. represents a partial layout of type B which is heuristically
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extended to of type A. In this step, the set of active nodes is
and the successor set is and become new active nodes in

remains active because its successor node has not been placed. Since node
cannot be placed within the modify range ±2 of the partial layout cost is

increased by the weight of edge

Fig. 4. (a) Access graph G with BW(G) > 2, (b) offset 2 layout generation with
heuristic extension of partial layout to (c) optimized mapping
(Equ. 15) of G onto – dashed lines indicate

3.2 Optimum Address Pointer Assignment

GOA consists of OA in conjunction with address pointer assignment (APA). In
[11], an optimum algorithm for APA is introduced for a fixed memory layout

It is assumed that has been optimized in a previous step. This algorithm
generates an optimum APA that minimizes the cost function

K is the number of available address pointers, I the number of pointer initializa-
tions, and represents the number of address pointer reloads. The definition
of C in Equ. 17 ensures that APAs with a minimum number of address pointers
and a minimum number of reloads are generated. This optimum APA algorithm
takes as input the variable access stream, a fixed memory layout, and produces
an optimum APA. It builds an assignment tree where all nodes at the same
level correspond to different address pointer settings at some point in the access
stream. Each path in the tree from the root to a leaf is a mapping of memory
accesses to address pointers.

Fig. 5 shows the first three levels of the assignment tree for the variable access
stream with K = 2 pointers and memory layout that is
shown in Fig. 6a. A zero-cost offset range ±1 is assumed. The pointer assignment
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Fig. 5. Assignment tree pruning.

is indicated by the node color and the numbers inside the nodes are the costs
C defined by Equ. 17 with K = 2. For first element in the access stream (here

we can assign a pointer arbitrarily. The initialization cost for this pointer
is 1 as shown in the root node of Fig. 5. For homogeneous address registers,
the pointer settings (II) and (III) in Fig. 5 are equivalent. Within a group of
equivalent nodes, only one lowest-cost node needs to be kept when continuing
with the assignment tree construction. Ties are broken arbitrarily. The complete
assignment tree for access stream with K = 2 pointers
and memory layout in Fig. 6a is shown in Fig. 6c.

The coloring of the nodes on the path from the root to the lowest cost node
yields the optimum address pointer assignment with

pointer reloads and

pointer initializations. For our example in Fig. 6, and I = 2. The variable
access stream S is partitioned into the sub-streams

Note that in contrast to S, all address offsets in layout are in the zero-cost
range ±1 both for and

The maximum width of the assignment tree is bounded by

Consider all nodes of one tree level, that is, at a given in the access stream.
Each node corresponds to a specific address pointer setting where an address
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Fig. 6. APA for variable access stream a) Memory layout, b)
maximum bandwith-1 graph and access graph G – dashed lines indicate   c)
optimum APA for K = 2 indicated by a minimum weighted path, d) optimum APA
produces a modified access graph double lines indicate transitions of address
pointer 2.

pointer is either directed to a program variable or is uninitialized (N +1 possible
assignments). The costs for succeeding accesses just depend on the contents
of the address pointers at access Since a homogeneous address pointer file is
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assumed, any two tree nodes are equivalent if their corresponding address pointer
settings are equal except for permutations. So for K address pointers, the number
of nodes that have to be distinguished is given by the number of K-combinations
of N + 1 elements.

This optimum APA algorithm has been applied to all access streams in-
cluded in the OffsetStone benchmark suite [12]. Experimental results are dis-
cussed in [11].

3.3 Iterative GOA

In Sec. 3.2 and Sec. 3.1 the two optimization mechanisms for GOA have been
discussed independently. Generating highly optimized results requires to consider
both, memory layout and address pointer assignment. However, these two phases
are highly interdependent. While often optimum APAs may be generated for a
fixed memory layout (compare Sec. 3.2) by modifications of the access graph,
algorithms for memory layout optimization operate on given access graphs.

Lets consider the GOA optimization problem with respect to the maximum
graph According to Equ. 15 the goal is to modify the access graph

G such that it becomes a subgraph of (zero-cost solution) or to minimize the
(weighted) number of edges from G that are not edges in

Given an access sequence and considering a single address pointer we can
define an initial access graph G. Applying memory layout optimization we map
the vertices of G onto vertices of thereby minimizing the costs (Equ. 15).
To further decrease the costs we can perform APA which generates the modi-
fied access graph where As is better adapted to it seems
reasonable to permutate the layout and search for a better mapping of vertices
from to That is, memory layout optimization is now performed for the
modified access graph Using the same arguments as before this process may
be iterated up to some stop criterion. This is the motivation for our new GOA
optimization algorithm as shown in Fig. 7.

Fig. 7. Iterative GOA optimization algorithm.

Lets consider the access sequence S=[0, 1, 2, 3, 1, 4, 2, 5, 3, 6, 7, 1, 8, 2, 9,
3, 4] as a demonstrative example. In the following figures dashed lines indicate

dotted lines indicate and double lines indicate transitions
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Fig. 8. Initial access graph G and memory layout

Fig. 9. Initial memory layout and modified (APA) access graph

Fig. 10. Memory layout and access graph

of address pointer 2. We assume a symmetric update range and two
address registers. Using the algorithm discussed in Sec. 3.1 we find the initial
memory layout show in Fig. 8. Optimum APA (Sec. 3.2) for the memory layout
in Fig. 8 generates the modified access graph in Fig. 9. Note that APA has
removed 5 edges from the access graph and only two non zero-cost transitions
are remaining. The modified access graph is then used to generate the memory
layout in Fig. 10 Applying APA again reduces the costs further as shown in
Fig. 11. In last iteration the generated memory layout achieves hence
we have found a zero-cost solution. Note that in this case the address pointer

Fig. 11. Memory layout and access graph
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assignment groups the program variables into two disjoint subsets. Comparing
to Fig. 6d we see that this is not necessarily the case. In Fig. 6d program variable

has to be accessed by both address pointers in order to achieve an optimum
solution.

Fig. 12. Memory layout and access graph

In general, the proposed algorithm does not correspond to a strict search path
iterating from one solution to the next but corresponds to a search tree. The
optimum APA algorithm may produce more than one optimum pointer assign-
ment and therefore several access graphs may contribute to new memory layouts.
The width of this search tree may increase in each iteration so we introduce an
upper limit and investigate only the best solutions. The iterations may
be stopped when no new memory layouts or pointer assignments are produced.
Additionally, we limit the maximum number of iteration to a range of up to

4 Experimental Results

The algorithm proposed in Sec. 3.3 has been applied to several artificial generated
access sequences for a symmetric update range with and two address
pointers. In Tab. 1 the performance is compared to the simulated annealing
approach [8]. The table shows the number of required address pointer reloads
(Equ. 18) for the proposed algorithm and simulated annealing. For iterative GOA
the solution also depends on the initial memory layout. To demonstrate this effect
Tab. 1 shows the results for an optimized initial memory layout and an
unoptimized initial memory layout which corresponds to the first appearance
of program variables Iterative GOA generates solutions comparable to
simulated annealing but typically in less time. The runtime of SA for larges
sequences (75/50) is about 15 minutes while iterative GOA produces results in
about 1 minute.

We have also applied iterative GOA to a set of 179 sequences from the Offset-
Stone benchmarks [12] where the length of these access sequences is up to 100.
For 34 of these examples an optimum solution is already found for a single ad-
dress pointer. Again we assume and two available address pointers. Fig. 13
shows a histogram of achieved cost reduction compared to the initial layout. In
these examples up to 1000 iterations are performed and the initial memory layout
is unoptimized and corresponds to the first appearance of program variables.
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Fig. 13. Histogram of cost value reduction for iterative GOA.

5 Conclusions

Address pointer assignment (APA) and memory layout generation are highly
interdependent phases in general offset assignment problems. We have shown
that optimized solutions can be generated by iteratively applying efficient al-
gorithms for APA and memory layout generation. The proposed algorithm has
been demonstrated on artificial and real world examples. Compared to simulated
annealing approaches we generate equivalent solutions typically in less time. An
efficient exploration of the combined search space is subject to ongoing research.
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Abstract. Tradeoff exploration can be found in several different areas
of embedded system design. One example is task scheduling, where dif-
ferent task mapping and ordering choices for a target platform will lead
to different performance/cost tradeoffs, which can be represented in a
so-called Pareto curve. Though many scheduling algorithms have been
suggested, on-line or off-line, few have been really implemented on a
real platform, especially on an embedded multi-processor one. We have
implemented a middleware layer to handle that problem and we have in-
tegrated a hierarchical task scheduler into it. It is compatible with most
current RTOS implementations as long as they have a well defined API
for task activation and synchronization. A simple DCT example demon-
strates that the extra overhead is acceptable low. With a real-life test
case from H.263, we demonstrate how big an impact our approach can
cause. The deadline miss rate is dramatically reduced since we map and
order the tasks at run-time. When voltage scaling is considered, we can
save 10% more energy compared to the state-of-the-art solution. More-
over, this integration enables a novel design methodology flow, which
allows further design space exploration and optimization at run time.

1 Introduction

The future of most embedded multimedia applications lies in low-power heteroge-
neous multi-processor platforms, which have sufficient computation and memory
resources, consume extremely low energy and are flexible enough to cope with
the dynamic behavior of future multi-media applications.

An up-to-date platform typically contains one or more (re-configurable) pro-
grammable components (general-purpose processor, DSP or ASIP), the analog
front end, on-chip memory, I/O and other ASICs. Furthermore, it can contain
power management modules, controlled by the OS, to configure the power con-
sumption and performance of the modules in the system. Example platforms
currently available for multi-media targets are TI’s OMAP, Philips’ Nexperia,
ARM’s PrimeXsys and Xilinx’s Virtex-II Pro.
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Platforms obtain a high performance at a low energy cost through the ex-
ploitation of parallelism. With parallelism we can distribute the computational
load of an application over several processing elements. For the same through-
put, each processing element can then operate at a lower frequency, because it
has less work to do. At the same time, a lower frequency implies that the CMOS
circuits can operate at a lower voltage. Since in physics the dynamic energy con-
sumption is proportional to the square of the operating voltage [2], this results
in a net decrease of the energy consumption in the system, at least as long as the
dynamic energy is sufficiently large compared to the static and leakage energy
spent.

In multimedia applications, parallelism is typically available at different lev-
els. The regular data processing nature of multimedia applications leads to large
amounts of instruction and data-level parallelism. Advanced compilers for media
processors exploit these parallelisms by software pipelining and/or VLIW tech-
niques. However, the task-level parallelism is much more difficult to deal with
and is hence less exploited today. Few systematic methodologies exist to exploit
this coarse grained parallelism, especially for heterogeneous platforms, which
can however only be fully exploited when applications are efficiently integrated
on the platforms. Current design technologies hence fall behind the recent ad-
vances in computer architecture and processing technology. This is especially so
when dealing with complex and very dynamic applications as can be found, e.g.,
in the MPEG4/MPEG21 standard. A consistent system design technology that
can cope with such characteristics and with the ever shortening time-to-market
requirements is greatly needed.

For this kind of design, one of the most critical bottlenecks is the very dy-
namic and concurrent behavior of many of these new applications, which are
fully specified in software oriented languages (like Java, UML, SDL, C++) and
still need to be executed in real-time cost/energy-sensitive ways on the usually
heterogeneous SoC platforms. An effective methodology is required to map this
system specification onto an embedded multi-processor platform, and normally
this leads to a tradeoff among different system design objectives like energy and
performance.

Pareto-based optimization is an effective way to represent and explore these
tradeoffs. The Pareto-optimal concept comes from multiobjective optimization
problems, where more than one conflicting optimization objectives exist. A solu-
tion is said Pareto-optimal when it is optimal in at least one optimization objec-
tive direction, compared to all the other solutions. Such a set of Pareto-optimal
solution is normally called a Pareto set and can be conveniently represented by
a Pareto curve. In real-world applications, a Pareto optimal set can be the result
of exploring many different factors, such as architecture (CPU and/or memory)
mapping, quality of service control(QoS), as long as more than one optimization
objective exists.

Conventional design methodologies at best extract that Pareto optimal set
and select one point from that set at design time [4]. This approach works fine for
static applications. However, for modern dynamic applications, we should explore
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the potentially available design space at design time but defer the selection step
till run time, to better tune the system to the changing environment, as we
showed in [19]. Hence, our approach is to combine the advantages of the low
run-time complexity of a design-time scheduling phase and the flexibility of a
run-time scheduling phase. It allows to optimize the system cost function at
run-time based on pre-computed cost-performance Pareto curves, and satisfies
the real-time constraint at the same time.

The contributions of this paper are as follows: It provides a systematic
method to handle the task scheduling problem of dynamic applications. An
RTOS independent middleware layer is suggested and implemented to map and
order tasks at run time. Experiments done on a real dual-processor platform
have proved this approach can improve the applications’ real-time and energy
performance significantly.

2 Related Work

Task scheduling has been investigated overwhelmingly in the last decades. When
a set of concurrent tasks – i.e. tasks that can overlap in time – have to be
executed on one or more processors, a predefined method, called scheduling
algorithm, must be applied to decide the order in which those tasks are executed.
For a multi-processor system, another procedure, assignment, is also needed to
determine on which processor one task will be executed. If a deadline, either soft
or hard one, has to be met, it is called scheduling for real-time systems. A good
overview of scheduling algorithms for real-time systems can be found in [13]. In
our paper, the terminology task scheduling is used for both the task ordering
and the processor assignment.

Generally speaking the scheduling algorithms can be classified as off-line and
on-line algorithms. We focus here only on the latter because it provides better
opportunity for run-time optimization. These algorithms are usually priority-
based and are derived from Liu and Layland’s classical paper [9], in which the
priority of a task is either set statically, e.g. the Rate Monotonic (RM), or dy-
namically, e.g. the Earliest Deadline First (EDF). Nowadays, RM and EDF are
still the most used algorithms.

For multi-processor systems, the scheduling algorithms can be classified in
another way: migratory or nonmigratory [16]. A scheduling is called nonmigra-
tory if a task, once it has been created and decided where to be put, stays on one
processor till it terminates. It may not move, no matter how badly overloaded
its processor becomes and no matter how many other processors are idle. Most
current embedded systems’ RTOSs are nonmigratory. Migratory scheduling is
more flexible, providing more possibility for system optimizing (e.g., load bal-
ancing), but it is also more complex and difficult to design. It is proved that task
migration can be very helpful in improving the system energy consumption and
power density [7, 5].

Recently, Dynamic Voltage Scaling(DVS) is getting popular (see [6] for a good
survey) because of its ability to reduce the unnecessary energy consumption. Our
methodology can integrate and handle DVS naturally, though it is not restricted
to it.
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Shin and Choi [15] have extended the normal fixed-priority scheduler to im-
plement an on-line inter-task DVS for real-time application. They slow down
the processor when there is only one eligible running task and completely shut
it down when that last task ends earlier than expected. To fully utilize the slack
time in the on-line DVS, some new approaches are proposed recently. They can
be classified as intra-task DVS, because they benefit from looking inside the
boundary of a task. Lee and Sakurai [8] partition a task into several pieces,
called time-slots, then dynamically control the supply voltage on a “time-slot by
time-slot” basis, with the feedback from the software. Other approaches include
checking the current code execution against data generated at compile time to
find the opportunity for voltage scaling [1, 14]. To take full advantage of DVS,
some authors further suggest a handshake between the content or application
and the OS [3, 11].

All the above works have their limitations. Firstly, they focus mainly on the
scheduling algorithm itself. Few discuss the problem of how to implement the
complete system and how to integrate the scheduler with the currently available
tools and middlewares. Therefore, their results are normally obtained from sim-
ulation and can not yet answer the questions as how the algorithm works in a
real system and how much the overhead is. That overhead can not be ignored,
especially on a multi-processor platform. Secondly, they all fix the task mapping
at design time. As a result, they are less capable of handling the highly dynamic
and changing multimedia applications.

3 The Design Methodology

Our design methodology comprises three stages: modeling, concurrency improv-
ing and (sub)task scheduling [19]. Here we focus only on the last one. In our
model, the application are represented as a set of concurrent thread frames
(TF) that exhibits a single thread of control. Each of these TFs consists of many
thread nodes (TN) that can be looked at as an independent and schedulable
code section.

3.1 Two-Phase Scheduling

The scheduling is done in two phases. It has been published before (see [19, 18])
but it is briefly summarized here as background information. The idea is il-
lustrated in Fig. 1. Given a thread frame, our design-time scheduler will try
to explore all the different mapping and ordering possibilities, and generate a
Pareto-optimal set, where every point represents a different mapping and order-
ing combination. Conventional design methodologies also explore them but they
select only one Pareto point and fix it, while we keep the complete Pareto set
and defer the decision till run-time.

The run-time scheduler works at the granularity of thread frames. At run-
time, it considers all active TFs, trying to satisfy their time constraints and
minimize the system cost at the same time. The details inside a thread frame,
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Fig. 1. A two phase scheduling method.

like the execution order or data dependency of each thread node, can remain
invisible to the run-time scheduler and this reduces its complexity significantly.

We separate the task scheduling into two phases, namely design-time and
run-time scheduling, for two reasons. Firstly, it gives more run time flexibility to
the whole system. The system can change its behavior (e.g. minize the overall
cost) according to what are running on it. Secondly, it substantially reduces the
run time computation complexity because the run-time scheduler has only to
handle some pre-computed results.

This methodology can in principle be applyed in many different contexts as
long as Pareto-like tradeoffs exist. For example, in case of DVS, the cost can
be the energy consumption. Thus our methodology results in an energy-efficient
system. When the cost is energy and the horizontal axis is replaced by the
quality of service (QoS), the problem becomes the energy minimization with a
guaranteed QoS, as e.g. formulated in [12].

3.2 Dynamic Mapping and Ordering

After a Pareto point is selected by the run-time scheduler, the next problem
is to find a systematic and generic way to map and order the TNs as decided.
Consider the piece of C code in Fig. 2. This is a simple example of two TFs,
which have 3 and 2 TNs respectively. Their CDFG representations can be found
in Fig. 1. Notice that no dependency exists between tn_2 and tn_3 of thread
frame 1 and thus they can be executed in parallel. To compile the code to a
dual-processor platform, we want to achieve several goals: a) the code is written
in plain ANSI C (not any concurrent C dialect); b) it should be compiled and
linked by a normal compiler; c) only at run-time we will decide the execution
order of the TNs and on which processor to execute them.

This is not easy remembering all the codes are compiled and linked stati-
cally, which in fact fixes the addresses of all the functions and global variables.
Moreover, multiprocessor programming requires well synchronized code and pro-
tected data. It becomes even worse when we assume a dynamic and open system,
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Fig. 2. Example 1: the virtual C code.

which allows new TFs to come and join the running applications at any moment.
One obvious solution is to wrap every TF and TN in a process/thread structure
provided by the RTOS and to apply the tricky and error-prone multiprocess
programming method. However, this will cause frequent switches between the
process space and the RTOS space and frequent context switches among pro-
cesses. It also requires inter and/or remote process communication mechanisms.
All these are expensive, especially for multiprocessor platforms. Therefore, we
chose to run only one process on every processor and to manage the TNs by
ourselves.

To handle the problems in a systematic and generic way, we have wrapped
every TF into an object, which contains an initializer, a scheduler and a TF
specific data structure. The scheduler keeps a set of function pointers. Every
Pareto point just means a different set of values of these pointers. Whenever
a new TF enters the system, its initializer is first called to register itself to
the system. Then for a given Pareto point, the scheduler resets its pointers to
the desired TNs in the appropriate order. Therefore, the scheduler can execute
the TNs by referring to the function pointers in the given order, and map them
accordingly. Fig. 3 shows the final scenario of our example assuming a scheduling
decision like Fig. 1.

Our approach has a low overhead because the complete code is held in one
single process space and no unnecessary context switches involved. Meanwhile,
it provides an easy solution to achieve a flexible and open system.

4 Experimental System Setup

4.1 The Experimental Platform

As shown in Fig. 4, our experimental board consists of two TI C6202 DSPs, each
with a 128KB on-chip memory. The on-chip memory is divided into two halves,
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Fig. 3. The run time mapping of example 1.

Fig. 4. The experiment board.

one for stack and the other is program addressable and free for use. An off-chip
32MB SDRAM is also available. It holds the program codes, private data and
a piece of shared memory. The DSPs and the SDRAM are connected by a bus.
No data cache is present, either on chip or off chip, which means: a) slower data
access speed. However, we can either implement a memory allocator, handling
the internal on-chip memory as a full software-controlled cache, or simply address
and maintain it ourselves in the program. b) no costly overhead is paid to obtain
cache consistency and coherency which are anyhow mainly useful for big multi-
processor systems running general-purpose software. The embedded software
designer has better knowledge and full control over his system, enabling him to
avoid and manage data conflicts in a more efficient way.

