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ABSTRACT 
 

 Software radio is a technique for implementing reconfigurable radio systems using a 

combination of various circuit elements and digital hardware.  By implementing radio functions in 

software, a flexible radio can be created that is capable of performing a variety of functions at 

different times.  Numerous digital hardware devices are available to perform the required signal 

processing, each with its own strengths and weaknesses in terms of performance, power 

consumption, and programmability.   The system developer must make trade-offs in these three 

design areas when determining the best digital hardware solution for a software radio 

implementation.  

 When selecting digital hardware architectures, it is important to recognize the 

requirements of the system and identify which architectures will provide sufficient performance 

within the design constraints.  While some architectures may provide abundant computational 

performance and flexibility, the associated power consumption may largely exceed the limits 

available for a given system.  Conversely, other processing architectures may demand minimal 

power consumption and offer sufficient computation performance yet provide little in terms of the 

flexibility needed for software radio systems.  Several digital hardware solutions are presented as 

well as their design trade-offs and associated implementation issues.
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Chapter 1 
 

Introduction  
 
1.1 Motivation  and Goals 

 With the expanding mobile environment evolÖÉÎÇ ÉÎ ÔÏÄÁÙȭÓ ÓÏÃÉÅÔÙȟ ×ÉÒÅÌÅÓÓ 

communications is being seen in a rapidly increasing number of areas and is progressively 

advancing mobile functionality.  Several industries that did not previously incorporate 

communication systems are now including the functionality in their products  and wireless radio 

systems are continually offering increased data rates to facilitate added capabilities.  These 

advancements are driven by the high computational processing power offered in the latest digital 

hardware devices.  When designing wireless communication systems that utilize these digital 

hardware devices, engineers are interested in offering a flexible, high-performance solution within 

their design constraints.   

The design constraints given to engineers are based on the conditions in which the radio 

system will be used as well as the available resources needed to operate the radio.  Design 

constraints generally come in terms of performance, size, weight, power, and cost requirements.  

When considering digital hardware choices for flexible systems, additional design metrics must be 

considered such as flexibility, scalability, and portability that directly affect the other design 

constraints given to the engineer.  The goal of this thesis is to describe the available digital 

hardware architectures, help identify the design metrics and constraints associated with each 

option, and provide a methodology for making design decisions in a software radio system.   Several 

implementation issues will be described that affect the development process and some design 

principles will be laid out that help to provide an efficient design.  As flexible software radio 

solutions become more prevalent in wireless communications, these design principles will be 

increasingly important for the engineers designing the systems.   

 

1.2 Organization of Thesis  

 Following this introductory chapter, this thesis presents an overview of the digital 

hardware solutions for software radio systems in Chapter 2.  In Chapter 3, digital signal processor 

architectures are identified and several of the programming techniques are discussed including 

pipelining and real-time operating systems.  The chapter also contrasts digital signal processors
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 with  general-purpose processors for use in software radios.  Chapter 4 discusses field-

programmable gate array architectures, including structure, processing elements, and design 

techniques.  Chapter 5 summarizes the implementation trade-offs associated with the various 

digital hardware solutions and the author offers a methodology making decisions on what 

processing resources to use in a software radio system.  Power consumption issues and efficiency 

techniques are identified in Chapter 6 while the interprocessor communication concerns are listed 

in Chapter 7.  Chapter 8 discusses the techniques for testing and validating digital hardware 

systems.  Chapter 9 presents conclusions and the author offers a prediction of future digital 

hardware use in software radios. 
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Chapter 2 
 
Digital Hardware for Software Radios 
 

2.1 Overview  
 
 Digital hardware solutions are critical components to the design and operations of software 

radios and they ÄÅÔÅÒÍÉÎÅ ÔÈÅ ÒÁÄÉÏȭÓ ÃÁÐÁÂÉÌÉÔÉÅÓ ÁÎÄ ÐÅÒÆÏÒÍÁÎÃÅȢ  3ÉÎÃÅ ÒÁÄÉÏ ÏÐÅÒÁÔÉÏÎÓ ÁÒÅ 

defined by programmable designs running on digital hardware, greater flexibility is available for 

implementing various wireless standards and waveforms.  Digital hardware is available in various 

forms on single-chip custom integrated circuits (ICs), of which the most commonly used for 

software radio are digital signal processors (DSPs), field programmable gate arrays (FPGAs), 

general-purpose processors (GPPs), and application specific integrated circuits (ASICs).  