On every DSP, a copy of the VSPWorks Real-Time Operating System
(RTOS) [17] is running. The RTOS provides the run-time environment, memory
and task management, IO control and interrupt handling. However, VSPWorks
is more a stand-alone OS than a distributed OS, in the meaning that every pro-
cessor runs independently, communicating and changing data with its peers only
when explicitly asked to do that.
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4.2 The Run-Time System

Our run-time system module runs like a middleware layer (Fig. 5). It clearly
separates the application from the lower level RTOS, giving the same APIs
even on different operating systems. It is compatible with most current RTOS
implementations as long as they have a well defined API for task activation
and synchronization. Therefore, it is easy to be ported and can be used as an
integration component in a heterogeneous multi-processor platform.

Fig. 5. The middleware.

Fig. 6. The run-time system.

The run-time system performs the run-time scheduling hierarchically (Fig. 6):
the system level side is responsible for managing Pareto curves, finding a Pareto
point and dispatching the TFs, while the TF side does the real mapping and
ordering based on the Pareto point selected by the run-time system. Whenever
a new TF enters the system, it first registers itself to the run-time manager. At
specific scheduling points, triggered by a timer interrupt or other application
related events, the system side scheduler, taking into account the Pareto curves
of all active TFs, finds when and which TF will be executed. Basically, this
involves the ordering of the TFs, e.g. based on their priority, and selecting a
Pareto point from the Pareto curve accompanying every TF, given the system
restriction (e.g. the number of a specific resource) and an objective to optimize
(e.g the energy consumption or quality of service). The algorithm used here to
find the Pareto points can be found in [18]. Having decided the order and selected
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the option, the system dispatcher just calls the TF side schedulers one by one,
passing the selected Pareto point. Accordingly, the TF side scheduler selects the
appropriate implementation of its functions.

The hierarchical scheduling makes the system more dynamic, reusable and
flexible. The run-time system does not have to know the TFs, which can be any
TF, as long as they have a uniform API. The run-time system does not have
to worry how to map and order the internal components of each specific TF. It
is done by the TF code itself, which is generated at compile time with all the
necessary details to achieve this.

Different to normal task scheduling, our implementation avoids the expensive
task management service provided by the RTOS. Actually, except to the back-
ground managing thread, there is only one thread running on each processor.
Meanwhile, it allows tasks to be mapped and ordered freely to accomodate the
dynamic feature of future applications.

5 Experiments and Results

We have applied our methodology and implemented it for two applications on the
platform introduced in section 4.1. In all of our experiments, the codes are not
optimized for our TI C6000 VLIW architecture. However, we are not discussing
how to optimize the code at the instruction or data size level, which is out of
the scope of this paper and can be done independently. This will not reduce the
effectiveness of the methodology we describe here. In this paper we consider only
the task level parallelism. All the results shown later are free of instruction and
data level parallelism optimization. In fact, the contents inside the bubbles on
Fig. 7 are untouched compared to the original MediaBench code.

5.1 Experiment to Explore the Overhead

The first simple example we have investigated on our dual-TI platform is based
on the DCT application from MediaBench [10]. This simple code has been used
in an experiment designed intentionally to explore the overhead behind our run-
time system.

The DCT code uses the discrete cosine transform (DCT) to compress a pixel
image by a factor of 4:1 while preserving its information content. The encoder
divides the image into blocks, each containing 8x8 pixels, as shown in Fig. 7.
For every block, the encoder reads the image into a buffer, finds its DCT, then
finally scales and packs it to the output buffer.

The original code (dct in Tab. 1) takes 1.7 million cycles to compress an
image of 32x32 pixels (4x4 blocks). This number is high for several reasons.
Firstly, the TI C6202 has no floating point units, while the encoder involves a
lot of floating point computation. Secondly, the DSPs are configured to work
without program and data cache.

Next, we have adapted the encoder to our framework. A TF wrapper is
generated for every image block. As shown in that Fig. 8, every TF of dct_tf
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Fig. 7. A DCT encoder.

has three TNs, R, F and S (representing the three bubbles in Fig. 7). It has two
possible scheduling, scheduling0 and scheduling1. If scheduling0 is selected by
the system-level scheduler, the TF will first execute TN R on DSP0, then TN
F on DSP1 and finally TN S on DSP0. It looks artificial but can show us the
overhead. Since one image block is put into one TF, an image of size 4x4 blocks
will generate 16 TF wrappers, i.e. 16 Pareto curves, each with two Pareto points.
The execution time of dct_tf, including all the overhead of our framework, is 2.17
million cycles (Tab. 1) for the 4x4 image.

Fig. 8. Different TF compositions of the DCT encoder.

In dct_tf, at any moment, only one DSP is running the functional TN, due
to the sequential feature of the block compressing. To take advantage of the
multi-processor, dct_dual wraps the TNs of every two block into one TF (Fig. 8,
R0 means the TN R of block 0, totally 6 TNs), which allows the TF scheduler
to explore the task level parallelism and improve the performance accordingly.



Dynamic Mapping and Ordering Tasks of Embedded Real-Time Systems 177

For the same 4x4 image, it now takes only 1.43 million cycles, which is a 17%
improvement over the original code.

As shown in Fig. 8, we have tried different compositions of the TF. We have
also tried a bigger image with 8x8 blocks and the results are summarized in
Tab. 1.

From this table, we can see that the overhead of our run-time scheduling
layer constantly drops with the decrease of the number of TFs, in both the
dct_tf and dct-dual series for the same input image. In fact, this overhead can
be decomposed into two components: the overhead per system and the overhead
per TF (see Tab. 2). The former comes from the initialization and booking of the
system, and it is more or less the same for every system. For every TF running
on the system, we also have to pay some overhead to start it, send data to it and
synchronize it. Hence, the total overhead can be expressed as where
is the number of TFs (see Tab. 2). One obvious observation from it is that the
per TF overhead of dct_dual is more than two times higher than dct_tf. This can
be explained by Fig. 8: dct_dual has twice the amount of data communication
and synchronization as dct_tf.

The per TF overhead is only 11K cycles in the dct_tf case and 29K cycles in
the dct_dual case. This is acceptably low if the TF code is big enough, which is
not the case here for this simple illustration but is true for any real-life applica-
tion that we would consider like the H.263 test case in the next section.

Another interesting issue is the performance improvement from dct_dual
cases, which take advantage of the task level parallelism exposed by our design
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methodology. For an image size of 4x4 blocks, the dct_dual and dct_dual4 im-
prove the performance by 17% and 27% respectively. For an image size of 8x8,
the numbers are 31% and 42%, which is already close to the 50% theoretical
upperbound.

5.2 The Realistic H.263 Test Case

We have also investigated the ITU-T H.263 application, which is an international
standard for video conference and other low-bit-rate communication.

We have used the Telenor C exemplary implementation code, tmn-1.7. Except
to necessary changes to enable our approach, we made no more optimization,
neither the algorithm level nor the instruction level. In that code, the stream
can basically have 3 different kinds of video frame: I, P, and PB. The I frame is
also called intra-frame because it is encoded only using the information of that
video frame and does not depend on any other frame. From time to time, we
have to insert an I frame because either we have a complete new video (e.g, the
editing) or we have to get rid of the accumulated noise from predicting. The P
frame is forwardly predicted from another I or P video frame, by using Motion
Compensation. The PB frame actually contains the information of two frames.
First a P frame (frame i+2) can be decoded from its previous I/P frame (frame
i), then another frame, frame i+1, can be predicted forwardly from frame i and
backwardly from frame i+2 and inserted between them. One sequence is that for
the next period the processor can be idle because in the previous period it has
already generated the video frames for both the previous and current period.
For every I, P or PB frame, the code can be separated into two nodes, the
decoding node and the conversion node. The decoding node does all the work
related to reading in the data, entropy decoding, rescaling, idct and motion
compensation, finally generating data in YUV format. To really show the video,
we have to convert it from YUV format to RGB (which is understandable by
the display) and store it in the display memory, which is done by the conversion
node. Depending on the type of frame (I/P/PB) and the size of image, these
two nodes will take a different number of processor cycles.

To simulate the dynamic behaviors of future applications (e.g. Philips’
WWICE interface), we manipulate 5 video streams simultaneously where the
frame size of each stream typically differs. Strm0 is the combination of different

Fig. 9. The I, P, and PB frame of H.263.
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CIF clips from the standard benchmark Akiyo, Coastguard, Container, Foreman
and Hall video streams. Every clip lasts for 100 frames. This is used to simulate
the main video stream one is watching. At the same time, we have four streams
(Strm1, Strm2, Strm3 and Strm4), which are generated from shorter video clips
(5-50 frames each) in QCIF format. These streams are used to simulate the user
triggered events. For instance, when a user is watching TV, he may talk to an-
other person by the video phone and browsing on line, all on the same platform.
For Strm1-4, between clips we randomly inserted 2-12 idle frames, to simulate
the idle time of the user.

At the beginning of every period, the application reads in the frame headers
of all the five streams, to see what kind of frames it is going to handle for the
current period, then maps and orders these nodes on our experimental board.
We have used streams of 1000 periods and the results are summarized in Tab. 3.

We have compared the result of our dynamic mapping and ordering approach
to 3 reference cases. In the first case (single in Tab. 3) we put all the nodes onto a
single processor. It is used to give a reference on how a single processor performs.
In the fixed_0_4 case, we put nodes of Strm0 on one processor (it is in CIF format
and requires much more execution time) and Strm1-4 on another processor. In
the fixed_1_3 case, we put both Strm0 and Strm1 on one processor, and Strm2-4
on another processor. When the frame rate is 20, case “single” will cause 524
deadline misses, which is more than half of the periods, while case fixed_0_4 and
fixed_1_3 cause 245 and 131 deadline misses, which are better but still more than
10% of the periods are hardly usable. Under the same condition, our dynamic
case will cause only 39 deadline misses, which is only 3.9% of the total periods.
When the frame rate is relaxed to 15, the deadline misses caused by the fixed_0_4
and fixed_1_3 are 53 and 1, while our dynamic case meets all the deadlines. We
can notice that fixed_1_3 performs much better than fixed_0_4, but the exact
number of deadline misses of fixed_1_3 depends on the input streams and can be
worse than what we show here. For both frame rates, our solution is always best
because it can adapt to the real need of that period. In all cases, the results of
our dynamic solution have already included the implementation and scheduling
overhead.

Another advantage of our dynamic mapping and ordering approach is that
it can increase the energy saving impact of DVS. Since the board we use does
not support DVS, we have only simulated the effects of DVS by checking the
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available slack time of every period. As long as a DVS-compatible processor (e.g.
XScale) is on our experimental board, we can really implement it with the same
approach.

According to TI’s datasheet, the power consumption of the 300MHz C6202
CPU core is 300mW. We assume the working frequency can be continuously
slowed down to as low as 200MHz, and the supplying voltage will proportionally
scale down from 1.5V to 1.0V. This assumption is commonly taken also by other
academic researchers [15]. Since the frame header of each stream is decoded first
at the beginning of every period, it enables us to make an accurate estimation
about the execution time of every TN to be executed in that period. With the
above assumptions, we have applied DVS on fixed_0_4, fixed_1_3 and our dynamic
case. The results (Tab. 3) show that our dynamic approach has 10% (fps = 20)
and 9% (fps = 15) energy savings even compared to fixed_1_3, which is the best
possible result if the tasks are mapped statically by the state-of-the-art DVS
technique [1]. Compared to the non-DVS original case, the energy saving is 38%
(fps = 20) and 50% (fps = 15).

6 Conclusion and Future Work

In this paper we have presented a systematic approach on how to insert a mid-
dleware layer between the application and the RTOS to map and order tasks
dynamically for multiprocessor platforms. Two experiments have been done on
a real dual-TI experimental board. This practical proof is one contribution com-
pared to the normal simulation approach taken by other researchers. A simple
DCT example is used to illustrate the overhead introduced by our middleware
layer. An H.263 example shows the large impact of our approach on real-life ap-
plications, where deadline miss is dramatically reduced. When DVS is considered,
an extra 10% energy saving has been achieved compared to the state-of-the-art
approach.

In the near future, more applications are planned to be ported and tested.
Some tools or scripts are also under development to semi-automizing the porting
process. It will also be interesting to test our methodology on an heterogeneous
multi-processor platform.
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Abstract. In this paper, we propose a timing analysis approach for
preemptive multi-tasking real-time systems with caches. The approach
focuses on the cache reload overhead caused by preemptions. The Worst
Case Response Time (WCRT) of each task is estimated by incorporating
cache reload overhead. After acquiring the WCRT of each task, we can
further analyze the schedulability of the system. Four sets of applications
are used to exhibit the performance of our approach. The experimental
results show that our approach can reduce the estimate of WCRT up to
44% over prior state-of-the-art.

1 Introduction

When designing a real-time system, it is of great importance that the timing of
the system be predictable. While underestimating the execution time of tasks
in a real-time system may cause catastrophic disasters, especially in hard real-
time systems, overestimating the execution time can also lower the utilization of
resources such as processors. However, processors with advanced features such
as caching and pipelining are widely used in real-time systems nowadays. Us-
ing processors with these complicated architectures in real-time systems makes
timing analysis more difficult.

In this paper, we propose a timing analysis approach for preemptive multi-
tasking real-time systems. The approach focuses on the cache reload overhead
caused by preemptions. The Worst Case Response Time (WCRT) of each task
is estimated by incorporating cache reload overhead. After acquiring the WCRT
of each task, we can further analyze the schedulability of the system. Four sets
of applications are used to exhibit the performance of our approach. The exper-
imental results show that our approach can reduce the estimate of WCRT up to
44% over prior state-of-the-art.

The rest of this paper is organized as follows. Section 2 investigates the previ-
ous work in this field. Section 3 states the problem and defines some terminology
used in the paper. Then, an overview of our approach is given. Sections 4, 5 and
6 elaborate the details of our approach. Experimental results are presented in
Section 7. The last section concludes the paper.

H. Schepers (Ed.): SCOPES 2004, LNCS 3199, pp. 182–199, 2004.
© Springer-Verlag Berlin Heidelberg 2004



Integrated Intra- and Inter-task Cache Analysis 183

2 Previous Work

Lots of work has been done to predict the timing properties of real-time systems
with caches. In general, this work can be divided into two categories. First, var-
ious methods are proposed to achieve predictable system behavior by changing
some features such as cache management policies and memory mapping patterns
of systems. For example, two different cache partitioning schemes are presented
in [3,4]. Each task can only use a limited portion of the cache in these two
approaches. Compiler optimization and memory remapping techniques are also
used to achieve predictable cache behavior [5,6]. These approaches require either
customized hardware support such as a specialized cache controller and TLB or
modifications to the compilers and OS. Furthermore, utilization of resources such
as cache and memory are compromised.

Static analysis is a second category of methods to predict timing properties.
Such methods analyze cache behavior and make restrictive assumptions in order
to predict Worst Case Execution Time (WCET) or Worst Case Response Time
(WCRT) of tasks in real-time systems. Static analysis methods do not require
any changes to the system under consideration. Li and Malik propose a WCET
analysis approach by using an implicit path enumeration method [7]. Their ap-
proach requires path analysis at the granularity of basic blocks. Wolf and Ernst
extend the concept of basic blocks to program segments and develop another
framework for timing analysis, SYMTA [8]. The precision of time estimation is
improved in SYMTA since the overestimate of execution time is reduced. Wil-
helm et al. [11,12] propose an abstract interpretation methodology to predict
cache behavior. Stenstrom et al. [13] give another static analysis approach based
on symbolic execution techniques. In both Wilhelm’s and Stenstrom’s approach,
WCET of programs can be analyzed without knowing the exact input data.
However, both of the aforementioned approaches only consider a system with
a single task. They cannot handle multi-tasking systems with preemptions, in
which the timing analysis becomes even more complicated.

The behavior of a multi-tasking system is affected greatly by the scheduling
algorithm used in the system. In this paper, we assume that a fixed priority
scheduling algorithm such as Rate Monotonic Scheduling (RMS) [14,15] is used.
We further assume a single processor with a unified (instruction plus data) set
associative L1 cache and secondary memory (the secondary memory can be ei-
ther on- or off-chip). However, the same method in our approach can be used
to analyze timing properties in systems with more than two levels of memory
hierarchy. Multiple processor systems may involve cache coherence problems
which are beyond the scope of this paper. In order to analyze the schedula-
bility of a system, we estimate the WCRT [16] of each task in the system. In
preemptive multi-tasking systems, cache eviction among tasks may extend the
response times of tasks. Busquests-Mataix et al. propose an approach to ana-
lyze cache-related WCRT in a multi-tasking system [17]. They conservatively
assume that all cache lines used by the preempting task need to be reloaded by
the preempted task when the preempted task is resumed. Tomiyama et al. give
an approach to calculate Cache Related Preemption Delay (CRPD) by using



184 Yudong Tan and Vincent Mooney

ILP [10]. However, they only consider direct mapped instruction cache. Lee et
al. propose another approach for cache analysis when preemptions occur [18,19].
This approach counts the number of “useful” memory blocks by performing path
analysis on the preempted task. They do not take the program structure of the
preempting task into consideration. Also, the number of preemption scenarios
used in their approach is exponential with the number of tasks. Negi et al. [9]
refine the approach of Lee et al. in [18] by applying path analysis. However,
inter-task cache eviction is not considered. Also, WCRT analysis is not men-
tioned in [9].

We propose an approach for inter-task cache eviction analysis in [1,2]. This
approach assumes that all cache lines used by the preempted task and evicted
by the preempting task will be reloaded after the preemption. But, as presented
in [18], only those cache lines used by “useful” memory blocks of the preempted
task need to be reloaded.

Both the approach we present in [1,2] and the approach of Lee et al. in [18]
have their pros and cons. However, these two methods are complementary. In this
paper, we focus on enhancing our approach in [1, 2] by incorporating “useful”
memory block analysis in the work of Lee et al. The new approach gives the
most accurate WCRT method known to date for a multi-tasking single-processor
system using set-associative or direct mapped unified caches. In Section 7 we will
show examples where we achieve results up to 44% better than the approach of
Lee et al.

3 Overview

In this section, we first state the problem formally. Some terminology is defined
for clarity. Then, we give an overview of the approach proposed in this paper.

3.1 Problem Statement

In this paper, we target uniprocessor multi-tasking preemptive real-time sys-
tems with caches. A Fixed Priority Scheduling (FPS) algorithm such as the
Rate Monotonic Algorithm (RMA) is used in the system. Suppose that the sys-
tem contains tasks represented with Each task has a fixed
priority We assume that the tasks are sorted in the descending order of their
priorities so that we have If has a higher pri-
ority than Tasks are executed periodically. Each task has a fixed period

arrives at the beginning of its period and must be completed by the end
of its period. The Worst Case Execution Time (WCET) of task is denoted
with can be estimated with existing analysis tools such as Cinderella [7]
and SYMTA [8]. We use SYMTA to derive We use to represent the
run of Task The WCET of a task is the execution time of the task in the
worst case, assuming there are no preemptions or interruptions. In a preemptive
multi-tasking system, WCET alone cannot reflect the schedulability of tasks in
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the system because of the existence of preemptions. Thus, our goal is to pro-
vide an approach to estimate the Worst Case Response Time (WCRT), which is
defined as below, for every task in the system.
Definition 1. Worst Case Response Time (WCRT): WCRT is the time taken by
a task from its arrival to its completion of computations in the worst case. The
WCRT of task is denoted by

In a multi-tasking preemptive system, a task with a low priority may be pre-
empted by a task with a higher priority. During a preemption, the preempting
task may evict some cache lines used by the preempted task. When the pre-
empted task resumes and accesses an evicted cache line, the preempted task has
to reload the cache line from memory. This cache reload overhead caused by
inter-task cache evictions increases the response time of the preempted task.

Fig. 1. Example of WCRT.

Example 1. We have three tasks and is an Inverse Discrete Cosine
Transform (IDCT) extracted from an MPEG2 decoder. is invoked every 4.5ms.

is an Adaptive Differential Pulse Code Modulation Decoder (ADPCMD). is an
ADPCM Coder (ADPCMC). ADPCMC and ADPCMD are taken from MediaBench
[23]. ADPCMC has a period of 50ms. ADPCMD has a period of 10ms. RMS is used
for scheduling. has the highest priority and has the lowest priority. Figure 1
shows this example. In this example, three tasks arrive at time instant 0. However,

is not executed until there are no instances of or ready to run. During the
execution of it could be preempted by or which is shown in Figure 1.
The response time of is the time from 0 to the time when is completed.
We need to estimate the response time of such a task in the worst case. If we do
not consider inter-task cache evictions, the WCRT of is shown in Figure 1(A).
However, because of inter-task cache evictions, the preempted task has to reload
some cache lines after preemption which imposes an overhead on the WCRT of the
preempted task. Figure 1(B) shows this issue. Obviously, due to cache evictions, the
WCRT of is increased, as shown in Figure 1(B).

Inter-task cache eviction(s) caused by preemption(s) affect the WCRT of a
task. As shown in Example 1, there are two types of preemption, direct pre-
emption and indirect preemption. For example, can be preempted directly
by or because has the lowest priority. On the other hand, when is
preempted by and is running, can be preempted further by because
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has a lower priority than Although is not directly preempted by
may bring a cache reload overhead to the execution time of which also

extends the response time of Thus, we need to consider both indirect and
direct preemptions caused by when estimating the WCRT of Figure 1
illustrates both direct and indirect preemptions.

This paper aims to incorporate inter-cache eviction cost in WCRT analysis
by combining the approach of Lee et al. and the approach we presented in [1].

We perform path analysis on the preempted task and the preempting task in
order to analyze the cache access pattern of the preempted task. The path analy-
sis is based on a Control Flow Graph (CFG). A CFG is represented with a graph
G = (V, E), where is the set of nodes and
is the set of edges of the graph G. Each edge represents the control
dependence between two nodes, and Each node in a CFG represents a
Single Feasible Path Program Segment (SFP-PrS) [8].

Definition 2. Single Feasible Path Program Segment (SFP-PrS): SFP-PrS is
defined as a hierarchical program segment with exactly one path [8].

3.2 Overall Approach

Intuitively, we know that the cache lines causing reload overhead after preemp-
tions need to satisfy two conditions.
Condition 1. These cache lines are used by both the preempted and the pre-
empting task.
Condition 2. The memory blocks mapped to these cache lines are accessed by the
preempted task before the preemption and are also required by the preempted
task after the preemption (i.e., when the preempted task is resumed).

Condition 1 implies that memory blocks accessed by the preempting task
conflict in the cache with memory blocks accessed by the preempted task. Thus,
some of the memory blocks loaded to the cache by the preempted task before
the preemption are evicted from the cache by the preempting task during the
preemption. This cache eviction involves memory access patterns of both the
preempted task and the preempting task. Thus, we call this type of cache eviction
an inter-task cache eviction.

Condition 2 reveals that memory blocks causing cache reload overhead must
have been present in the cache prior to the preemption. Furthermore, these mem-
ory blocks must be accessed again by the preempted task after the preemption,
thus requiring reload to the cache. These memory blocks are called “useful mem-
ory blocks” in the work of Lee et al. [18,19]. We can use the algorithm of Lee et
al. in [18] to find the maximum set of these useful memory blocks. The maximum
set of useful memory blocks of the preempted task is derived from the program
structure and the memory blocks accessed by the preempted task. In summary,
we call this type of analysis intra-task cache eviction analysis.

Based on the two facts above, we can give an overview of our approach
presented in this paper. Our approach has four steps.

First, we derive the memory trace of each task with the simulation method as
used in SYMTA [8]. Here, we assume that there are no dynamic data allocations
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in tasks and addresses of all the data structures are fixed (e.g., any use of pointers
does not result in unpredictable memory accesses). Second, we perform intra-
task cache access analysis on the preempted task to find the maximum set of
useful memory blocks accessed by the preempted task. Only the memory blocks
in this set can possibly cause cache reload delay. Third, we use the maximum
set of useful memory blocks of the preempted task to perform inter-task cache
eviction analysis with the preempting tasks (i.e., all the tasks that have higher
priorities than the preempted task). A low priority task might be preempted
more than once by a higher priority task, depending on the period of the low
priority task as compared to the period of the high priority task. As proposed
in [1], path analysis is applied to the preempting task in order to tighten the
estimate of cache reload overhead in this step. From the third step, we obtain an
estimate of the number of cache lines that need to be reloaded after preemption.
Then, we can calculate the cache reload overhead. In the fourth step, we preform
WCRT analysis for all tasks based on the results from the third step.

4 Intra-task Cache Access Analysis

According to Condition 2 in Section 3.2, the memory blocks of the preempted
task that can possibly cause cache reload overhead must be present in the cache
before the preemption and must be accessed by the preempted task again after
the preemption. Lee et al. give an approach to calculate the maximum set of
such memory blocks.

A set-associative cache is defined by three parameters: the number of cache
sets, the number of cache lines in a set (i.e., the number of ways) and the number
of bytes/words per cache line. A direct mapped cache can be viewed as a special
set associative cache which has only one way. We assume that the sets in a
cache are indexed sequentially, starting from 0. All the cache lines in a cache
set have the same index. A cache set with an index of is represented with

Accordingly, a memory address is divided into three parts: the tag, the
index and the offset. We use to denote the index of a memory address

When a memory block with an address of is loaded to a set associative
cache, it can only occupy a cache line with an index of In this paper,
we assume that the LRU algorithm is used for cache line replacement. However,
our approach can also be applied with minor modifications to caches with other
replacement algorithms. For example, if a Round-Robin algorithm is used for
cache line replacement, we only need to slightly change the intra-task cache
eviction algorithm used in the approach of Lee et al. The inter-task cache eviction
analysis algorithm can be applied to all cache line replacement policies.

As we mentioned in Section 3.1, a task can be represented with a CFG.
Each node in a CFG is an SFP-PrS. A task can be preempted at any point,
which is called an execution point. When a preemption happens, a task can be
viewed as two parts, one part before the preemption and the other part after
preemption. The pre-preemption part of the preempted task loaded memory
blocks to the cache. Some of these memory blocks might be accessed again
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by the post-preemption part of the preempted task. These memory blocks are
called useful memory blocks. Only useful memory blocks of the preempted task
can possibly cause cache reload after preemptions.

For a formal description, we use the notation of reaching memory blocks
(RMB) and living memory blocks (LMB) as defined in [18]. The set of reaching
memory blocks of a cache set at an execution point of a task is denoted by

contains all possible memory blocks that may reside in cache set
when the task reaches execution point Suppose a cache set has L cache

lines (i.e., a L-way set associative cache). If a memory block can reside in
this memory block must have an index of Moreover, in order to be contained
in this memory block is one of the last L distinct references to the cache
set when the task runs along some execution path reaching execution point

Otherwise, this memory would have been evicted from the cache by other
memory blocks. Similarly, the set of living memory blocks of cache set at
execution point denoted by contains all possible memory blocks that
may be one of the first L distinct references to cache set after execution
point

In [18], Lee et al. demonstrate that the intersection of and
can be used to find a superset of the set of memory blocks in the preempted
task that may cause cache line reload(s) due to preemption. The details of their
algorithm can be found in [18,19]. Of course, whether those memory blocks will
really cause cache line reloading still depends on the actual path the preempted
task takes and the cache lines used by the preempting task.

5 Inter-task Cache Eviction Analysis

In [1,2], we propose an approach to calculate the intersection of cache lines
that are used by both the preempted task and the preempting task. In that
paper, we assume that all memory blocks used by the preempted task when the
preempted task runs along the longest path are useful. However, the results from
the approach of Lee et al. show that this is not always true. In this paper, we
focus on incorporating Lee’s intra-task cache access analysis with the approach
in [1, 2] in order to give a tighter estimate of cache-related preemption delay in
multi-tasking preemptive systems.

As stated in Condition 1, the cache lines that may need to be reloaded must
be accessed by both the preempted and preempting task. This implies that we
need to calculate the intersection of cache lines used by the memory blocks found
in the approach of Lee et al. and the memory blocks accessed by the preempting
task.

Memory blocks that are mapped to different cache sets will never conflict
in the cache. In other words, only memory blocks that have the same index
can possibly evict each other because these memory blocks are loaded to the
same cache set. Intuitively, we can divide memory blocks into different subsets
according to their index.
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Suppose we have a set of memory block addresses,
and an L-way set associative cache. The index of the cache ranges from 0 to
N – 1. We can derive N subsets of M as follows.

When the memory blocks in the same subset defined above are accessed, these
memory blocks are loaded into the same set in the cache because they have the
same index. Thus, cache evictions can happen among these memory blocks (i.e.,
with the same index).

If we denote where is the empty set and is
defined as Equation 1, then is a partition of M [2]. Based on this conclusion,
we define the Cache Index Induced Partition of a memory block address set as
follows.

Definition 3. Cache Index Induced Partition (CIIP) of a memory block ad-
dress set: Suppose we have a set of memory block addresses,

and an L-way set associative cache. The index of the cache ranges from
0 to N – 1. We can derive a partition of M based on the mapping from memory
blocks to cache sets, which is denoted by Each

is a subset of M. We call the CIIP of M .
The CIIP of a memory address set categorizes the memory addresses ac-

cording to their indices in the cache. Cache evictions can only happen among
memory blocks that are in the same subset in the CIIP. We first defined and
introduced CIIP in [1].

The definition of CIIP provides a formal representation useful to analyze
inter-task cache evictions. Suppose we have two tasks and All the memory
blocks accessed by and are in the set and

respectively. has a higher priority than An
L-way set associative cache with a maximum index of N – 1 is used in the
system. In the case is preempted by the cache lines to be reloaded when

resumes are used by both the preempting task and the preempted task. Thus,
we can look for the conflicting memory blocks accessed by the preempting task
and the preempted task in order to estimate the number of reloaded cache lines.
We can use the CIIPs of and to solve this problem.

We use to represent the CIIP of and
to represent the CIIP of For and

only when can memory blocks in possibly conflict with
memory blocks in in the cache. Also, when the memory blocks in
and are loaded into the cache, the number of conflicts in the cache cannot
exceed where L is the number of ways of the cache.
Therefore, we can conclude that the following formula gives an upper bound for
the number of cache lines that could be reloaded after Task resumes following
a preemption by Task

where
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Fig. 2. Conflicts of cache lines in a set associative cache.

denotes an upper bound on the number of cache lines that conflict
when the memory blocks in and are loaded into the cache. This number
can be used to estimate the cache lines to be reloaded due to preempting

Example 2. Suppose we have a a 4-way set associative cache with 16 sets. Each
cache line has 16 bytes. Two tasks and run with this cache. The memory block
addresses accessed by and are contained in

and respectively. The CIIP of and
are and

respectively.
If we map the memory blocks in and to the cache as shown in Figure 2(a),

we find that the maximum number of overlapped cache lines, which is 4, is the same
as the result derived from Equation 2. Note that the memory blocks can be mapped
to cache lines in other ways (e.g., can possibly be mapped to line 0 instead
of line 1, but in this case would kick out or vice versa). In any case,
the mapping given in Figure 2 gives a case in which the largest amount of cache
line overlaps occur. Let us consider another case: if we map the memory blocks in

and to the cache as shown in the Figure 2(b), only two cache lines overlap.
Therefore, Equation 2 only gives an upper bound (as opposed to an exact count)
for the number of overlapped cache lines.

Now, we can calculate the intersection of useful memory blocks of the pre-
empted task as derived from the approach of Lee et al. and the memory blocks
used by the preempting task in order to estimate the cache reload overhead.

Suppose we have two tasks, and has a higher priority than
thus, can preempt In the case that preempts we want to know the
number of cache lines that need to be reloaded by after resumes from the
preemption.

Definition 4. The Maximum Useful Memory Blocks Set (MUMBS): The max-
imum intersection set of LMB and RMB over all the execution points of a
task is called the maximum set of useful memory blocks of this task. It is

represented with is the CIIP of
We use the approach of Lee et al. to calculate the MUMBS of the preempted

task. Only the memory blocks in this set can possibly be reloaded by the pre-
empted task.
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The simulation method in SYMTA is used to obtain all the memory blocks
that can possibly accessed by the preempting task [8]. All these memory blocks
are contained in a set is the CIIP of Only the memory blocks in

can possibly evict the cache lines used by the preempted task. Note that we
can apply path analysis techniques proposed in [1,2] to the preempting task in
order to tighten the estimate of cache reload overhead by reducing the number
of memory blocks in

Then, we apply Equation 2 to calculate the intersection of memory block set
and which is shown in Equation 3. This result gives an upper bound

on the number of cache lines that can possibly need to be reloaded after
preempts

where
We use to represent the cache reload cost imposed on task

when is preempted by task Suppose the penalty for a cache miss is a con-
stant, Then, can be calculated with the following equation:

6 WCRT Analysis

We can use the Worst Case Response Time (WCRT) to analyze schedulability
of a multi-tasking real-time analysis as shown in [17]. The approach uses the
following recursive equations to calculate the WCRT of the task

where is the set of tasks whose priorities are higher than Because we
assume that all tasks are sorted in the descending order of their priorities in this
paper, we have is the cache reload cost related to
preemptions caused by (indirect or direct). Recall that is the WCET of

and is the period of Task as defined in Section 3.1. In this equation,
the term reflects the interference of preempting tasks
during the execution time of This equation can be calculated iteratively.
The iteration can be terminated when converges or is greater than the
deadline of If is greater than its deadline, task cannot be guaranteed
to be scheduled successfully.

In [17], the authors assume that all the cache lines used by the preempting
task need to be reloaded after the preemption. As we pointed out in Section 4
and 5, this assumption exaggerates the cache reload cost for each preemption.
We can apply inter-task and intra-task cache eviction analysis techniques above
to reduce the overestimation in Equation 5.
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When we estimate the WCRT of task we need to consider all possible
preemptions caused by each task, which has a higher priority
than can preempt directly, which brings a cache reload overhead of

to the WCRT of can also be preempted by indirectly. Let
us consider Example 3.

Example 3. Consider two cases in Figure 1(B). is preempted by twice. At
the first time, is preempted by directly, thus, the cache reload overhead is

In the second case, is preempted by first, then is preempted
by further. Thus, is preempted by indirectly in this case. The cache reload
overhead caused by this indirect preemption is In practice, it is difficult
to know if preempts directly or indirectly. In order to avoid underestimating the
WCRT of we use as the cache reload overhead
caused by preempting (i.e., either indirectly or directly).

Example 3 shows that when one or more than one task has a priority higher
than and lower than the cache reload overhead caused by preempting
depends on the actual preemption scenarios, which is difficult to predict in prac-
tice. Thus, in order to avoid underestimating WCRT, we use an upper bound,

to uniformly estimate the cache reload cost caused by
preempting
In Equation 5, is the WCET estimate of without considering preemp-

tion. We use SYMTA [8] to estimate WCET. Note that the cost of context switch
caused by preemptions is not included in Equation 5. Here, we focus on cache
reload overhead analysis and assume the cost of a context switch is a constant,

which is equal to the WCET of a context switch. The context switch func-
tion cannot be preempted, so the context switch cost is not affected by inter-task
cache eviction. Therefore, it is reasonable to assume the context switch cost is a
constant, which is its WCET. The context switch function is called twice in every
preemption, once for switching to the preempting task and once for resuming
the preempted task.

When preemptions are allowed in a multi-tasking system, the WCRT of tasks
that can be preempted may be increased because of cache reload overhead. By
considering the cache reload overhead, Equation 5 can be modified as follows:

Based on Equation 6,we can estimate the WCRT for each task with the
following iteration:
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This iteration terminates when converges or is greater than the deadline
of After the iteration is terminated, we compare the value of with the
deadline of Only if is less than the deadline of can be guaranteed to
be successfully scheduled. Hence, we can analyze the schedulability of the system
based on the WCRT estimate of each task.

In Equation 6, every preemption is tied to an invocation of a task. Thus,
no infeasible preemptions are introduced to the WCRT estimate. A preemption
is included in our estimate only when a task with a higher priority than the
running task arrives (i.e., the condition for preempting is satisfied). However, in
the approach of Lee et al., the number of preemptions are estimated separately
from the number of invocations of tasks. Due to this separate estimation of the
number of preemptions, Lee et al. [19] suffer from a problem that our approach
as presented in this paper does not have: infeasible preemptions that cannot
happen in any real case could potentially be included in the WCRT estimate. To
eliminate this possibility, Lee et al. use an ILP formulation to remove infeasible
preemptions.

Now, let us consider the computational complexity of this iteration proce-
dure. Because we conclude that converges and if is equal to

has to increase monotonically before the iteration is terminated. has to
be increased by at least in each iteration. On the other hand,

cannot exceed Thus, the number of iterations is limited by

This implies that the number of iterations has a constant upper bound when the
periods and the WCET of tasks are determined. In each iteration, we have to
calculate This can be done by calculating all possible
preemption scenarios where and

is the number of tasks. So the number of preemption-related cache reload cost
is where is the number of tasks. Note that in [19], in order to estimate
the WCRT for one task, all the preemption scenarios have to be investigated.
The total number of preemption scenarios is exponential in the number of tasks.
Thus, our method is more feasible and scalable than [19] when there are a large
amount of tasks in the system.

7 Experimental Results

Our experiments are run on an ARM9TDMI processor with a 4-way set associa-
tive unified cache, the size of which is 32KB. Each line in the cache is 16 bytes;
thus, there are 512 lines in each “way” of the cache in total. The instruction
set is simulated with XRAY [22]. The whole system is integrated with Seamless
CVE provided by Mentor Graphics [21]. The tasks are supported by the Atalanta
RTOS developed at Georgia Tech [20].

First, we have two experiments each with three tasks. The tasks in the first
experiment, IDCT, ADPCMD and ADPCMC, are described in Example 1. The
tasks in the second experiment are a Mobile Robot control program (MR), an
Edge Detection algorithm (ED) and an OFDM transmitter (OFDM). We use
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SYMTA to estimate the WCET of each task in the experiments. The periods,
priorities and WCET of tasks in each experiment are listed in Table 1.

In the experiment, we compare four approaches to estimate cache reload
overhead caused by preemptions. Furthermore, we calculate the WCRT of each
task by using Equation 6.
Approach 1 (A1): All cache lines used by preempting tasks are reloaded for a
preemption. Note that this approach is proposed by [17].
Approach 2 (A2): Only lines in the intersection set of lines used by the preempt-
ing task and the preempted task are reloaded for a preemption. The inter-task
cache eviction method proposed in [1] is used here.
Approach 3 (A3): Intra-task cache access analysis for the preempted task pro-
posed by Lee et al. in [19] is used here. Note that no path analysis is applied in
this approach. This approach can potentially include infeasible preemptions in
the WCRT estimate (which does not exist in our approach).
Approach 4 (A4): Both inter-task cache eviction analysis and intra-task cache
access analysis are used to estimate the cache reload cost. Also, path analysis
proposed in [1] is applied to the preempting task. Approach 4 is the approach
described in this paper.

The estimates of the number of cache lines to be reloaded in each type of
preemption derived with these fours approaches are listed in Table 2.
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We use SYMTA [8] to obtain the WCET of a context switch, which implies
that the instructions of the context switch function and the memory blocks where
contexts of the preempted and the preempting tasks are saved are not in the L1
cache when the context switch function is called. In this case, the WCET of a
single context switch estimated with SYMTA is 1049 cycles.

In the first experiment, the WCRT of ADPCMC and ADPCMD can be
calculated based on the results shown in Table 2. Notice that IDCT has the
highest priority and thus cannot ever be preempted. As a result, the WCRT
of IDCT is just equal to its WCET. We also vary the from 10 cycles to
40 cycles to investigate the influence of cache miss penalty on the WCRT. The
estimate results (Approach 1 through Approach 4) and the Actual Response
Times (ART) – which is the WCRT as observed in simulation – are listed in
Table 3. (Please note that as we did not exhaust all possible input data in
our simulations, the observed ART may underpredict WCRT; nonetheless, for
our experiments the ART should be quite close to the WCRT considering the
fact that the tasks in the experiments do not have complicated control flows
and the size of the input data is fixed). Table 4 lists the improvement of our
approach (Approach 4) over all other approaches (Approach 1, Approach 2 and
Approach 3) in these first two experiments.

Approach 1 assumes that all cache lines used by the preempting task will be
accessed by the preempted task after the preempted task is resumed. Obviously,
this may not be true. Some cache lines will never be used by the preempted
task no matter which path the preempted task takes. Thus, by calculating the
set of cache lines that can possibly be accessed by both the preempting and the
preempted task, we can further reduce the estimate of the number of cache lines
to be reloaded by the preempted task, as shown in Approach 2.

Approach 3 calculates the maximum set of memory blocks in the preempted
task that can potentially cause cache reload. Inter-task cache evictions are also
considered in this approach. However, there is no path analysis in this approach.
As compared with Approach 3, Approach 4, in which we apply path analysis
techniques on the preempting task, achieves a significant reduction of up to 30%
in the WCRT estimate of OFDM.
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We also executed a third experiment with a larger number of tasks. In this
experiment, we have six tasks, OFDM, ADPCMC, ADPCMD, IDCT, ED and
MR. The priority and period of each task is listed in Table 5. Note that, in order
to satisfy the necessary condition of schedulability of a real-time system (i.e.,
the total utilization of all tasks must be less than 100% [14,15]), we increase
the periods of some tasks as compared to the same tasks in experiment 1 and
experiment 2. ADPCMC has the lowest priority and MR has the highest prority.
The WCET of each task stays the same.

We use the four different approaches described earlier to estimate the WCRT
of the two tasks with the lowest priorities, OFDM and ADPCMC, which may be
preempted more frequently than other tasks. Table 6 gives the WCRT estimates
of OFDM and ADPCMC with the different approaches.

Approach 3 and Approach 4 are compared in Table 6. By applying path anal-
ysis, the WCRT estimate is reduced by up to 44%. Thus, we demonstrate that
our approach can tighten WCRT estimate significantly by using path analysis
technique, which is missing in the enhanced approach of Lee et al. [19].