Additionally, hybrid combinations of these devices and multi-core processing structures are 

becoming increasingly available on single-chip solutions, thereby providing added performance and 

re-configurability.  Analyzing the trade-offs among these options and determining the best digital 

hardware solution for a software radio system is a complex and challenging task for system 

designers.  Flexibility, portability, scalability, and performance are four main interrelated and often 

opposing issues important in the design decisions for the digital hardware composition of a 

software radio.   

 Flexibility is the ability to adapt to various current and future wireless communication 

standards and protocols and helps to facilitate short innovation cycles by allowing integration of 

new features through successive product generations. Additionally, flexibility offers options for 

integrating system and wireless standard updates for increasing quality and performance, thereby 

reducing the rate of obsolescence.  Run-time adaptation can also facilitate dynamic switching 

between different standards (i.e. hand-offs between GPRS, EDGE, and/or UMTS) [Blume 02]. 

 Portability is the ease with which a system or component can be transferred from one 

hardware or software environment to another [IEEE 90] and its goal is the design of software code 

than can be easily ported to another hardware architecture; non-portable code often requires more 

design time than fully re-writing the code, and thus leads to increased cost.  By designing radio 

software in a modular format, with a system composed of discrete components, various levels of 

portability can be achieved for implementation across hardware architectures.  
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 Scalability allows the digital hardware to provide a range of capabilities depending on the 

software and hardware configuration of the system.  Highly scalable digital hardware architectures 

can satisfy complex system requirements but also handle less demanding, more cost sensitive 

requirements [Pulley 08].  For instance, a software defined cellular base station can utilize energy-

scalable algorithms to provide a variable number of communication channels based on demand, 

thereby trading capacity for energy cost.  In addition, in a handheld device, scalability can be 

utilized to vary the rate at which equalizer coefficients are updated based on the error rate, trading 

quality for energy efficiency [Dejonghe 08].   

 Performance determines how successfully and efficiently the digital hardware implements 

ÒÁÄÉÏ ÆÕÎÃÔÉÏÎÓȢ  -ÏÏÒÅȭÓ ,Á×ȟ ×ÈÉÃÈ ÓÔÁÔÅÓ ÔÈÁÔ ÔÈÅ ÎÕÍÂÅÒ ÏÆ ÔÒÁÎÓÉÓÔÏÒÓ ÏÎ Á ÃÈÉÐ ×ÉÌÌ ÄÏÕÂÌÅ 

about every 18 months, has been a driving factor in increasing digital hardware performance.  More 

transistors and higher speed operations leads to more demanding applications with higher data 

rates.  Nevertheless, performance is not only based on computational data throughput but also 

based a number of factors including energy efficiency, cost, and area requirements.   It is directly 

related to flexibility, portability, and scalability; and trade-offs must be made to provide a balanced 

implementation.  

 Each of the four main digital hardware categories offers varying levels of re-

programmability and performance.  Instruction-based architectures offer the greatest flexibility 

and can be programmed in familiar high-level languages such as C/C++.  GPPs provide the most 

flexible architecture but guaranteeing  execution time in GPPs is difficult,  so DSP processors are 

often used to provide a slightly less flexible yet more deterministic implementation.  DSP 

processors can still be programmed in high-level languages but need architecture specific 

programming to achieve additional performance.  FPGAs offer even better performance using a 

highly parallel structure with computationally -intensive resources, but require specialized 

programming tools and knowledge, thereby reducing flexibility for added capability.  ASICs offer 

the most optimized and efficient digital hardware implementation but are often a poor choice for 

software radio since their design is in fixed silicon with little to no flexibility. 