As stated in Section 6, the approach of Lee et al. cannot guarantee removal
of all infeasible preemptions. We have one last (actually, fourth) experiment to
show the effect of infeasible preemptions. For example, consider the following
scenario based on the experiment in Lee et al. [19].

The four tasks listed in Table 7 are used in the experiment in [19]. When
the cache reload penalty is 100 cycles (this is the penalty used by Lee et al.
in [19]), the WCRT of FIR (i.e., the task with the lowest priority) given by the
approach of Lee et al. is 5,323,620 cycles. However, the WCRT estimate resulting
from the iteration we proposed in Section 6 is 3,297,383 cycles, which shows a
reduction of 38%. Note that we use the preemption related cache reload cost as
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reported in [19]. Since we use the same cache reload cost for each preemption,
the difference in WCRT estimate is caused by the the number of preemptions
used in WCRT estimate. Apparently, the approach of Lee et al. cannot remove
all the infeasible preemptions.

8 Conclusion

We propose a method to analyze the preemption cost caused by cache eviction in
a multi-tasking real-time system. The method first analyzes the maximum set of
memory blocks in the preempted task that can possibly cause cache reload. Then,
the method incorporates the inter-task cache eviction behavior by calculating the
intersection set of cache lines used by the preempting task and the preempted
task. By combining these two approaches, we achieve over prior state-of-the-art
up to 44% reduction in WCRT estimate in our experiments.

For future work, we plan to expand our analysis approach for systems with
more than two-level memory hierarchy. Also, we will research the cache eviction
problem in multi-processor systems.
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Abstract. The performance of page replacement algorithms used by the virtual
memory management system and file system of operating systems is important
because of the higher disk access latency. The situation complicates further un-
der the limitation of memory. There exists a set of page replacement algorithms,
however, a majority of them are based on static policies. In this paper, a novel
Fuzzy Adaptive Page Replacement algorithm (FAPR) is proposed. The FAPR
algorithm applies fuzzy inference technique based on an adaptive rule-base and
online priority control. The algorithm is simulated in a highly memory-
constrained environment under various load distributions. The results demon-
strate that the FAPR algorithm enhances the performance in comparison to the
commonly used algorithms such as, LRU and LFU. In the worst-case execution
model, FAPR algorithm averages the performance of the LRU and LFU algo-
rithms. This paper describes the design and simulation of the FAPR algorithm
along with the results.

Keywords: LRU/LFU, fuzzy logic, reference string, lookahead, cache, nor-
mal/uniform distributions, paging algorithms.

1 Introduction

The disk access latency is significantly larger than the access latency of RAM. As the
performance gap between microprocessors and secondary storage media increases, the
disk cache management becomes increasingly important for the file system perform-
ance. The efficiency of the page replacement algorithm is important to the virtual mem-
ory manager, the file system of operating systems and the other subsystems such as
MDVM [28]. An efficient page replacement algorithm should have three qualities [20].
First, the algorithm should be capable of distinguishing the hot and cold pages in cache
aiming to reduce page faults. Secondly, the algorithm should have efficient implementa-
tion meaning that it should use a constant and small amount of memory to store the
history per page in the cache. Specially, in the memory-constrained systems such as,
mobile handheld devices, the algorithm does not have the luxury to consume large space
to store history of pages enhancing memory waste. Thirdly, a smart page replacement
algorithm should be free from any unrealistic assumptions and must adapt to the dynam-
ics of the reference string in order to reduce page faults. Although the cache paging
algorithms have been studied extensively, most of the page replacement algorithms are
based on a set of static policies and assumptions about the page access probability
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[8][11]. We argue that a realistic and efficient approach to employ dynamic adaptation
in cache paging algorithms should be free from strict assumptions about the probability
distribution of reference string and may employ fuzzy inference technique. According to
the fuzzy inference theory, we say that there should be much fine-grained and multilevel
in between hot and cold categories of pages. Hence, the page replacement decisions
should also be based on multilevel adaptive strategies and not on any fixed scheme. This
paper proposes a novel algorithm for cache paging named Fuzzy Adaptive Page Re-
placement (FAPR), which employs adaptive rule-based fuzzy inference technique. We
are interested in the systems having very low cache to disk capacity ratio meaning
memory constrained environments. It is shown that the FAPR algorithm performs sig-
nificantly better than the other commonly used algorithms under memory constraints.
The main distinguishing characteristics of the FAPR algorithm are given below.

FAPR does not assume any condition on the reference string distribution.
It is independent of any predetermined and empirically tuned control parameters
such as, page size, segment size, eviction point etc.
FAPR does not statically segment the cache space with fixed logical boundaries.
The algorithm allows pages to move across segments in any direction depending
on access pattern.
It uses page replacement decision based on fuzzy inference based on an adaptive
rule-base comprised of multiple parameters.
FAPR does not restrict the page replacement decision within any particular seg-
ment in the cache. Hence FAPR is not a biased algorithm while doing page re-
placements.
The algorithm maintains the history of pages in a small (in order of few bytes)
and constant amount of memory. FAPR does not store voluminous history of ex-
pired pages.
The FAPR algorithm performs significantly better than the other conventional al-
gorithms under a very low cache to disk capacity ratio.

We have simulated the FAPR algorithm for varying cache sizes under a set of differ-
ent input reference string patterns. We have imposed a fairly tight memory restriction on
the algorithm (cache to disk capacity ratio varies from 0.0002 to 0.03). It is observed
that FAPR algorithm utilizes the cache memory more efficiently exploiting the refer-
ence string patterns under memory constraints. In a uniprocess model, the FAPR algo-
rithm performs 3%-5% better than LRU and LFU for largely varying reference string
distributions. Specially, when the reference string is comprised of a combination of
asymmetrically distributed data reference locality patterns over the entire disk space, the
FAPR algorithm successfully reduces the page fault rate by 4%, 15% and 19% when the
cache to disk capacity ratios are 0.01, 0.02 and 0.03 respectively. Hence, the overall
performance improvement in FAPR is significant, and the algorithm effectively realizes
an adaptive behaviour for different kinds of string patterns denoting page access locali-
ties. However, the worst-case execution performance of FAPR is close to the perform-
ance of the LRU and LFU algorithms because of the lack of any program locality pat-
terns. We are currently investigating the response of the FAPR algorithm using trace
driven analysis methods and block prefetching. This paper is organized as follows.
Section 2 outlines the background works. Section 3 explains the FAPR algorithm. A
high-level pseudo code representation of the algorithm is included. Section 4 depicts the
comparative analysis of the algorithm. Section 5 describes the simulation methods and
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the obtained results. Graphical representations of the response of FAPR, LRU and LFU
algorithms are presented. Section 6 concludes the paper.

2 Background Works

A number of algorithms are developed for the cache and buffer managements in operat-
ing systems and in database systems. LRU and LFU are the two most widely used algo-
rithms because of simplicity and performance [17][20][21]. In real life, different proc-
esses may have different disk block access patterns [7]. The LRU policy is well adapt-
able to the changes in workload [20]. It is observed that the LRU and LFU gradually
reduce page faults with increased cache sizes under the narrow regions of program
locality. But, LRU performs poorly if processes have a clear reference string pattern in a
wide range [7]. A frequency based FSB algorithm is proposed to overcome the poor
performance of LFU [14]. The FSB partitions entire cache into three segments and
replaces pages from the “old” segment of the cache. The drawbacks of FSB are its de-
pendency of performance on the size of “middle” segment of the cache [16] and its
insensitivity to exploit the “hotness” of a page indicated by the access frequency [14].
Hence, the true dynamics of the reference string get missed in the course of time. The
IRM and LRUSM algorithms are based on the program locality patterns [8]. It is noted
that LRUSM is an LRU-stack model and does not capture the true dynamics of the
reference string [8]. The statistical estimation based LRU-K algorithm takes the page
replacement decision depending upon the time of K th-to-last non-correlated reference
to the block [18] [20]. However, LRU-K algorithm is not very adaptive and does not
combine page access frequency along with the recency in a unified manner [20]. It is
noted that LRU-K does not work well for the pages without significant differences of
reference frequencies [21]. Moreover, LRU-K is computationally expensive and en-
hances memory waste by keeping voluminous history of expired pages nonresident in
the cache [20][21]. The LRU-K algorithm uses Bayesian statistical estimations, which is
controversial in proving the validity of results [22]. The ARC cache replacement
scheme tries to adapt to the workload by using two LRU lists (L1, L2) and learning
techniques [27]. The list L2 maintains pages that are twice frequently accessed within a
short interval as compared to L1. However, ARC scheme enhances the memory con-
sumption twice that of the actual number of cache pages in memory. This is because
ARC needs to maintain two lists each having the lengths equal to the actual cache size
[27]. In addition, ARC does not try to detect the dynamics of the reference string by
applying multilevel decision threshold. The ARC scheme is dependent on the “recency”
and “frequency” parameters while controlling the cache replacement strategy. The 2Q
algorithm [19], like LRU-K, quickly removes cold pages from the cache when K is
small [20]. The downside of the 2Q is the empirically tuned static values of the control
parameters “Kin” and “Kout” [21]. These empirically tuned static values are also sensi-
tive to the types of workloads [21]. The EELRU is based on the recency of a page ac-
cess and uses LRU policy by default keeping MRU pages in a fixed cache partition [17].
The drawbacks of EELRU are the static assignment of LRU region and empirically
tuned eviction point. In addition, EELRU keeps the history of evicted pages in main
memory [17], enhancing memory waste. The performance gain by EELRU is not sig-
nificant as compared to LRU and performs poorly in some cases. The LIRS algorithm
[21] is based on the strict assumptions that there exists stability on the IRR block over
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certain time, and empirically chooses 1% of the total cache size as LIR hoping that there
is no cache-miss on the LIR segment. In a similar manner, the LRFU algorithm [20] is
based on a static weighing function and empirically selects the control parameters and
c. The performance of LRFU is only 3% better than 2Q. For the larger cache size and

the performance of LRFU degenerates to the LRU policy. However, aforesaid
algorithms do not employ the elegant approach of fuzzy rule-based adaptive strategy.
The fuzzy inference technique would be an attractive approach while applying dynamic
adaptive strategy in the cache paging algorithms.

3 Developing the Algorithm

3.1 The Model

In this section, we establish a basic model considering a set of processes and associated
reference strings. It is assumed that disk blocks are cached in a finite amount of pages in
main memory. The executing processes generate a sequence of references to disk blocks
known as a reference string. Let us consider a set of active processes,
during the interval time t, in which the level of multiprocessing is defined by
[d=d(t)][8]. The reference string generated by A in a variable time space T is,

where n is the number of elements in the input string.
In a practical situation the reference string sequence is not known a priori. Hence, it is
assumed that will be generated online. We segment into equal intervals of
denoted by such that, Hence, for any
either or The pages in the disk cache are con-
sidered as a set of elements V such that for a sufficiently large t. At any instant

V may consist of three partitions such that,
i=0,1,2 and and The and are
formed dynamically at any instant whenever there will be a page reference made
by a process. For every there exists an ordered tuple representing the properties
associated with Two such property sets are, and

where N is a set of natural numbers, representing dynamic priority or weight
assigned to at any and the total number of references made to in respec-
tively. A relation is defined as, such that for any ordered tuple
and if then, within any

and We impose no restriction on cardinalities of and If a function,
represented as evaluates the cache hit for some and is the priority in

then the value of for the newly incoming page in is governed by the
following function definitions:

The performance of the FAPR, LRU and LFU algorithms are measured in terms of a
normalized page fault rate referred to as “%page fault”.
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3.2 The Adaptive Rule-Base

In this section we develop the fuzzy logic based adaptive rule-base. Fuzzy logic is a part
of fuzzy set theory, and has proven industrial applications. The fuzzy inference tech-
nique is an attractive solution and beneficial for the systems characterized by uncer-
tainty and vagueness [23][24]. In our case, the probability distribution of the randomly
varying reference string is not well known in advance. Hence, application of the fuzzy
logic based adaptive inference technique in the cache paging algorithm would be an
attractive approach. For the sake of simplicity of understanding, let the symbols H, M
and L denote and and B = {H, M, L}. The input vector to the fuzzyfier is repre-
sented by where, and We call “cache hit” if

and “cache miss” if Let, The fuzzy membership function is
defined as, The two sets of fuzzyfied output of I are shown in Figure 1.1
and Figure 1.2. The characteristic of the fuzzy membership function is shown in Figure
2. Rather than marking the binary “hot” and “cold” states of the pages, the fuzzyfier
distinguishes five different states of the pages in cache such as, “very cold”, “cold”,
“medium”, “hot” and “very hot” states.

Fig. 1.1. Membership Table for Fig. 1.2. Membership Table for

Fig. 2. Characteristics of the Fuzzy Membership Functions.

The linguistic variables denoting the five states of a page, to formulate the fuzzy im-
plications, are defined as, E1=0.1, E2=0.3, E3=0.5, E4=0.6 and E5=0.9 representing the
states of cache pages varying from “very cold” to “very hot” respectively. The values of
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E1, E2 and E3 increase in the step of 0.2 denoting increasing membership of a page to
the “hotness”. However, the value of E4 is chosen with a lower incremental step of 0.1
putting the “medium” and “hot” pages in a close proximity. Otherwise, the membership
of “very hot” pages is valued at E5 = 0.9 having a highest step increment of 0.3. For all

in V, the set of actions performed by the algorithm is defined as,

and The adaptive rule-base created by
the fuzzy implications based on actions A1 to A8, state of and linguistic variable 
values (E1 to E5) is shown in Figure 3.

Fig. 3. The Adaptive Rule-Base.

The FAPR algorithm uses the adaptive rule-base while doing cache update and page
replacement operations. On the events of cache hit and cache miss, the cache is reparti-
tioned and priority values are updated according to the rules described in the rule-base.
In the next section, the high level description of the algorithm is presented.

3.3 Description of the Algorithm

In this section, the description of FAPR algorithm is presented. We have divided the
entire cache space (C) into three dynamic and logical partitions named H, M and L as
shown in Figure 4. The reference string is logically divided into sequence of intervals.
The length of an interval is chosen as where “cache_length” repre-
sents the cache size. Every page in the cache is assigned three parameters such as, “Pri-
ority”, “Partition” and “Count”. The “Priority” value is one of the page replacement
decision parameters dynamically calculated according to the function described in sec-
tion 3.1.

Fig. 4. General Structure of Cache and Page (p) Movements.
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The “Priority” value of a page indicates the “hotness” of a page based on recency and
determines the resident partition of the page in cache. The duration of an interval is
chosen 25% of the cache size to incorporate fast adaptation by recalculating “Priority”
values periodically. The “Partition” and “Count” represent the current partition and
access frequency of a page. The algorithm keeps track of the number of cache hits
(“cur_hit” and “prev_hit”) in two consecutive intervals and determines the priority of
pages (“boost”) in the next interval through online approximation. The default value of
the page priority is set to 1/3 of cache size because the cache has three partitions. A
newly incoming page is placed in the partition H to allow it to stay in the cache for the
next interval, and assigned the priority value as calculated at that point of time. If this
page is not re-accessed in the next sequence interval then it becomes an aging page. The
priority and partition of residency of aging pages change according to the adaptive rule-
base while doing cache update and page replacement operations. Based on the state of a
page, the movement of a page (p) across the dynamic partitions can be in both directions
as shown in Figure 4. A page (p) can move between segments H, M and L, as shown by
dotted arrows in Figure 4, depending on the page access patterns. The cardinalities of H,
M and L may vary over time based on the page population dynamics in those segments.
In other words, depending on the movement of pages, the length c1, c2 and c3 may vary
over time. The aging pages are repartitioned and the priority values are modified follow-
ing the adaptive rule-base. The page replacement decision is hierarchical based on Prior-
ity, Partition and Count values of pages. The FAPR algorithm is not confined to any
particular partition for the page replacement operation. It tries to find a victim page with
the minimum priority and count in partition L, M and H. The order of selecting a victim
for replacement decreases according to its residency in L, M and H partitions respec-
tively. Hence, depending on the dynamics of the reference string, the page replacement
can happen in one of the three partitions depending on the availability of a victim. If
multiple pages have the same access frequency (priority) then the page with the mini-
mum priority (access frequency) is selected for replacement. Otherwise, the tie is bro-
ken arbitrarily in case of the equality in all respect amongst two pages. In the pseudo
code representation of FAPR algorithm, the “CacheSearchUpdate(Page)”, “Select-
Page(L, M, H)”, “FireRule(Page, Cache_Event)” and “InsertPage(Page, Count, Parti-
tion, Priority)” procedures implement cache search/update, page replacement, firing
fuzzy adaptive rules and the new page insertion operations respectively. In the worst-
case execution, the entire cache search and partitioning can be done in O(V) without
committing a costly cache rearrangement for every request as necessary in the case of
LRU [13]. The algorithm is presented in pseudo code shown in Figure 7.

4 Comparative Analysis

It should be noted that the buffer management algorithms in database area make use of
information deduced from query optimization plans [20]. However, such information is
not applicable in virtual memory systems and disk caching by file systems. Hence, the
buffer management algorithms are only comparable in the domain of database systems
[20] and not in the domain of operating systems. The LRU and LFU are the two most
widely used paging algorithms because of simplicity and performance [17][20][21].
LFU suffers from a misleading temporary program locality indicated by the reference
string. Although FSB overcomes such problem, but FSB is prone to the performance
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unpredictability due to its assumption of a large middle segment in the cache and the
dependence of its performance on the block size. The FSB policy does not fully exploit
the reference locality information provided by the page count. The LRU-SP combines
access recency and frequency information of a page to take replacement decision, but
does not provide adaptive replacement scheme. The EELRU applies LRU policy by
default without significant performance improvement and sometime performs poorly in
comparison to LRU [17]. The pitfalls of EELRU are the assumptions of the static page-
access recency behaviour over time and the maintenance of a static LRU segment in the
cache. Hence, EELRU algorithm can be viewed as a blind or unfair adaptive policy,
which is unrealistic in multiprocess execution. Another drawback of EELRU is that the
early eviction point (e) and late region (M) are chosen statically. In another case, the 2Q
algorithm employs LRU policy in the “Am” queue [19]. The experiments on real data
from DB2 trace show that the performance difference between LRU, 2Q and LRU-2 are
often below 5% [19] and the performances become comparable with large cache size.
The “Kin” and “Kout” control parameters of 2Q algorithm are predetermined, empiri-
cally tuned, and are sensitive to the types of workloads [21]. Hence, 2Q is not an adap-
tive algorithm. Additionally, the 2Q algorithm is memory intensive and complex [21].
The LRU-K replacement policy is based on the time of the K th-to-last non-correlated
reference to a page in cache. The LRU-K uses Bayesian statistical estimation to calcu-
late the probability of accessing a page but the validity of estimation is a subject of
controversy because Bayesian estimation depends on the prior distribution, which can-
not be estimated statistically [22]. The LRU-K, K>2, is less responsive to the changes in
page access patterns [18]. Hence, LRU-K may not adapt in a highly dynamic multiproc-
essing system where the reference string variation is not stable. The LRU-K algorithm
uses strict assumptions about the unchanged page access probability over the length of
the reference string, and that each disk page has a well-defined probability determining
the next reference [18]. Additionally, LRU-K algorithm does not admix the page access
recency and frequency values in a unified manner [20]. It retains voluminous history of
removed pages in the main memory [18]. Hence, LRU-K is the memory intensive, non-
adaptive algorithm, and do not improve performance consistently [20][21]. Similarly,
the LRFU algorithm is also based on a static weighing function and empirically chosen
controlling parameters such as, and c. In a same way, the LIRS algorithm assumes the
stability on the IRR of a block over time and statically allocates 1% of the cache space
as LIR [21]. The ARC cache replacement scheme tries to employ adaptive strategy
based on two LRU lists and enhances the memory-resource consumption twice that of
the actual cache size [27]. In addition, the cache replacement decision in ARC is de-
pendent on “recency” and “frequency” parameters. The ARC does not employ fine-
grained page replacement scheme by employing multi-valued logic and fuzzy inference
technique.

The majority of the algorithms discussed above do not use dynamic adaptation free
from any assumptions. Unlike static policy based LRU, LFU, LRFU, 2Q, FSB and
others, the proposed FAPR algorithm employs an adaptive rule-based fuzzy inference
technique. The page replacement decision is hierarchical based on multiple parameters.
In contrast to the EELRU, 2Q and FSB algorithms, FAPR algorithm does not assume
any restriction or condition on the segment sizes, block sizes, eviction point and perma-
nent-page-residency in the cache. Unlike LRFU, LRU-K, 2Q and EELRU policies, the
FAPR algorithm does not employ any pre-estimated and empirically tuned control pa-
rameters. The FAPR algorithm modifies a set of controlling parameters online based on
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reference string patterns. In contrast to EELRU, FSB and 2Q, the page replacement
decision in FAPR algorithm is not confined in any particular segment in cache. Hence,
FAPR is not an unfair or blind adaptation. In contrast to FSB and EELRU algorithms,
the FAPR algorithm allows the pages in the cache to move in different partitions in any
direction depending on their history. The FAPR algorithm employs an opportunistic
adaptive strategy while determining the priority value of a page. The algorithm later,
while taking the page replacement decision, uses the priority value. Unlike LRU-K,
ARC and EELRU, the FAPR algorithm maintains the history of pages in a small (in
order of few bytes) and constant amount of memory. FAPR does not store the volumi-
nous history of expired pages and unlike ARC, the FAPR algorithm does not need the
memory space twice that of actual cache size. In contrast to the LRU-K algorithm,
which uses strict assumptions on the page access probability distribution, FAPR does
not depend on any such assumptions. In contrast to ARC, the FAPR algorithm catego-
rizes cache pages into five different states and applies adaptive strategy based on fuzzy
inference technique. It is worth mentioning that maintaining histories for the individual
pages in the cache only requires amount of memory, where n is in the order of a
few bytes. In addition, the worst-case computational complexity for the search and
update operations is O(V).

5 Simulations and Results

LRU is one of the most popular caching algorithms [8]. It is widely used in virtual
memory system and file cache because of the efficiency and simplicity [17][21]. The
advantage of LRU algorithm is that it adapts well to the workload variations compared
to other algorithms [20]. In a complementary case, LFU is non-adaptive. We have simu-
lated the LRU, LFU and FAPR algorithms in C language under Windows 2000 for
comparative studies. We have investigated the performance of the FAPR algorithm
under a large variety of load distributions in a memory-constrained environment. The
environment of the simulation experiment consists of a 20 MB hard disk and a variable
cache size having 600KB at maximum. The disk cache consists of 4KB pages in main
memory. This means that the disk contains 5000 blocks, and the cache contains 150
pages at maximum. We have used a fairly low cache to disk capacity ratio to emulate a
memory constrained environment. The cache to disk capacity ratio hence varies from
0.0002 to 0.03. In our experiments, the cache length varies from 1 to 150, representing
different memory constraint phases. Often it happens that some of the disk blocks are
frequently referenced due to program locality, whereas some of the disk blocks are
rarely accessed in any execution. In other cases the access pattern may appear to be very
random. The property of normal probability distribution function is that it is a good
approximation of a random variable having no specifically known distribution pattern
[25]. In addition, the normal distribution function is used when the randomness is
caused by independent sources acting additively [26]. The probability distribution of the
disk block access pattern would not be known in any given form a priori and hence, any
particularly chosen probability distribution function might not be suitable. However, the
central limit theorem indicates that the normal distribution may act as a good approxi-
mation for the random variable with unknown distribution [25]. Hence, in a very long-
term execution scenario, the entire reference string generated by processes over the disk
space can be approximately modeled using a normal probability distribution function.
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The input reference strings having small, medium and large variances respectively
within normal distribution represent different locality patterns of block access. The
reference string generated by multiple processes will exhibit asymmetrically distributed
locality patterns over the disk space. Hence, we have modeled such scenarios using a
combination of normal distributions with a set of different means and variances. The
simulation is accomplished in two phases. The first phase depicts a single process exe-
cution scenario as described below and it uses an input reference string length equal to
50000:

Experiment I(a): This experiment tries to catch the responses of the algorithms
under a narrow region of program locality. We have used an input string with a
small mean/variance equal to 2500/50.
Experiment I(b): This experiment is designed to understand the algorithmic re-
sponses under moderately and widely varying program locality patterns. The
mean/variance is set to 2500/150.
Experiment I(c): In this experiment we have used very widely varying program
locality patterns with the mean/variance equal to 2500/750.

1.

2.

3.

Fig. 5. Results of Experiments I(a), (b) and (c). M: Probability distribution. N: %Page fault.

The responses of the FAPR, LRU and LFU algorithms are given in Figure 5. The
right hand side figures compare the page fault percentage of FAPR with LRU and LFU,
while the left hand side figures show the corresponding probability density distributions
of the reference string. It is evident from the results shown in Figure 5 that the FAPR
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algorithm performs better than LRU and LFU by reducing the page faults by 3%-5% on
average over considerably large reference string sizes. It indicates that FAPR is more
successful in adapting to the reference string pattern than the other candidates under a
low cache to disk capacity ratio. In a more practical situation, the execution environ-
ment will be multiprocessing. Hence, the reference string pattern would exhibit multiple
program localities asymmetrically distributed over the disk space along with some se-
quential access patterns. In yet another case the entire disk access pattern would be very
random with no program locality pattern available. The second phase of our experiment
simulates these situations under the same memory constraints as described above. This
set of experiments is described below:

Experiment II: In this experiment we have combined four different normal
probability distribution functions to simulate multiple program localities of vari-
ous degrees. The reference string size is 200000. The combinations of mean and
variance are: 1000/25; 2000/150; 3000/250; 4000/50.
Experiment III: This experiment simulates the worst case where the reference
string is very random and scattered over the entire disk space. We have used a
uniformly distributed reference string of size 50000.

4.

5.

Fig. 6. Results of Experiments II and III. M: Probability distribution. N: %Page fault.

The responses of the three algorithms are given in Figure 6. Again, the right hand
side figures compare the page fault percentage of FAPR with LRU and LFU, while the
left hand side figures show the corresponding probability density distributions of the
reference string. In experiment II the reference string is comprised of a combination of
asymmetrically distributed data reference locality patterns over the disk space. The
FAPR algorithm successfully reduces the page fault rate by 4%, 15% and 19% com-
pared to LRU and LFU when the cache to disk capacity ratios are 0.01, 0.02 and 0.03
respectively. Hence, the overall performance improvement of FAPR is significant. It is
demonstrated through our simulation that the FAPR algorithm efficiently utilizes the
available disk cache under a low cache to disk capacity ratio. It is evident from the re-
sult of experiment II that, in the tight memory constraint environment, FAPR outper-
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forms the other algorithms. As experiment III shows, the worst-case execution perform-
ance of FAPR is close to the performances of LRU and LFU due to of the lack of any
true program locality patterns to be adapted to.

Fig. 7. The Pseudo Code of the FAPR Algorithm.
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6 Conclusions

This paper has presented the design and simulation of a novel page replacement algo-
rithm, called FAPR. The FAPR algorithm is designed as a history based adaptive algo-
rithm incorporating a fuzzy rule-base. The FAPR algorithm is independent of any pre-
determined internal parameters such as, cache segment size or block size etc. The FAPR
algorithm does not assume any unrealistic external conditions such as, specific probabil-
ity distribution of reference string and empirically tuned control parameters having
static values. The page replacement decision in FAPR is hierarchical, and is dependent
on three parameters denoting the reference string pattern. In cases where memory is
limited, the FAPR algorithm utilizes the available cache memory more effectively man
other commonly used page replacement algorithms. We have considered a low range of
cache to disk capacity ratio, varies from 0.0002 to 0.03. In the case of largely varying
data access locality patterns in a uniprocess model, the FAPR algorithm performs 3%-
5% better than the LRU and LFU algorithms over a range of cache sizes. In the case of
multiple access locality patterns asymmetrically distributed over the disk space, the
FAPR outperforms the LRU and LFU algorithms by reducing page faults by 4%, 15%
and 19% when the cache to disk capacity ratios are 0.01, 0.02 and 0.03 respectively.
Hence, the overall performance improvement in FAPR is significant, and the algorithm
effectively realizes adaptation for different kinds of string patterns denoting access
localities. In addition, the worst-case execution performance of FAPR is approximately
equal to the average performance of the conventional algorithms like LRU and LFU due
to the lack of any pattern embedded within the reference string. The FAPR algorithm is
comparatively inexpensive because it does not try to compute expensive statistical esti-
mations or lengthy numerical calculations on a long sequence on every access. The
memory requirement of FAPR to store the history per page in the cache is constant and
considerably smaller than the other algorithms. We are currently investigating the re-
sponse of the FAPR algorithm using trace driven analysis methods and block prefetch-
ing.
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Abstract. Digital signal processing applications are implemented in
embedded systems with fixed-point arithmetic to minimize the cost and
the power consumption. To reduce the application time-to-market,
methodologies for automatically determining the fixed-point specifica-
tion are required. In this paper, a new methodology for optimizing the
fixed-point specification in the case of software implementation is de-
scribed. Especially, the technique proposed to select the data word-length
under a computation accuracy constraint is detailed. Indeed, the latest
DSP generation allows to manipulate a wide range of data types through
sub-word parallelism and multiple-precision instructions. In compari-
son with the existing methodologies, the DSP architecture is completely
taken into account to optimize the execution time under accuracy con-
straint. Moreover, the computation accuracy evaluation is based on an
analytical approach which allows to minimize the optimization time of
the fixed-point specification. The experimental results underline the ef-
ficiency of our approach.

1 Introduction

Most digital signal processing algorithms are specified with floating-point data
types but they are finally implemented into fixed-point architectures to satisfy
the cost and the power consumption constraints of embedded systems. To reduce
the embedded system time-to-market, high-level development tools are required
to automate some tasks. The manual transformation of floating-point data into
fixed-point data is a time-consuming and error prone task. Indeed, some experi-
ments [8] have shown that this manual conversion can represent up to 30% of the
global implementation time. Thus, methodologies for the automatic transforma-
tion of floating-point data into fixed-point data have been proposed [12] [26].

For Digital Signal Processors (DSP), the aim is to define the optimal fixed-
point specification which maximizes the accuracy and minimizes the size and the
execution time of the code. Existing methodologies [13] [26] achieve a floating-
point to fixed-point conversion leading to an ANSI-C code with integer data
types. Nevertheless, the different elements of the target DSP are not taken into
account for the process of fixed-point data coding. The analysis of the architec-
ture influence on the computation accuracy underlines the necessity to take into
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account the DSP architecture to obtain an optimized fixed-point specification.
Particularly, the different data types supported by the latest DSP generation
offer an opportunity to make a trade-off between the computation accuracy and
the code execution time.

In this paper, a new global methodology for the implementation of floating-
point algorithms into fixed-point processors under accuracy constraint is pre-
sented, and especially, the stage of data word-length selection is detailed. Firstly,
the available methodologies for the fixed-point conversion are presented in sec-
tion two. After a review of the different datapath elements in a DSP which
influence the computation accuracy, the fixed-point conversion methodology is
presented in section four. In section five, the data word-length determination
stage is detailed. Finally, some experimental results obtained on different appli-
cations are given.

2 Related Work

In this section the different available methodologies for the automatic implemen-
tation of floating-point algorithms into fixed-point architectures are presented.
These methodologies achieve the floating-point to fixed-point transformation at
a high-level (source code).

The FRIDGE [11] methodology developed at the Aachen University achieves
a transformation of the floating-point C source code into a C code with fixed-
point data types. In the first step called annotations, the user defines the fixed-
point format of some variables which are critical in the system or for which the
fixed-point specification is already known. Moreover, global annotations can be
defined to specify some rules for the entire system (maximal data word-length,
casting rules). The second step called interpolation [25][11] corresponds to the
determination of the integer and fractional part word-length for each data. The
fixed-point data formats are obtained from a propagation rule set and the pro-
gram control flow analysis. This step leads to an entire fixed-point specification of
the application. This description is simulated to verify if the accuracy constraint
is fulfilled. The commercial tool CoCentric Fixed-point Designer proposed by
Synopsys is based on this approach.

In [26], a method called embedded approach is proposed for generating an
ANSI-C code for a DSP compiler from the fixed-point specification obtained
previously. The data (source data) for which the fixed-point formats have been
obtained with the technique presented previously, are specified with the avail-
able data types (target data) supported by the target processor. The freedom
degrees due to the source data position in the target data allow to minimize the
scaling operations. This methodology allows to achieve a bit-true implementa-
tion in a DSP of a fixed-point specification. But the fixed-point data formats are
not optimized according to the target processor and especially according to the
different data types supported by this processor.

The aim of the tool presented in [13] is to transform a floating-point C source
code into an ANSI-C code with integer data types to be independent of the target
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architecture. Moreover, a fixed-point format optimization is done to minimize the
number of scaling operations. Firstly, the floating-point data types are replaced
by fixed-point data types and the scaling operations are included in the code.
The scaling operations and the fixed-point data formats are determined from the
dynamic range information. The reduction of scaling operation number is based
on the assignation of a common format to several relevant data allowing the
minimization of the scaling operation cost function. This cost function depends
on the processor scaling capacities. For processor with a barrel shifter, the scaling
operation cost is equal to one cycle, otherwise the number of cycles required for
a shift of bits is equal to cycles.

In this methodology, the scaling operations are minimized. But, the code
execution time is not optimized under a global accuracy constraint. The accu-
racy constraint is only specified through the definition of a maximal accuracy
degradation allowed for each data. Moreover, the architecture model used for
the scaling operation minimization does not lead to an accurate estimation of
the scaling operation execution time. For processor based on a specialized ar-
chitecture, the scaling operation execution time depends on the data location
in the datapath. Furthermore, for processors with instruction-level parallelism
capacities, the overhead due to scaling operations depends on the scheduling
step and can not be easily evaluated before the code generation process.

These two methodologies achieve a floating-point to fixed-point transforma-
tion leading to an ANSI-C code with integer data types. Nevertheless, the differ-
ent target DSP elements are not taken into account for the fixed-point conver-
sion. Especially, the opportunities offered by DSPs, able to manipulate a wide
variety of data types, are not exploited.

3 Digital Signal Processor Architecture

DSP architectures are designed to compute efficiently the arithmetic operations
involved in digital signal processing applications. Different elements of the dat-
apath influence the computation accuracy as described in [17]. The most im-
portant element is the data word-length. Each processor is defined by its native
data word-length which is the word-length of the data that the processor buses
and datapath can manipulate in a single instruction cycle [14]. For most of the
fixed-point DSPs, the native data word-length is equal to 16 bits. For ASIP (Ap-
plication Specific Instruction-set Processor) or some DSP cores like the CEVA-X
and the CEVA-Palm [20](CEVA), this native data word-length is customizable
to fit better the architecture to the target application. The computation accuracy
is linked to the word-length of the data which are manipulated by the operations
and depends on the kind of instructions which are used for implementing the
operation.

DSPs allow through classical instructions, the achievement of a multiply ac-
cumulate (MAC) operation without lost of information, by providing a double
precision result. The adder and the multiplier output word-lengths are equal
to the double of the native data word-length. Nevertheless, the data dynamic
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range increase due to successive accumulations can lead to an overflow. Thus,
some DSPs extend the accumulator word-length by providing guard bits. These
supplementary bits allow the storage of the additional bits generated during
successive accumulations.

Many DSPs support multiple-precision arithmetic to increase the computa-
tion accuracy. In this case, the data are stored in memory with a more important
precision. The data word-length is a multiple of the natural data word-length.
Given that multiple-precision operations manipulate greater data word-length, a
multiple-precision operation is achieved with several classical operations. Conse-
quently, the execution time of this operation is greater than the one of a classical
operation.

To reduce the code execution time, some recent DSPs allow the exploitation of
the data-level parallelism by providing SWP (Sub-Word Parallelism) capacities.
An operator (multiplier, adder, shifter) of word-length N is split to execute

operations in parallel on sub-word of word-length This technique can
accelerate the code execution time up to a factor Thus, these processors
can manipulate a wide diversity of data types as shown in table 1. In [6], this
technique has been used for implementing a CDMA synchronisation loop in the
TigerSharc DSP [2]. The SWP capacities allow to achieve 6,6 MAC per cycle
with two MAC units.

4 Fixed-Point Conversion

A new methodology for the implementation of floating-point algorithms into
fixed-point DSPs under accuracy constraint has been proposed in [15]. In our
methodology, the determination and the optimization of the the fixed-point spec-
ification are directed by the accuracy constraint. Moreover, the DSP architecture
is completely taken into account. The code generation and the fixed-point con-
version process are coupled to obtain an optimized fixed-point specification. The
different phases of our methodology are presented in figure 1.
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Fig. 1. Framework structure.

First, the floating-point C source algorithm is transformed with the SUIF
front-end, into an intermediate representation (IR) described as a Control Data
Flow Graph (CDFG). The first stage of the methodology, corresponding to the
data dynamic range evaluation, is based on an analytical approach. A combi-
nation of the L1 and Chebychev norms [21] and the results of the arithmetic
interval theory [9] allows to determine the data dynamic range in non-recursive
systems and in recursive linear time-invariant systems.

The results obtained are used for the determination of the data binary-point
position to avoid overflows. For the different application DFGs (Data Flow
Graph), the binary-point positions are determined during the DFG traversal
from the sources to the sinks. For each data and operator, a rule is applied for
determining the position of the binary-point. This approach enables to manage
adder with guard bits. In this stage, the scaling operations required to obtain a
valid fixed-point specification are inserted.

The third stage corresponds to the data word-length determination to obtain
a complete fixed-point format for each data. It is detailed in section five.

Finally, the scaling operation localization are optimized to minimize the code
execution time as long as the accuracy constraint is fulfilled. The execution time
is modified through the scaling operation moving. This stage aim is to find
the scaling operation location which allows to minimize the execution time and
to fulfill the accuracy constraint. Given that the instruction level parallelism
is limited for conventional DSPs, the scaling operation execution time can be
estimated from the execution time of the instructions used for implementing
this operation. For processors with instruction level parallelism, the execution
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time estimation must be coupled with the scheduling stage to take account of
the partial instructions which are executed in parallel. The back-end of the
compilation infrastructure is based on a retargetable code generation tool [4].

The determination and the optimization of the fixed-point specification are
made under accuracy constraint. The accuracy is evaluated trough the Signal to
Quantization Noise Ratio (SQNR) metric. An analytical method [18] that en-
ables to obtain automatically the SQNR expression from the application CDFG
is used in this flow.

5 Data Type Determination

In the fixed-point conversion design flow, each data type (word-length) is de-
termined to obtain a complete fixed-point format for each data of the CDFG.
This module must allow to explore the diversity of the data types available in
recent DSPs as explained in section three. To increase the computation accu-
racy, multiple-precision operations can be used. Nevertheless, the execution time
is more important. To reduce the computation execution time, data parallelism
can be exploited trough Sub-Word Parallelism operations in recent DSPs. Con-
sequently, the precision of the computation is reduced.

The main goal of the code generation process is to minimize the code execu-
tion time under a given accuracy constraint. Thus, our methodology selects the
instructions which will respect the global accuracy constraint and minimize the
code execution time. The methodology structure is presented in figure 2. Before
to start the optimization process, different stages must be achieved. They corre-
spond to the accuracy evaluation, the instruction selection and the application
execution time estimation.

Fig. 2. Structure of the data type determination process. This process is applied to
the CDFG obtained after the determination of the data binary-point positions.

5.1 Accuracy Evaluation

The most common used criteria for evaluating the computation accuracy is the
Signal to Quantization Noise Ratio (SQNR) [12] [10]. Traditional methods [5] [12]
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are based on fixed-point simulations. But these techniques lead to huge fixed-
point optimization time. Indeed, multiple simulations are needed for this opti-
mization process, since a new fixed-point simulation is required when any fixed-
point data format is modified. Thus, the methodology based on an analytical
method and proposed in [18], is used. It allows to determine automatically the
analytical expression of the Signal to Quantization Noise Ratio for a CDFG. In
a fixed-point system, the output quantization noise is due to the propagation of
the different noise sources generated during cast operations. The output noise
power expression is computed from the noise source statistical parameters and
the gain between the output and each noise source. For linear time-invariant sys-
tems, these gains are determined with the help of the transfer function concept.

The CDFG is made up of operations Let and be the word-length
and binary-point position of the operation operands. Let

and be the vectors specifying respectively
the word-length and the binary-point position of all CDFG operation operands.
The SQNR expression is obtained according to the vector and

5.2 Estimation of the Code Execution Time

DSP Processor Modelization. The processor is modelized by a Data Flow
(DF) instruction set. These instructions implement arithmetic operations and
data transfers between the memory and the processing unit. The instructions
are obtained from one or several instructions of the processor instruction set.
Each DF instruction is characterized by its function by its operand word-
length and by its execution time This execution time is obtained from the
processor model. For SWP instructions, the execution time is set to the proces-
sor instruction execution time divided by the number of operations achieved in
parallel. For the multiple-precision instructions, the execution time is the sum
of the execution time of the processor instructions used for implementing this
operation. A processor model example is presented in figure 3.a.

Execution Time Estimation. The aim of this section is to estimate the global
application execution time according to the instructions selected for each CDFG
operation. Nevertheless, the goal is not to obtain an exact execution time es-
timation but to compare and to select two instruction series. Thus, a simple
estimation model is used for evaluating the application execution time T. This
time T is computed from the execution time and the number of executions
of each operation as follows

This estimation method is based on the sum of the instruction execution
times and leads to accurate results for DSPs without instruction parallelism.
For DSPs with instruction level parallelism (ILP), this method does not take
account of the instructions executed in parallel. Nevertheless, this estimation



DSP Code Generation with Optimized Data Word-Length Selection 221

gives results which allow to compare efficiently two instruction series in the case
of processor with ILP.