 For the latest wireless standards, the four main digital hardware categories (GPPs, DSPs, 

FPGAs, and ASICs) provide inadequate computational capability and require a combination of 

technologies for implementation. These new wireless standards require FPGA or ASIC assistance 

for high throughput simple functions and DSP software for complex control functions [Pulley 08]. 

However, interconnect bottlenecks between dedicated ICs reduce performance, so hybrid, multi -

core, and graphical processing unit (GPU) structures on chip are becoming popular.  Multi-core 
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architectures offer high performance parallel resources with high-level language programming 

environments.  By utilizing these single-chip devices, the new architectures offer a better balance of 

high speed processing, power consumption, and development effort compared to multi-chip 

designs. 

  

2.2 Overview of Key Hardware Elements 
 
 Modern software radio systems require substantial digital processing power for 

implementing flexible and highly capable systems.  This digital processing can be implemented with 

various hardware components including DSP processors, GPPs, FPGAs, and ASICs.  Each hardware 

choice provides various levels of performance, flexibility, and programmability that must be 

evaluated early in the development process when designing hardware for a software radio system.  

Once hardware choices are made that will satisfy processing requirements, the development 

process moves to computer-aided design (CAD) of the circuit logic and drawing of a high-level 

circuit schematic.  After the circuit design is considered functional, often after several design 

revisions, the layout of a printed wiring schematic and manufacturing of the printed circuit board 

(PCB) can be completed.  Following manufacturing, the final design step is to solder the hardware 

components on the PCB, load the program code into the hardware, and test the final product. 

 The hardware components used in software radio systems are diverse in their architecture 

and functionality.  Some provide high performance solutions with little in-field flexibility, while 

others maintain high flexibility at the expense of performance or power trade-offs.  Processors are 

typically  considered the most flexible and programmable hardware elements while ASICs maintain 

a fixed architecture after development.  FPGAs fall in the middle of this flexibility versus 

performance curve, providing a configurable high-performance solution but with mostly static 

functionality during run -time.  However, as technology develops, hardware components are 

blurring the lines between performance and flexibility.  For example, ASICs can contain some 

partially reconfigurable logic and FPGAs offer run-time reconfiguration options to facilitate 

flexibility.   

 DSP processors are microprocessors designed for digital signal processing applications, 

where high-performance repetitive mathematical operations are the primary function.  DSP 

processors come in a variety of architectures with a trend toward multiple-processing cores on a 

single chip.  They can be programmed through both assembly language and high-level languages 

(HLLs), making development easier than on hardware requiring more specialized languages, such 

as FPGAs or ASICs.  Since high-performance applications often require significant processing power, 
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DSP architectures generally include several parallel processing elements to accelerate DSP 

algorithms. The parallel processing elements typically offer cycle efficient computations, thereby 

reducing processing time per sample.  The multiply-accumulate (MAC) operation, where two 

operands are multiplied together and added to previous multiplication results, is one common task, 

and therefore it is often one of the parallel processing elements available on a DSP.  Other parallel 

processing elements include additional arithmetic logic units and hardware acceleration blocks.  

While significant processing power may be available on DSP processors, their architecture is fixed 

by the number of hardware blocks.  This might provide a less than optimal solution for a processing 

operation since additional clock cycles may be required to process a data sample.  While DSP 

processors provide one processing solution, other hardware choices are available that may provide 

a more efficient and optimized design, yet often at the expense of programmability. 

 FPGAs are hardware devices that provide a matrix of reconfigurable logic resources on a 

single chip, which can be programmed to implement a user specified circuit.  When FPGAs were 

first introduced in the 1980s, they were designed as a configurable solution to glue-logic, which 

links discrete hardware components such as an ADC and a DAC together.  While they still maintain 

this functionality in many systems, the architecture has improved to provide processing resources 

capable of large-scale DSP tasks.  Inside an FPGA, multiple hardware resources can be configured 

for processing various concurrent tasks while maintaining an optimal word size for a particular 

algorithm.  However, since FPGAs are highly configurable, they are difficult to program based on 

hardware description language (HDL) requirements.  This can be a deterring factor when choosing 

an FPGA for a system since it can increase development costs and time-to-market. 