For classical and SWP instructions, the gains due to the transformation (code
parallelization) of the vertical code into an horizontal one are closed. Indeed, the
two instruction series use the same functional units at the same clock cycles. The
difference lies in the functionality of the processor unit. For SWP instructions,
the functional units manipulate fractions of word instead of the entire word.

A multiple-precision instruction corresponds to a serie of classical instruc-
tions. Thus, in the best case and after the scheduling stage, the multiple-precision
instruction execution time can be equal to the execution time of the classical
precision instructions. In this case, the classical operations must be favored if
the precision constraint is fulfilled to reduce the data memory size. Therefore,
the multiple-precision instruction execution time is set to the maximal value to
select these multiple-precision instructions only if the classical instructions can
not fulfill the precision constraint.

This approach for the code execution time estimation can be improved with
more accurate techniques such as those presented in [7] [22].

5.3 Data Word-Length Optimization

For each CDFG operation the different instructions, which allow to achieved
are selected. Let be the set specifying the instructions selected for the

operation Let be the set specifying all the word-lengths which can be taken
by the operation operands. Thus, for each operation the optimal word-
length which allows to minimize the global execution time and
to respect the minimal precision constraint must be selected. Consequently, the
application execution time is minimized as long as the accuracy constraint

is fulfilled as described in equation 2. This optimization process is
illustrated with a FIR filter example in figure 3.

Given that the number of values for each variable is limited, the optimiza-
tion problem can be modelized with a tree and a branch and bound algorithm
can be used to obtain the optimized solution. This technique leads to an expo-
nential optimization time. Consequently, the success of this approach is based on
the limitation of the search space. Four techniques presented in the next section
are used for limiting the search space.

5.4 Search Space Limitation

Instruction Combination Restriction. The modelization of this optimiza-
tion problem with a tree allows to enumerate exhaustively all the solutions.
Nevertheless, all the instruction combinations are not valid. For illustrating this
problem, an example is presented in figure 4. The operation inputs and output
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Fig. 3. Modelization of the data word-length optimization process for a FIR filter. (a)
Modelization of the processor data flow instructions (b) FIR filter Data Flow Graph
(c) Modelization with a tree of the different solutions of the optimization problem.

are annotated with their fixed-point format. Given that the operation input
is the result of the operation the number of bits for the fractional part of
the input can not be strictly greater than the number of bit for the fractional
part of the output. Thus, the instruction tested for the operation is valid
if the following conditions are fulfilled

If the conditions 3 are not respected, the exploration of the subtree is stopped
and a new instruction is tested for the operation This technique allows to
reduce significantly the search space.

Fig. 4. Data flow example.

Partial Solution Evaluation. In the branch-and-bound algorithm, the partial
solutions are evaluated to stop the tree exploration, if they can not lead to the
best solution.

At the tree level the exploration of the subtree induced by the node repre-
senting can be stopped if the minimal execution time which can be obtained
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during the exploration of this subtree is greater than the minimal execution time
which has already been obtained. Given that only the word-lengths to are
defined, the minimal execution time is determined by selecting for the operation

the instruction with the minimal execution time In most
of the case, it is equivalent to select for the operation the instruction with
the minimal operand word-length In this case, for each tree level the
following relation is obtained

At the tree level the exploration of the subtree induced by the node represent-
ing can be stopped if the maximal SQNR which can be obtained during the ex-
ploration of this subtree is lower than the precision constraint The
SQNR maximal value is obtained by fixing the word-lengths
to their maximal values. Indeed, given that the SQNR is a monotonous and
rising function, the SQNR maximal value is obtained for the maximal operand
word-length Thus, for each tree level the following relation is obtained

Node Evaluation Order. This optimization technique based on a tree explo-
ration is sensitive to the node evaluation order. To find quickly a good solution
for reducing the search space, the variables with the most influence on the op-
timization process must be evaluated first. The variables are sorted by their
influence on the global execution time and the SQNR.

Reduction of the Number of Values per Variable. For applications with
a great number of variables, the optimization time can become huge. To obtain
reasonable optimization time, the optimization is achieved in two steps. Firstly,
the variables corresponding to the data word-length are considered as positive
integer numbers and a classical optimization technique is used for minimizing the
code execution time under accuracy constraint. Let be the optimized solution
obtained with this technique for the variable Secondly, the technique based on
the branch-and-bound algorithm presented previously is applied with a reduced
number of values per variable. For each variable only the values which are
member of and immediately higher and lower than are retained. Thus
only, two values are tested for each variable and the search space is dramatically
reduced.

6 Experiments

6.1 Complex Correlator

The complex correlator application is used for the de-spreading operation in
a CDMA receiver [19]. It achieves the correlation between a complex signal
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and a complex code In this experiment, the complex correlator characteristic
is determined for the TMS320C64x architecture model.

This characteristic defines the optimized execution time obtained for a given
SQNR constraint. It allows to analyse the trade-off between the execution time
and the computation accuracy offered by the processor. The results are pre-
sented in figure 5. This characteristic is obtained by applying our word-length
optimization method for different SQNR constraints. Each point of the
curve represents the optimized execution time ob-
tained for the SNQR constraint This experiment has been achieved with
no constraint on the data types for the application input and output. The ex-
ecution time is normalized with the execution time obtained with a classical
implementation called implementation 2.

Fig. 5. (a) Complex correlator characteristic For each SQNR
constraint the optimized execution time is reported. (b) Data Flow
Graph for the correlator real part computation (c) Details of the different particular
implementations obtained for the complex correlator characteristic.

The curve evolves by stage. The fixed-point specifications associated with
each particular implementation are detailed in the table presented in figure 5.c.
The implementations 1, 2 and 4 are based on the same structure. The data are
stored in memory with bits. The multiplication leads to a result with bits
and the addition operand word-length is equal to For the implementations



DSP Code Generation with Optimized Data Word-Length Selection 225

1, 2 and 4, the word-length is respectively equal to 8, 16 and 32 bits. For the
implementation 3, the data are stored in memory with 32 bits and the addition
operand word-length is equal to 32 bits. Thus, the computations are achieved
on single precision with this implementation. It allows to reduce the application
execution time compare to the implementation 4. This characteristic underlines
the trade-off between the execution time and the computation accuracy obtained
for new DSP generation with SWP capacities. For the different implementations,
the optimization time is less than 8 seconds.

6.2 Second Order IIR Filter

The previous example underlines our methodology interest for DSPs with SWP
capacities. Nevertheless, this methodology can be used to implement applications
which require high precision into conventional DSPs. Indeed, this methodology
allows to select classical or multiple-precision instructions. For illustrating these
aspects, a second order Infinite Impulse Response (IIR) filter is implemented
into the DSP TMS320C54x.

The SQNR obtained with an implementation based on classical operations
is low (50 dB). To increase the computation accuracy, double precision oper-
ations are used. The characteristic obtained with the
TMS320C54x architecture model is presented in figure 6. The execution time
is normalized with the classical implementation (implementation 1) execution
time.

The implementation 2 leads to an interesting trade-off. For the implemen-
tations 1 and 2, the input and output filter word-lengths are equal to 16 bits.
Thus, the input and output fixed-point specifications of implementation 1 and 2
are identical. Nevertheless, the implementation 2 allows to increase the output
SQNR of 40 dB and leads to an execution time growth of only 60% compared to
implementation 1. For this solution, the recursive part of the filter uses double
precision operations and the data are stored in memory with 32 bits to limit
the accuracy loss. For the different implementations, the optimization time is
less than 5 seconds.

6.3 WCDMA Receiver

A more complex application, corresponding to a WCDMA rake receiver, has been
tested. This application is integrated into third-generation radio communication
systems (UMTS) [19]. This rake receiver is made up of a symbol estimation
part and a synchronization part [16]. Before to start the fixed-point conversion
process, the minimal precision constraint must be defined. The
SQNR minimal value is obtained with the technique detailed in [16] according
to the receiver performances evaluated through the Bit Error Rate (BER).

The methodology has been used to obtain the application fixed-point specifi-
cation. The target processor is the TMS320C64x high performance VLIW DSP.
The different scaling operations are moved towards the coefficients to reduce the
code execution time. The opportunities offered by the SWP instructions allow to
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Fig. 6. (a) IIR filter characteristic For each SQNR constraint
the optimized execution time is reported. (b) Data Flow Graph for

the IIR filter (c) Details of the different particular implementations obtained for the
IIR filter characteristic.

decrease significantly the code execution time. For the symbol estimation part,
the execution time is reduced from a factor of 3.5 compared to a solution based
only on classical instructions. For the synchronization part, the execution time
is divided by a factor of 3.1. The different techniques proposed for the limitation
of the search space allow to obtain an optimization time lower than 3 minutes
for this application.

7 Conclusion

In this paper, a new methodology for the implementation of floating-point al-
gorithms into fixed-point architectures under accuracy constraint has been pre-
sented. Compared to a manual based approach, this kind of tool enables to reduce
significantly the application time-to-market. The stage for the data word-length
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selection has been detailed. The aim of this phase is to select the set of instruc-
tions which allows to respect the global accuracy constraint and to minimize the
code execution time. The different techniques used to limite the search space
to obtain reasonable optimization time have been presented. The experiment
results show the different possible trade-offs between the accuracy and the exe-
cution time. Our method underlines the different opportunities offered by DSPs
with SWP capacities.
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Abstract. Echo Instructions have recently been introduced to allow embedded
processors to provide runtime decompression of LZ77-compressed programs at
a minimal hardware cost compared to other recent decompression schemes. As
embedded architectures begin to adopt echo instructions, new compiler tech-
niques will be required to perform the compression step. This paper describes a
novel instruction selection algorithm that can be integrated into a retargetable
compiler that targets such architectures. The algorithm uses pattern matching to
identify repeated fragments of the compiler’s intermediate representation of a
program. Identical program fragments are replaced with echo instructions,
thereby compressing the program. The techniques presented here can easily be
adapted to perform procedural abstraction, which replaces repeated program
fragments with procedure calls rather than echo instructions.

1 Introduction

For embedded system designers, the mandate to minimize costs such as memory size
and power consumption trumps any desire to optimize performance. For these rea-
sons, one approach that has prevailed in recent years has been to store the program in
compressed form on-chip, thereby reducing the size of on-chip memory. Decompres-
sion in this context may be performed either software or hardware. Software decom-
pression severely limits performance, whereas decompression in hardware requires
custom circuitry. If the goal is to minimize the total transistor count on the chip while
providing runtime decompression, then the savings in storage cost must dominate the
cost of the decompression circuitry. Echo Instructions [1] [2], introduced in 2002,
provide architectural support for the execution of LZ77-compressed programs while
requiring considerably less physical area than comparable hardware-based decom-
pression schemes. Echo instructions are therefore likely to become standard features
in embedded architectures within the next few years. To exploit echo instructions for
the purpose of reducing code size, new compiler techniques will be necessary.

This paper presents a novel instruction selection algorithm for retargetable com-
pilers that target architectures featuring echo instructions. This algorithm identifies
recurring patterns in a program’s intermediate representation and replaces them with
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echo instructions, thereby compressing the program. Echo instructions, unlike proce-
dure calls, do not require stack frame manipulation and parameter passing, and thus
allow a higher rate of compression. At the same time, replacement of identical code
sequences with echo instructions imposes additional constraints on the register alloca-
tor, which must assign registers, perform coalescing, and insert spill code in such a
way that the program fragments identified by the instruction selection algorithm are
mapped to identical code sequences in the final program. Identical code fragments
may then be replaced with echo instructions during final code emission.

The paper is organized as follows. Section 2 discusses related work. Section 3 de-
scribes our contribution: an instruction selection algorithm that is tailored to the task
of code compression using echo instructions. Section 4 describes our experimental
results and analysis, which we believe justifies our algorithms and approach. Section
5 concludes the paper.

2 Related Work

2.1 Echo Instructions and LZ77 Compression

Fraser [1] proposed the echo instruction to allow the runtime execution of programs
compressed using a variant of the LZ77 algorithm [3] that analyzes assembly code as
opposed to sequential data. The LZ77 algorithm compresses a character string by
identifying recurring substrings, which are replaced by pointers to the first occurrence
of the substring. Each pointer contains two fields expressed as a pair (offset, length),
which is assumed to be equivalent to a single character. Offset is the distance from
the pointer to the beginning of the first instance of the substring. Length is the num-
ber of characters in the substring. An example of LZ77 compression is shown in
Figure 1.

An echo instruction contains two immediate (constant-valued) fields: offset and
length, exactly like LZ77 compression. The basic sequence of control operations for
a sequential echo instruction is described as follows.

Branch to PC – offset
Execute the next length instructions
Return to the original call point

1.
2.
3.

Fig. 1. A string compressed using the LZ77 algorithm. Each pair (offset, length) is assumed to
comprise one character. In practice, the actual number of bits required to encode each pair
depends on the number of bits required to express the pointer and offset, as well as the number
of bits required to encode each specific character
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Echo instructions are quite similar to procedure calls, however there are several
stark differences. First and foremost, an echo instruction may branch to any arbitrary
location in instruction memory; procedure calls explicitly branch to the first statement
of the procedure body. Secondly, an echo instruction explicitly encodes the number
of instructions that will execute before execution returns to the call point; a procedure
call, in contrast, will continue to execute instructions until a return instruction that
terminates the body of the procedure is encountered. Third, the code sequences refer-
enced by two echo instructions may overlap. For example, repeated patterns may
overlap, as exemplified by patterns ABCDE and ABC in Figure 1. Under procedural
abstraction, these two patterns, despite their redundancy, require two separate subrou-
tine bodies; it should be noted that ABCDE could call ABC as a subroutine itself.
Finally, the echo instruction is a single branch, whereas each procedure call will in-
evitably be coupled with instructions that pass parameters, save and restore register
values, and manipulate the stack frame.

Lau et. al. [2] described the bitmasked echo instruction, which combined the se-
quential echo instruction with predicated execution. The length field is replaced with
a bitmask field. If the ith bit of bitmask is set, then the ith instruction from the begin-
ning of the sequence is executed; otherwise, a NOP is executed. The primary advan-
tage of bitmasked echo instructions is that they allow non-identical code fragments to
reference a common code sequence. Unfortunately, they do not scale well to large
instruction sequences. If we assume that the length and bitmask fields of the sequen-
tial and bitmasked echo instructions both require n bits, then a sequential echo may
reference patterns containing as many as instructions; the bitmasked echo, how-
ever, can only reference sequences containing at most n instructions.

Lau et. al. described an approach for architectural support for echo instructions for
embedded processors. To do this required two registers – one to hold the address of
the original call point, and the other to hold the value length. As each of the length
instructions in step 2 above is executed, length is decremented. When the value of
length reaches zero, control is transferred back to the call point. In addition to the two
registers, a reverse counter, a comparator, and a multiplexer are the only datapath
components required. Of course, hardware corresponding to the appropriate new
controller states must also be accounted for. The issue of hardware cost will be revis-
ited in Section 2.3, when we compare echo instructions to other hardware-based de-
compression techniques.

2.2 Procedural Abstraction

Procedural abstraction is a compile-time code-size optimization that identifies re-
peated sequences of instructions in an assembly-level program and replaces them
with procedure calls. The body of each procedure is identical to the sequence it re-
places. Procedural abstraction requires no special hardware, but entails significant
overhead due to parameter passing, saving and restoring registers, and stack frame
manipulation. A substring matching approach based on suffix trees proposed by Fra-
ser et. al. [4] has been a widely recognized algorithm for procedural abstraction. Two
instructions are mapped to the same character if and only if all fields in the instruction
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are equal. Fraser’s algorithm performed procedural abstraction at link time, following
register allocation and instruction scheduling. Consequently, it was unable to identify
semantically equivalent instruction sequences that were identical to one another
within a rescheduling of instructions and/or a renaming of registers. The basic algo-
rithm has since been updated with register renaming [5] [6] and instruction reordering
[2] to match a wider variety of patterns. Runeson [7] recently advocated an approach
by which procedural abstraction is performed prior to register allocation, which is
similar to our work in spirit. Register renaming is not applicable here because register
allocation has not yet been performed, nor is instruction reordering applied.

Our approach differentiates itself from these previous techniques by using graph
isomorphism rather than substring matching to identify repeated code fragments. Like
Runeson, our algorithm is performed prior to both register allocation and instruction
scheduling. Therefore, our algorithm detects equivalent patterns based on the depend-
ence structure of operations rather than an arbitrary ordering of quadruples. Another
distinction is that previous approaches operate on the granularity of basic blocks. If
two basic blocks are semantically equivalent, they are replaced with procedure calls;
otherwise, they are not. Our approach identifies recurring patterns within blocks that
may differ only by a few instructions.

2.3 Code Compression in Hardware

Lefurgy et. al. [8] proposed a form of dictionary compression which assigns variable-
length codewords to sequences based on the frequency with which each sequence
occurs. Each codeword is translated into an index value, which is used to access a
dictionary that holds a decompressed instruction sequence corresponding to each
codeword. The dictionary access is incorporated into the processor’s instruction fetch
mechanism. The Call Dictionary (CALD) instruction, introduced by Liao et. al. [9],
exploits repeated code fragments in a similar manner to echo instructions. The in-
struction sequences are placed into an external cache, which is referenced by CALD
instructions. Echo instructions, alternatively, always refer to the main instruction
stream, thereby eliminating the need for the external cache.

The Compressed Code RISC Processor (CCRP) [10] [11] allows a compiler to di-
vide a program into blocks, which are then compressed using Huffman encoding.
Blocks are decompressed when they are brought into the instruction cache, requiring
a Huffman decoder circuit to be placed between memory and cache. The CPU re-
mains oblivious to the runtime decompression mechanism; only the cache is redes-
igned. A similar approach was taken by IBM’s CodePack [12] [13] [14], which di-
vided 32-bit instructions into 16-bit halves that are compressed independently. A
decompression circuit is similarly placed between memory and cache.

In the above examples, the cost of the hardware that performs the decompression
is a potential limiting factor. Echo instructions require considerably less hardware
that dictionaries – which are essentially memory elements – and Huffman decoders.
We do not argue that echo instructions provide the highest quality compression com-
pared to these schemes. The key to the future success of echo instructions is their low
physical cost, which translates to a lower price paid by the consumer.
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3 Instruction Selection for Echo Instructions

The traditional problem of instruction selection in compiler theory involves trans-
forming a program represented in the intermediate representation (IR) to a linear list
of machine instructions. An echo instruction, in contrast, is a placeholder that repre-
sents a finite-length linear sequence of instructions. The technique presented here
decouples the traditional instruction selection and the detection of code sequences to
be replaced with echo instructions. We present an algorithm that identifies repeating
patterns within the IR. Each instance of each pattern is replaced by an echo instruc-
tion. The algorithm is placed between the traditional instruction selection and register
allocation phases of a compiler. This work, it should be noted, does not consider
bitmasked echo instructions [2].

A basic block is a maximal-length instruction sequence that begins with the target
of a branch and contains no interleaving branch or branch target instructions. We
represent each basic block with a Dataflow Graph (DFG). Vertices represent machine
instructions, and edges represent dependencies between instructions. The advantage
of the DFG representation is no explicit ordering is imposed on the set of the instruc-
tions. The only scheduling constraints are imposed by dependencies in the DFG.
DFGs are directed acyclic graphs, where vertices represent operations and edges
represent direct data dependencies between operations. Two graphs and

are isomorphic if there exists a function satisfying

The graph isomorphism problem has not been proven NP-Hard; however, no
polynomial-time solution has been found either [15]. To perform isomorphism test-
ing, we used the publicly available VF2 algorithm [16], which has a worst-case time
complexity of O(nn!), but runs efficiently for the majority of DFGs we tested.

A pattern is defined to be a subgraph of any DFG. Patterns are assigned integer
labels such that two patterns have equal labels if and only if they are isomorphic. To
reduce the number of isomorphism tests required to label a pattern, we store the set of
patterns in a hash table. For pattern p, a hash function h(p) is computed over some
combination of invariant properties of p. Invariant properties are numeric properties
of the graph that must be equal if the two graphs are isomorphic. For example, we
consider the number of vertices and edges in p, the critical path length of p, and the
frequency distribution of vertex and/or edge labels in p. Using this approach, we must
only test p for isomorphism against patterns p’ satisfying h(p’) = h(p).

Any non-overlapping set of patterns that are isomorphic may be replaced by echo
instructions. Our intuition is that patterns that occur with great frequency throughout
the IR are the best candidates to be replaced by echo instructions. The most fre-
quently occurring patterns will most likely be small – containing just one or two op-
erations, but may be embedded within larger patterns that occur less frequently. A
competent scheduling algorithm could account for this fact when scheduling the in-
struction sequences referenced by echo instructions to maximize pattern overlap.
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Fig. 2. Generating, Labeling, and Clustering a Pattern Between Two Supernodes

The algorithm described in the next section generates patterns in terms of smaller
sub-patterns. The process of labeling, and clustering a pattern composed of subpat-
terns is shown in Figure 2. The bold edge shows that there are data dependencies
between the sub-patterns, and the dashed edges represent the actual dependencies.
The resulting pattern is assigned a uniquely identifying integer label, which is com-
puted using the isomorphism testing technique described above.

3.1 Algorithm Description

The instruction selection algorithm presented here is based on a framework for regu-
larity extraction described in [17]. The algorithm, shown in Figure 3, is applied be-
tween an instruction selection pass that is unaware of echo instructions and a register
allocation pass that ensures reusability among pattern instances. To avoid complica-
tions due to control flow, the pattern detection algorithm ignores branches. The input
to the algorithm is a set of DFGs G*. A local variable, M, is a function that maps
vertices, edges, and patterns to a set of integer labels. These labels are used to identify
semantically equivalent operations. Since register allocation has not been performed,
it is unnecessary to consider register usage in our definition of operation equivalence.

The algorithm begins by calling Label_Vertices_and_Edges(...). This function
assigns integer labels to vertices such that two vertices are assigned equal labels if
and only if their opcodes match, and all immediate operands – if any – have the same
value. Edges are assigned labels to distinguish whether or not they are the left or right
inputs to a commutative operator. These edge labels allow us distinguish the seem-
ingly dissimilar instructions c = a – b and c = b – a. Note that for a commutative op-
eration and are semantically equivalent.

Next, the algorithm enumerates a set of patterns using the function Gener-
ate_Edge_Patterns(...). For each edge e = (u, v), the subgraph is
generated as a candidate pattern. Each candidate pattern is assigned a label as de-
scribed in the previous section.
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Fig. 3. Echo Instruction Selection Algorithm

The next step is to identify the pattern that offers the greatest gain in terms of
compression. Lines 5-17 of the algorithm accomplish this task. Given a pattern p and
a DFG G, the gain associated with p, denoted gain(p) is the number of subgraphs of
G that can be covered by instances of pattern p, under the assumption that overlap-
ping patterns are not allowed.

An example of a DFG with a set of overlapping patterns is shown in Figure 4 (a).
Given a set of overlapping patterns, determining the largest set of non-overlapping
patterns is akin to finding a maximum independent set (MIS), a well-known NP-
Complete Problem [15]. An overlap graph for the example in Figure 4 (a) is shown in
Figure 4 (b). The shaded vertices in Figure 4 (b) represent one of several MISs. The
resulting set of non-overlapping patterns is shown in Figure 4 (c).
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Fig. 4. Overlapping patterns (a), a Conflict Graph (b), and Independent Set (c)

The function Compute_Conflict_Graph(...) creates the conflict graph, and the
function Compute_MIS(...) computes its MIS. To compute the MIS, we use a ran-
domized iterative improvement algorithm described in [18]. The algorithm begins
with a randomly generated independent set (IS). During each iteration, the algorithm
randomly adds and removes vertices to and from the independent set. The algorithm
terminates after it undergoes a fixed number (Limit) of iterations without improving
the size of the largest MIS. Limit is set to 500 for our experiments.

The cardinality of the MIS is the gain associated with pattern p for DFG G. This is
because each pattern instance combines two nodes and/or patterns into a single pat-
tern, for a net reduction in code size of one. The best gain is computed by summing
the gain of each pattern over all DFGs. The pattern with the largest net gain is the
best pattern, Each pattern instance is replaced with a supernode that maintains the
internal input-output connectivity of the original pattern. Furthermore, all of the
original data dependencies must be maintained. We refer to the process of replacing a
pattern instance with a supernode as clustering. Once all instances of a given pattern
are clustered, we update the set of patterns and adjust their respective gains. Then, we
can once again identify the best pattern, and decide whether or not to continue.

Clustering is performed by the function Cluster_Independent_Patterns(...) and
is illustrated in Figure 5 (a) and (b). The dashed edges in Figure 5 (b) indicate data
dependencies that must be maintained across pattern boundaries; these edges are
technically removed from the graph and replaced with bold edges that represent de-
pendencies between patterns. Figure 5 (b) illustrates this process. Each addition op-
eration has been subsumed into a supernode. Technically, each dashed edge is re-
moved from the graph, and replaced with a bold edge between supernodes. Bold
edges are characterized by the fact that at least one of their incident vertices is a su-
pernode; they are also used to generate larger patterns from smaller ones in future
iterations of the algorithm, as illustrated in Figure 2.

Now that an initial set of patterns has been generated, we must update the fre-
quency count for all remaining patterns in G. The function Update_Patterns(...)
performs this task. In particular, the bold edges enable several different 3 and 4-node
patterns to be generated. The most favorable pattern is then selected for clustering,
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and the algorithm repeats again. The algorithm terminates when the best gain is less-
than-or-equal-to a user-specific parameter, Threshold; we set threshold to 1.

Figure 5 (c) shows a second iteration of the algorithm. The resulting patterns
subsume the patterns generated previously during the algorithm, yielding larger pat-
tern instances. At this point, no further patterns can be generated that occur more than
once in the DFG, so the algorithm terminates. One of the two resulting pattern in-
stances is replaced with an echo instruction, which references the other instance as
shown in Figure 5 (d). At least one instance of each uniquely identifiable pattern must
be left in the program; otherwise, it simply couldn’t execute. For example, if an in-
stance existed elsewhere in the program, both instances could be replaced with echo
instructions, as illustrated in Figure 5 (e). Ideally, the pattern that is left intact should
reside in a portion of the program that executes frequently – namely a loop body.

Fig. 5. A DFG (a) with a set of patterns replaced by supernodes (b), after a second iteration (c),
and with one of the supernodes replaced with an echo instruction (d). If the pattern existed
elsewhere in the program, both could be replaced with echo instructions (e)
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3.2 Implications for Register Allocation

The algorithm presented in the previous section identifies patters that occur through-
out the compiler’s intermediate representation of the program; it does not, however,
ensure that these patterns will be mapped to identical code sequences in the final
program. In particular, the compiler must enforcing identical register usage among
instances of identical patterns.

A register allocator performs three primary functions: mapping live ranges to
physical registers, inserting spill code, and coalescing redundant move instructions,
effectively eliminating them. To the best of our knowledge, no existing register allo-
cation techniques maximize reuse of previously identified code fragments.

To ensure pattern reuse, corresponding live ranges in instances of identical patterns
must be mapped to the same physical register. Inserting spill code into a fragment
eliminates all possibilities for its re-use, unless identical spill code is inserted into
other instances of the same pattern. The same goes for coalescing: if a move instruc-
tion contained in one pattern instance is coalesced, then that pattern instance will no
longer have the same topology as previously identical pattern instances – unless cor-
responding move instructions are coalesced in those pattern instances as well. Of
course, inserting spill code and coalescing move instructions outside of reusable pro-
gram fragments is not problematic.

At this point, it is not immediately clear how to best optimize a register allocator
for code reuse. We suspect, for example, that strictly enforcing register assignment
constraints for all identical pattern instances may lead to an inordinate amount of spill
code inserted around pattern boundaries, which may lead to sub-optimal results in
terms of code size. Similarly, enforcing all-or-none constraints for spill code insertion
and coalescing within patterns may be problematic as well.

Because of these problems, it may be necessary to instantiate several non-identical
code sequences for each unique pattern; each instance must therefore be made identi-
cal to exactly one of these sequences. Alternatively, the best option may be to simply
discard certain pattern instance, choosing not to replace them with echo instructions.
This approach could alleviate the amount of spill code that is inserted if pattern re-use
leads to inordinate register pressure in certain program locations.

At this point, we have not implemented a register allocation scheme; this issue is
sufficiently complicated to warrant a separate investigation, and is left as future work.

3.3 Application to Procedural Abstraction

It should be obvious to the reader that the algorithm described in Section 3.1 could
easily be adapted to perform procedural abstraction. Pattern instances are replaced by
procedure calls rather than echo instructions. Procedure calls, however, have addi-
tional overhead associated with them: parameter passing, stack frame allocation and
deallocation, and saving and restoring register values to memory. This will entail a
different approach to estimating the potential gain of each pattern, which must incor-
porate the number of inputs and outputs to each pattern as well as the number of
nodes in the pattern. Since this work focuses on architectures supporting echo instruc-
tions, we leave this investigation as an open avenue for future work.
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4 Experimental Methodology and Results

4.1 Motivation and Goals

In this section, we evaluate the effectiveness of the instruction selection algorithm
described in Section 3. Since we have not yet implemented a register allocation
scheme, a complete evaluation of our compression technique is impossible. The re-
sults presented in this section therefore count the number of IR operations that have
been subsumed by patterns; they do not reflect actual final code sizes. In particular,
we cannot know, a priori, exactly how many move instructions will be coalesced by
the register allocator; moreover, we cannot immediately determine how much spill
code the allocator will introduce, or where it will be introduced. Finally, we cannot
determine whether or not our pattern re-use will lead to the introduction of additional
move instructions (or spill code) that the allocator would otherwise not have inserted.

Instead, we decouple our evaluation of the instruction selection technique from the
register allocator. The purpose of the experiments presented here are twofold. First,
we wish to show that the instruction selection algorithm is capable of achieving fa-
vorable compression under an ideal register allocator. This is necessary to justify a
future foray into register allocation. Secondly, we recognize that our demands for
pattern reuse may impede the register allocator’s ability to reduce code size by coa-
lescing move instructions. Admittedly, we cannot explore this tradeoff without a
register allocator in place. To compensate, we measure the effectiveness of our in-
struction selection technique under both ideal and less-than-ideal assumptions regard-
ing the allocator.

Ideally, we would like to compare the results of our technique with Lau et. al. [2];
unfortunately, this comparison is inappropriate at the present time. Our analysis has
been integrated into a compiler, whereas Lau’s is built into Squeeze [5], a binary
optimization tool. Squeeze performs many program transformations on its own in
order to compress the resulting program. Lau’s baseline results used Squeeze to com-
press the program in absence of echo instructions. Because the back end of our com-
piler has not been completed, we cannot yet interface with a link-time optimizer such
as Squeeze. Therefore, the transformations that yielded Lau’s baseline results are
unavailable to us at the present time.

4.2 Framework and Experimental Methodology

We implemented our instruction selection algorithm into the Machine SUIF compiler
framework [19]. Machine SUIF includes passes that target the Alpha and x86 archi-
tectures. We selected the Alpha as a target, primarily because Lau et. al. [2] did the
same, and this will enable future comparisons between the two techniques. The Ma-
chine SUIF IR is a CFG, with basic blocks represented as lists of quadruples – similar
to the IR used by Runeson [7]. We performed a dependence analysis on the instruc-
tion lists, and generated a DFG for each basic block. Instruction selection was per-
formed for the alpha target using the do_gen pass, provided with Machine SUIF.
Following this pass, we applied our instruction selection algorithm.
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The Machine SUIF compiler considers only one source code file at a time. We ap-
ply the instruction selection algorithm to all DFGs in each input file, but we do not
attempt to detect patterns across multiple files. Considering every DFG in an entire
program at once would yield superior compression results; however, we believe that
the results presented here are sufficient to justify our algorithmic contributions.

Finally, we do not attempt to measure the performance overhead that arises due to
echo instructions. Although we could have generated some preliminary estimates by
using profiling to determine the execution frequency for each basic block, we believe
that these numbers would be inaccurate. One side effect of compressing a program is
that a greater portion of it can fit into cache at any given time, thereby reducing the
miss rate [20]. This can often mitigate the performance penalty due to additional
branching that arises due to compression. Profiling alone cannot experimentally cap-
ture these nuances; cycle-accurate simulation would be more appropriate. We cannot
perform this type of simulation until the register allocator is complete.

4.3 Approximating the Effects on Register Allocation

Machine SUIF liberally sprinkles move instructions throughout its IR as it is con-
structed. An effective register allocator must aggressively coalesce these moves in
order to compress the program. We performed experiments under two sets of assump-
tions: optimistic, and pessimistic. The optimistic model assumes that all move instruc-
tions will be coalesced by the allocator; the pessimistic model, in contrast, assumes
that none are coalesced. In practice, most register allocators will coalesce the majority
of move instructions, but certainly not all of them.

The majority of graph coloring register allocators (e.g. Briggs [21] and George-
Appel [22]) coalesce as many move instructions as possible. We call these allocators
Pessimistic Allocators, because they do not coalesce move instructions until it is
provably safe to do so – in other words, no spill code will be inserted as a result. A
recent Optimistic Allocator, developed by Park and Moon [23], reverses this para-
digm. Their allocator initially coalesces all move instructions. Following this, the
optimistic allocator only inserts moves as an alternative to spill code.

The pessimistic assumption approximates a lower bound on the size number of
moves coalesced by the allocator; the optimistic assumption provides an upper bound.
These bounds, however, do not include estimates of code size increases due to spill
code insertion. If a live range existing in on pattern instance is spilled, we can safely
spill the corresponding live range in all other instances of the same pattern, although
this will likely hurt performance. More significantly, we cannot estimate whether
move instructions will be inserted at pattern boundaries. Despite these inaccuracies,
we believe that the experiments detailed in section 4.5 validate the effectiveness of
our instruction selection technique.

4.4 Benchmark Applications

We selected a set of eight applications from the MediaBench [24] and MiBench [25]
benchmark suites. These benchmarks are summarized in Table 1.
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Upon inspecting the source code for several of these benchmarks, we observed that
many were written in a coding style with loops manually unrolled. Loop unrolling
exposes instruction-level parallelism to a processor, but at the expense of code size.
An embedded system designer who wished to minimize code size would not unroll
loops. To mimic this coding style, we rewrote the programs ourselves, which reduced
both the size of the program and the size of certain basic blocks within the program.
The latter, in turn, reduced the overall runtime of our compiler as well.

4.5 Results and Elaboration

The experimental results for our set of benchmarks under both pessimistic and opti-
mistic assumptions are shown in Table 2. The pessimistic results assume that the
register allocator is unable to coalesce any move instructions. The optimistic results
assume that all move instructions are coalesced, except for those used for parameter
passing during procedure calls. The columns entitled Uncompressed and Compressed
show the number of DFG operations in each benchmark before and after our instruc-
tion selection algorithm, which effectively compresses the program. Each move in-
struction that is coalesced reduces program size as well.

Under pessimistic assumptions, our instruction selection technique the net code
size reduction across all benchmarks was 36.25%; under optimistic assumptions, the
net code size reduction was 25.00%. Taking pessimistic uncompressed code size as a
baseline, compression under optimistic assumptions reduced net code size by
45.29%. Although the optimistic results yield a greater net reduction in code size than
the pessimistic results, the fraction of the code size reduction attributable to instruc-
tion selection is considerably less for the optimistic results than the pessimistic re-
sults.

For all applications other than APDCM – which is considerably smaller than
every other benchmark – the compressed pessimistic results yield a smaller code size
than the uncompressed optimistic results. If the opposite were true, then echo instruc-
tions might not be an appropriate form of compression; instead, focusing on coalesc-
ing as a code size reduction technique might have been a better strategy. Altogether,
our results empirically verify the effectiveness of our instruction selection strategy.
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5 Conclusion

This paper describes an instruction selection algorithm for compilers that target archi-
tectures featuring echo instructions. The instruction selection algorithm identifies
replaces repeated patterns in the compiler’s IR with echo instructions, thereby com-
pressing the program. The instruction selection algorithm must be coupled with a
register allocator to ensure identical register usage among isomorphic patterns. Under
a set of pessimistic assumptions, our instruction selection algorithm reduced code size
by 36.25% on average. A more realistic study, under more optimistic assumptions
showed an average reduction in code size of 25.00%.
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Abstract. Embedded systems are often constrained in terms of both
code size and execution time, due to a limited amount of available mem-
ory and real-time nature of applications. A dual instruction set processor,
which supports a reduced instruction set (16 bits/instruction) in addi-
tion to a full instruction set (32 bits/instruction), allows an opportunity
for a tradeoff between these two performance criteria. Specifically, while
the reduced instruction set can be used to reduce code size by providing
smaller instructions, a program compiled into the reduced instruction
set typically runs slower than the same program compiled into the full
instruction set. Motivated by this observation, we propose a code gen-
eration technique that exploits this tradeoff relationship by selectively
using the two instruction sets for different sections in the program. The
proposed technique not only provides a mechanism to enable a flexible
tradeoff between a program’s code size and its execution time, but also
optimizes the program towards enhancing its WCET (worst case exe-
cution time). The results from our experiments show that our proposed
technique can be effectively used to fine-tune an application program on
a spectrum of code size and worst case performance, which in turn en-
ables a system-wide optimization on memory space and execution speed
involving multiple applications.

1 Introduction

Embedded systems are characterized by complex requirements due to the diver-
sity of application areas and tight cost constraint. For example, in a cost-sensitive
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system with a limited amount of memory, application code size is of utmost im-
portance. On the other hand, real-time embedded systems have stringent con-
straints on the execution times of application programs, to meet deadlines even
in the worst case. In many systems both constraints are present, where the code
size and the execution time should be considered at the same time in order to
build cost-effective systems.

A dual instruction set processor offers a challenging problem in code gen-
eration, where we should consider a tradeoff between code size and execution
speed. Such processors have been developed to provide a method to generate
compact code by supporting both a full (normal) instruction set and a reduced
instruction set, in which an instruction has a smaller number of bits [1]. Exam-
ples include the 16-bit Thumb instruction set in addition to the 32-bit ARM
instruction set [2], the MIPS 32/16-bit TinyRISC [3], and the ARC Tangent [4]
processors. When such a processor is employed, the code size can be reduced
by using the reduced instruction set. However, in general, a program compiled
into the reduced instruction set typically runs slower than its full instruction set
counterpart. The main reason behind this performance gap is that the full in-
struction set program executes fewer instructions, since a single full instruction
can perform more operations than a single reduced instruction.

This motivates us to exploit the tradeoff relationship between the code size
and the WCET (worst case execution time) for real-time embedded systems,
where the amount of available memory is limited and tasks must meet timing
requirements. We propose a code generation technique that enables a flexible
tradeoff between a program’s code size and its WCET by selectively using the
two instruction sets for different sections within a single program. The technique
is based on selective code transformation [5], where a given program is first
compiled into the reduced instruction set, and later a selected subset of basic
blocks are transformed into the full instruction set. The selection of blocks to be
transformed is made in such a way that the reduction of WCET is maximized
within a given code size budget.

The main contributions of our technique are the following. First, by providing
a quantitative analysis on the tradeoff relationship between a program’s code size
and WCET, it facilitates the development of a system-level design framework
that optimizes a system with multiple application programs on memory space
and execution speed. Second, unlike traditional compiler techniques that aim
at optimizing programs for average case performance, the proposed technique
guides the program optimization towards improving the worst case performance
by incorporating a WCET analysis technique in the code generation process.

The rest of the paper is organized as follows. In the next section, we give
an overview of related work. Section 3 describes the overall framework of our
proposed approach. In Section 4, we detail the selective code transformation al-
gorithm for optimizing a given program for enhanced WCET. Then, we describe
the implementation of our technique and present the results in Section 5. Finally,
Section 6 concludes the paper.
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2 Related Work

Halambi et al. [1] developed a method to reduce code size by using a dual in-
struction set processor. In their approach, a given program is first compiled
into generic instructions, and then translated into different instruction sets. The
technique groups consecutive generic instructions that may be translated into
the reduced instruction set, and decides whether to translate these instructions
depending on the estimated size of the resulting code. This approach focuses
mainly on minimizing the code size by generating mixed instruction set code,
largely ignoring the impacts on performance.

Another technique for generating code for a dual instruction set processor
has been proposed by Krishnaswamy and Gupta [6]. They propose four heuristic
methods to improve instruction cache performance by using different instruction
sets for different functions. In addition to this function-level approach, they
developed a fine-grained approach, where the program is first compiled into
the reduced instruction set, and certain predefined sequences of instructions
are replaced by full instructions that accomplish the same operations. For this
purpose, they apply a pattern matching algorithm to identify the sequences of
instructions that are better executed in the full instruction set.

The selective code transformation technique [5] was proposed as an approach
to generate mixed instruction set code by determining the instruction set to
be used for each basic block. In this approach, the program is first compiled
into the reduced instruction set, and then a selected subset of basic blocks are
transformed into the full instruction set. In order to select the blocks to be
transformed, a detailed cost-benefit model has been developed based on the
execution profile information of the program.

Our approach is distinguished from the previous techniques in that we aim
to optimize the program for its worst case performance instead of average case
execution time. A few attempts have been made to build a link between pro-
gram optimization and WCET analysis. Lim et al. [7] describe a WCET anal-
ysis technique for optimized programs, focusing on the correspondence between
a program’s control structure and the optimized machine code. They propose
a compiler-assisted approach, where the timing analysis relies on an optimizing
compiler that provides a consistent hierarchical representation and a source-level
correspondence.

Another approach to WCET analysis for optimized programs has been pro-
posed by Kirner [8]. In this technique, the author proposes a method to transform
the flow facts required in the timing analysis in parallel with compiler optimiza-
tions. That is, whenever the compiler performs a code enhancing transformation,
the information needed to search for the longest execution path is updated ac-
cordingly, and then used for the WCET analysis of the optimized program.

While the above mentioned approaches focus on analyzing the WCET of
optimized programs, a recent study by Zhao et al. [9] describes a method to
facilitate an environment to tune the WCET of a program by using an interactive
compilation system. The approach aims at finding a program transformation
sequence that yields good worst case performance, by allowing the user to gauge
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Fig. 1. The proposed code generation framework. By incorporating a WCET analysis
technique, the code transformation is guided towards optimizing the WCET within the
code size limit of the whole program.

the progress of reducing the WCET during the compilation process. In addition,
they propose a technique to automatically search for an effective optimization
sequence using a genetic algorithm.

3 Overall Approach

Our code generation technique consists of three steps. First, we compile the en-
tire program into the reduced instruction set. The resulting code serves as the
baseline for the code size, i.e., the smallest code possible for the given program.
Second, we determine the set of basic blocks to be transformed into the full
instruction set that gives the maximum reduction of WCET while maintaining
the code size under a given upper bound. Finally, the selected blocks are trans-
formed into the full instruction set and a mixed instruction set code is generated
as a result.

This procedure is illustrated in Figure 1. In order to decide which blocks
to transform, we need information regarding the code size and execution time
of each block when it is compiled into the reduced instruction set or the full
instruction set. The code size of each block in either instruction set can be
estimated in a straightforward manner by examining the instruction sequence.
On the other hand, the (worst case) execution time of each block is analyzed
using an architecture description that models pipelined execution of instructions.
We obtain the code size and execution time information of basic blocks in the
full instruction set by performing the transformation on each basic block.
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In addition to the code size and execution time differences for basic blocks,
the selection algorithm requires information about their execution frequency
corresponding to the worst case execution scenario. To derive this frequency
information, we perform a hierarchical WCET analysis. The WCET analysis
technique will be explained later in Section 4.3. The result of this analysis is
given as an annotated syntax tree that encodes the worst case timing informa-
tion as well as the WCEP (worst case execution path) including basic block
execution counts, as will be explained later in Section 4.3. The execution fre-
quency information in the WCEP, combined with the code size and execution
time differences, is input to the selection algorithm that determines the set of
basic blocks to be transformed into the full instruction set. The algorithm selects
the blocks whose transformation is estimated to give the most WCET savings
within the code size budget. Based on its results, a code transformer performs
transformation of the selected blocks into the full instruction set to generate the
final mixed instruction set code.

4 Selective Code Transformation for WCET Optimization

This section details the selective code transformation framework used in our pro-
posed code generation technique for dual instruction set processors. Intuitively,
it is desirable to transform the blocks that are frequently executed under the
worst case execution scenario, and that have large execution time differences in
the two instruction set modes. We cannot, however, consider the basic blocks
individually, since transforming a single block will usually degrade the WCET
due to the mode switching overhead while nonetheless increasing the total code
size. Specifically, transition between the two instruction set modes is typically
triggered by executing a special instruction or sequence of instructions. There-
fore, when the two instruction sets are used within a single program in a mixed
manner, the code generator must insert mode switch instructions at appropri-
ate program points. A fair amount of attention needs to be paid to these mode
switch instructions, since inserting many of them can significantly increase the
code size. Moreover, frequent transitions between the two modes by executing
the mode switch instructions generally degrade the overall performance of the
program by incurring a large execution time overhead.

To address this problem, our selective code transformation incorporates a
profitability analysis based on the concept of acyclic subpaths [10], which are
defined as the maximal subpaths that do not traverse any back edge of a loop.
Since the acyclic subpaths capture the set of basic blocks that are likely to be
executed together, we define a cost-benefit model based on them as the selection
criteria for blocks to be transformed, as will be explained in Section 4.1.

Using this profitability analysis, an iterative selection algorithm is applied to
determine the set of blocks to be transformed. The algorithm incrementally im-
proves the WCET of the program by selecting in each iteration the set of blocks
whose transformation will give the most WCET savings per unit increase in the
code size. A detailed description of the algorithm will be given in Section 4.2.
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In order to steer the code transformation towards enhancing the program’s
WCET in each iteration of the selection algorithm, we need a mechanism to
detect a possible change in the WCEP resulting from transforming the selected
basic blocks. To this end, we propose a method to update the timing informa-
tion on the annotated syntax tree by propagating the effect of changes in the
transformed blocks’ execution times. The propagation is done in such a way
that only the portions of the program whose execution times have changed are
re-analyzed. This timing update scheme will be described in Section 4.3.

4.1 Path-Based Profitability Analysis

A program is given by a control flow graph where
is the set of basic blocks and is the set of edges

which represent the control flow in the program. Assume that a subset of basic
blocks are in the full instruction set mode and the remaining blocks are in the
reduced instruction set mode. That is, the set of blocks V is partitioned into
two disjoint subsets F and R, which denote the set of blocks in the full and the
reduced instruction sets, respectively.

We define a set of notations for the code size and execution time of a basic
block compiled into the two different instruction sets. Let and de-
note the code size of a block compiled into the full and the reduced instruction
sets, respectively. Similarly, we denote by and the (worst case) exe-
cution times of block compiled into the full and the reduced instruction sets,
respectively.

Given a path the cost of its transformation is defined as the increase in the
code size by transforming the blocks on that path into the full instruction set,
taking the mode switching overhead into account. It can be calculated by first
summing the code size differences for the blocks being transformed, and then
adding the mode switching overhead to the sum. Note that transforming a set
of basic blocks not only causes insertion of new mode switch instructions but
also possibly results in removal of certain mode switch instructions that were
previously needed. Specifically, when a block is transformed from the reduced
instruction set into the full instruction set, the mode switch instructions should
be removed from the edges connecting the block with other blocks that are
already in the full instruction set mode.

To account for the insertion and removal of mode switch instructions due
to transforming a path we define to be the set of edges where mode
switch instructions are newly introduced, and to be the set of edges from
which existing mode switch instructions are removed. These two sets can be
computed by analyzing the control flow graph of the program. In addition, we
let denote the set of all the basic blocks on Then the set of blocks to be
transformed is given by which contains only the blocks on that have
not yet been transformed. Then the cost of transforming can be calculated
by

where is the total size of instructions required for a single mode switch.
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On the other hand, the benefit associated with path is defined to be
the reduction in the WCET of the whole program by transforming the blocks on
that path, taking the mode switching overhead into account. It can be computed
by first summing the execution time difference for each block multiplied by its
execution frequency, and then subtracting the mode switching overhead. That is,

where denotes the execution time overhead incurred by a single mode switch,
while and give the execution counts of a block and an edge
respectively.

Now we define a reward function for a subpath to be the ratio of its
benefit to its cost. That is, gives the expected amount of WCET
reduction for the unit increase in the code size. Using this profitability analysis
based on the cost-benefit model, a greedy algorithm determines which blocks
are to be transformed in order to maximize the WCET reduction within a given
code size limit, as will be explained in the following section.

4.2 Selection Algorithm

Based on the path-based profitability analysis described in the previous section,
the algorithm for selecting blocks to be transformed proceeds as follows. First,
we set the code size budget to equal the difference between the upper bound on
the code size and the total code size of the program compiled entirely into the
reduced instruction set. We begin by enumerating all the acyclic subpaths of the
program’s WCEP, and add them to the set of candidate subpaths. For each of the
candidate subpaths, we evaluate the reward function by calculating the cost
and benefit associated with it. Then we apply a simple heuristic that iteratively
selects among the candidate subpaths the one with the maximum value of the
reward function, provided that its cost does not exceed the remaining code size
budget. The blocks on the selected subpath are (assumed to be) transformed
into the full instruction set. In each iteration of the algorithm, the code size
budget is adjusted accordingly, as well as the set of candidate subpaths.

The selection procedure is repeated until no more transformation can be done
because either one of the following conditions hold: (1) selection of any of the
remaining subpaths would violate the code size limit, or (2) no further reduction
of the WCET is possible by transforming more blocks. The algorithm described
above is illustrated in Figure 2.

Note that, in each iteration, when a subpath is selected and the blocks on it
are transformed, the cost and benefit associated with other candidate subpaths
may change, since (1) the transformed blocks may be shared by other subpaths,
and (2) inserting or removing mode switch instructions possibly affects the cost
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Fig. 2. Algorithm for selection of blocks to be transformed. After the algorithm is
finished, will contain the blocks to be transformed from the reduced instruction set
into the full instruction set.

and benefit of other subpaths. Therefore, we adjust the cost and benefit of trans-
forming each of the remaining subpaths as we iterate the selection procedure.

Moreover, since the execution time of the WCEP is reduced by transforming
the selected subpath, it is no longer guaranteed to have the largest execution
time among all the possible execution paths in the program. When the WCEP
changes due to the transformation, we should enumerate the acyclic subpaths
of the new WCEP and resume the selection procedure: Therefore, we need a
method to determine whether or not the WCEP of the program has changed
due to the transformation. We should do this without re-analyzing the whole
program every time a subpath is selected and transformed, since analyzing a
program’s WCET has a substantial complexity. This can be done by updating
the timing information on the annotated syntax tree generated in the initial
analysis of WCET, as will be detailed in the next section.

4.3 Timing Update Using an Annotated Syntax Tree

Hierarchical analysis of a program’s WCET works with a syntax tree of the
program and a set of timing formulas operating on each node in the tree. The
syntax tree of a program is a hierarchical representation of its control structure,
where intermediate nodes correspond to program constructs and leaf nodes are
the basic blocks. To estimate the WCET of a program, nodes in its syntax tree are
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recursively visited, while different timing formulas are applied to different types
of program constructs (sequential statements, conditional statements, loops, etc)
to calculate the WCET of the corresponding program construct.

To enable the timing information update resulting from transformation of
a subset of blocks, we propose an extension to the basic timing schema [11],
similar to the ETS (extended timing schema) [12] that was originally developed
as a technique to take into account pipelining and caching effects in hierarchical
WCET analysis. Specifically, each node in the syntax tree is associated with a
data structure called WCTA (worst case timing abstraction) instead of a single
execution time bound. A WCTA of a program construct contains timing infor-
mation of every execution path that might be the worst case execution path for
that program construct. Each element in a WCTA is called a PA (path abstrac-
tion), which encapsulates the information regarding the execution path that it
represents. In addition to the path’s WCET, a PA holds the pipeline information
about a sufficient number of leading and trailing instructions of the path. This
information is used to model the pipelined sequential execution of this path pre-
ceded or succeeded by other paths in evaluating a parent node’s timing formula.
Besides, this information allows us to account for the mode switching overhead
incurred by sequential execution of two basic blocks in different instruction set
modes.

With this extension, analyzing a program’s WCET effectively enumerates all
the possible execution paths in the program. Note, however, that the set of all
the possible execution paths can be substantially large, making the time and
space complexity of the analysis too high to be practical. Therefore, in applying
a timing formula for a program construct, we prune the PAs for paths that
are guaranteed not to be part of the WCEP of the whole program [12]. With
this pruning operation, such paths are not considered in analyzing the program
constructs that are at higher levels in the program’s hierarchical structure.

For the purpose of updating the timing information as basic blocks are incre-
mentally transformed, we annotate the syntax tree with the WCTA associated
with each node when the whole program’s WCET is initially analyzed. After-
wards, when a subpath is selected for transformation, we first identify the leaf
nodes that correspond to the basic blocks being transformed. Then we propa-
gate the execution time changes from those leaf nodes upwards in the annotated
syntax tree by updating the WCTAs of the nodes being encountered until we
reach the root node. Since the nodes are visited in a bottom-up manner when
we propagate the timing updates, we analyze the nodes in an order according to
their depths. That is, instead of recursively traversing the entire tree, we process
the nodes at the same distance from the root node at the same time, so that no
node is visited more than once. This way, the timing update re-analyzes only the
intermediate nodes on the path from the root node to leaf nodes corresponding
to the blocks being transformed, while the recorded WCTAs are reused for all
the other nodes.

Figure 3 gives an example of the timing update explained above. Assume
that the selection algorithm has decided to transform an acyclic subpath
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Fig. 3. Timing update example. Only the portion of the program affected by the trans-
formation is re-analyzed to detect a possible change in the WCEP.

in the loop. Then, beginning from the leaf nodes that correspond to the
transformed basic blocks, the timing update is propagated on the annotated
syntax tree. When we compute the WCTA for a conditional statement node F,
it has two PAs in it: one for path and the other for path Since we know
that blocks and are in different instruction set modes, we let the PA for path

account for the mode switch that occurs when control flows from block to
block

Then the timing information continues to propagate to node E, and the
WCTA for the node is updated. This node’s WCTA has two distinct execution
paths: and In analyzing the execution time of the path a
mode switch from block to block is taken into account. Similarly, all other
mode switches are accounted for when a program construct implies a sequential
execution of blocks in different instruction set modes.

As the timing update information continues to propagate on the annotated
syntax tree, nodes D, B, and A are visited in that order, and their WCTAs are
updated. Note that the WCTAs for nodes C and G that have been recorded in
the initial WCET analysis are reused when we update the WCTAs for nodes B
and A, respectively. Also note that node H is not visited in the timing update
process, since it belongs to a subtree for the program portion that is not affected
by the transformation. In summary, although we essentially re-enumerate all
the possible execution paths in the program for the timing update, the timing
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analysis needs to be done only for the segments of the paths that are affected
by the transformation1.

When the propagation finally reaches the root node, we determine the new
WCET of the program by taking the PA that has the largest execution time
among those in the root node’s WCTA. This PA corresponds to the WCEP of
the whole program after the transformation. In order to determine whether or
not the WCEP has changed due to the transformation, we compare this new
WCEP against the previous WCEP. This way, we can detect a possible change
in execution time without re-evaluating the WCTA for every node in the syntax
tree every time a subpath is selected and the blocks on it are transformed. By
using this timing update algorithm, we can efficiently track the changes in the
program’s WCET and WCEP, and thus the selective code transformation is
guided towards improving the WCET of the program in each iteration.

5 Implementation and Results

To validate the effectiveness of our proposed approach, we implemented the
proposed technique and performed a set of experiments. The implementation
is targeted to the ARM7TDMI [13] processor, which supports both a 32-bit
ARM instruction set and a 16-bit Thumb instruction set. We implemented the
algorithm for selecting basic blocks to be transformed, using the path-based prof-
itability analysis described in Section 4.1. For the hierarchical WCET analysis,
we implemented a timing analyzer that can handle both of the two instruction
set architectures, which can calculate the WCET of a given program even when
the two instruction sets are used in conjunction. The absence of cache memory
and the simple pipeline structure of the target processor allow us to calculate
tight WCET bounds for programs using a simple pipeline model. We also imple-
mented the code generator for the target architecture that can generate a mixed
instruction set code, by modifying the VPO [14] code generation interfaces.

We extracted a set of benchmark programs from the SNU-RT benchmark
suite [15], which is a collection of benchmark programs representing typical ap-
plications for real-time embedded systems. The fir benchmark implements a
finite impulse response filter algorithm, and matmul computes a multiplication
of two 5 × 5 integer matrices. The ludcmp program solves 10 simultaneous linear
equations by the LU decomposition method. Finally, jfdctint benchmark im-
plements an integer discrete cosine transform for the JPEG image compression
algorithm.

To demonstrate the tradeoff between code size and WCET, we applied our
selective code transformation to the set of benchmarks, generating ten different
versions of code for each program. Among the different versions, code T refers
to the program compiled entirely into the Thumb instruction set, while code A

The number of intermediate nodes whose WCTAs are re-evaluated over all the it-
erations of the selection algorithm is bound by where is the number of
basic blocks in the program. A rigorous complexity analysis of the timing update
algorithm has been omitted due to the space limitation of the paper.

1
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is generated by transforming all the basic blocks into the ARM instruction set.
The other versions and are generated by gradually increasing
the code size limit. That is, we set the code size budget to 10 %, 20 %, ..., and
90 % of the difference between the sizes of A and T. For each generated code
M, we calculated the relative code size by

where  denotes the total size of code Similarly, we calculated the relative
WCET of each generated code by

where denotes the estimated WCET of code
Figure 4 shows the relative code size and the relative WCET for each bench-

mark program. For comparison purposes, the vertical axis of each graph is labeled
with the actual code size and WCET of code T and code A. The results verify
that there exists a clear tradeoff relationship between the code size and WCET
of programs, and that our selective code transformation can effectively exploit
this tradeoff. The size of each program grows as we increase the code size budget,
while the curve remains below the diagonal line. This indicates that our selective
code transformation framework successfully maintained the size of the resulting
code under the size limit. On the other hand, with the increase of the code size,
the WCET decreases and the amount of the WCET reduction according to the
code size budget differs from one program to another.

For the fir benchmark program, the code size increase is virtually linear to
the increase of the code size budget. This is because the program has a number of
small nested loops, and the selection algorithm was able to successfully find code
sections whose transformation cost could fit into respective code size budgets.
On the other hand, the WCET of the program is reduced significantly even for
a modest increase in the code size. When the code size budget is 30 % of the
size difference between code A and code T, as much as 94 % of total achievable
WCET reduction was made.

For the matmul program, the WCET reduction is not remarkable for small
code size budgets. However, when the code size budget reaches 30 %, the WCET
sharply decreases by up to 84 % of the total achievable WCET savings. This is
the point where the innermost loop of the three-level nested loop of the matrix
multiplication algorithm is transformed into the ARM instruction set. As we
further increase the code size budget, the code for the outer loops begins to be
transformed and the WCET gradually approaches that of code A.

In the results for ludcmp, the code size increases in a stepwise manner,
whereas the WCET becomes close to that of code A even with a small code
size budget. Specifically, for only 10 % code size budget, the WCET reduction is
more than 99 % of the total achievable savings. This behavior results from the
fact that this particular benchmark program has a number of basic blocks that
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Fig. 4. Relative code size and relative WCET for four different benchmark programs.
The code size increases while the WCET is reduced as we gradually increase the code
size limit.

are smaller in ARM mode than in Thumb mode. After a careful investigation
of the generated assembly code, we discovered that this is because of large con-
stants used in the program source. Due to Thumb’s limited instruction encoding
space, several Thumb instructions are required to form a large constant, while
a single ARM instruction is sufficient. When such large constants are used ex-
tensively as is the case for the ludcmp benchmark program, certain basic blocks
compiled into the ARM instruction set have smaller execution times as well as
smaller code sizes than the same blocks compiled into the Thumb instruction
set. Such blocks are favored for transformation in the early phases of the incre-
mental selection algorithm, resulting in a small total code size with the WCET
close to that of code A.

Finally, the tradeoff relationship between the code size and WCET of the
jfdctint program is notably different from those of the above mentioned pro-



A Flexible Tradeoff Between Code Size and WCET 257

grams. For this benchmark, code T is as much as 48 % smaller than code A,
while its WCET is only 3 % larger than that of code A. This large difference
in the code size and small difference in the WCET results from the fact that
the jfdctint algorithm mainly performs simple arithmetic operations which are
implemented by single instructions both in the ARM mode and in the Thumb
mode. Therefore, while the size of code A is nearly double that of code T, both
versions of the program execute approximately the same number of instructions.
However, even in such a case, our selective code transformation technique tries
to reduce the WCET as much as possible for a given code size limit, and ap-
proximately 50 % budget was needed to reduce the WCET by 92 % of the total
achievable savings.

6 Conclusions

We have presented a code generation technique for a dual instruction set proces-
sor that enables a flexible tradeoff between a program’s code size and its WCET.
By selectively using the two instruction sets for different sections within a single
program, the proposed technique tries to minimize the program’s WCET while
maintaining the total code size under a given upper bound. Our approach first
compiles the whole program into the reduced instruction set, and then selectively
transforms a subset of basic blocks into the full instruction set. The selection
algorithm combines a greedy heuristic and a path-based profitability analysis,
which accurately estimates the code size increase and the WCET reduction by
transforming the blocks on a path. During the selection procedure, changes in
the program’s timing behavior due to the transformation are updated on the
annotated syntax tree, so that the selective code transformation can be steered
towards improving the WCET.

The proposed technique has been implemented for the ARM7TDMI target
processor, which supports a 16-bit Thumb instruction set in addition to a 32-bit
ARM instruction set. The validity and effectiveness of our approach has been
demonstrated by experiments using a set of benchmark programs. The results
show that the technique can effectively balance the tradeoff between a program’s
code size and its WCET. This tradeoff data can be used in a system-level design
framework that tries to optimize the entire system with multiple applications
that have both code size constraint and timing requirements. In addition, unlike
traditional compiler optimization techniques that try to optimize programs for
average case execution time, our code generation framework is geared towards
improving the program’s worst case performance by incorporating a hierarchical
WCET analysis technique.

The future directions of our research will focus on the following. First, the
practicality of the proposed approach can be improved by incorporating instruc-
tion cache in the WCET analysis and selective code transformation. Since al-
tering the sizes of basic blocks affects the instruction cache behavior, a code
placement technique should be employed to reflect the caching effect. Second,
the execution time of transformed code can be improved by enabling program
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optimization techniques that operate across basic block boundaries. Especially,
a global register re-allocation is expected to reduce the WCET of transformed
basic blocks by using the registers that are only available in the full instruction
set mode.
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