 GPPs are a relatively new player to the software radio field because they have historically 

offered poor performance for real-time signal processing tasks.  GPPs are generally designed for 

high performance computing solutions performing mostly case-based reasoning operations.  They 

are typically not optimized for the predictable and time-sensitive real-time software radio 

computational tasks, as operation times are often variable. However, as processor architectures 

have developed, GPPs have gained additional performance capabilities attributed to parallel 

processing blocks, higher clock rates, and large on-chip memories.  Several of the architectural 

features once only available on DSP processors are now available on GPPs, and as such, GPPs are 

being used in more software radio applications.   

 ASICs are generally the most powerful and computationally efficient hardware element 

designed for signal processing applications, but their use in software radio is diminishing due to 

limited flexibility.  ASICs are designed with HDL tools that implement circuits similar to FPGA 
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design, but their hardware implementation is configured once at the silicon foundry during 

manufacturing.  While some ASICs can be designed with partially reconfigurable regions, their 

overall structure is fairly static.  Therefore, this is an issue for software radios since the ability to 

alter the algorithm implemented on the ASIC is unavailable. Custom ASICs are generally only used 

to provide added processing power when no other option is available due to design constraints or 

when designing sufficiently high volume systems.  Standard ASIC circuits are also available for 

specified applications such as down conversion on the radio front end or to implement specific 

standards such as W-CDMA.  These standard ASIC circuits are still often utilized in software radio 

designs but their use may dimini sh with advancing technology. 

 In the following chapters, an overview of the hardware architectures of DSP processors, 

multi -core processors, general-purpose processors, and FPGAs will be discussed along with their 

associated design trade-offs.  ASICs will be mentioned in many of the discussions but due to their 

vast architectural differences and diminishing use in software radios, a full discussion on the 

subject is not provided.   
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Chapter 3  
 
Digital Signal Processors  

 

3.1 Introduction to DSP Processors 
 
 Digital signal processors (DSPs) are microprocessors with specialized architectures 

designed to efficiently implement computational algorithms with high performance I/O.  Many 

application areas, such as wireless communications, audio and video processing, and industrial 

control systems now require digital signal processing as a core technology.  These DSP applications 

often require higher performance execution than is typically found on standard microprocessors; 

therefore, DSP processor architectures provide optimized support for the high performance, 

repetitive, and numerically intensive mathematical manipulation of digital signals [Lapsley 97].  To 

support these high performance mathematical tasks, DSP processors have several features tailored 

directly to DSP operations, such as hardware multipliers, dedicated address generation units, and 

large accumulators.  Additionally, special instructions are available for common DSP operations, 

often with the ability to execute in parallel for faster execution.  While these specialized functions 

can significantly increase algorithm execution, the memory access time for obtaining inputs and 

storing results can be a bottleneck for the system.  Consequently, most architectures offer several 

memory accesses in a single clock cycle, where instructi on and data operands can be obtained.  

Since numerous DSP processors are available for a variety of applications; it is important to 

consider factors such as architecture, speed, multi-processing capabilities, MAC units, instruction 

set, power consumption, and cost before selecting a DSP processor for a particular application.   

In this section, several DSP processor architectures will be described, identifying features 

such as parallel processing units, memory buses and address generation units.  The analysis will 

include a description of the available numeric representation methods and associated arithmetic 

operations.  The pipelining technique will be demonstrated to indicate how processing resources 

can be better utilized to yield higher computational performance.  Since multi-core processing is 

another method of increasing computational performance and offering several cores on a chip is a 

relatively new approach, an architectural example will be shown.   Development methods using 

real-time operating systems will be discussed and benchmarking techniques for evaluating DSP 

processor performance in software radio applications are identified.   

 



 

9 
 

3.2 DSP Core 
 
 DSP processors can be packaged in many forms, but the main computational data path that 

includes an arithmetic logic unit (ALU), accumulators, multipliers, shift registers, and data and 

address buses is called the DSP core [Lapsley 97].  The central processing unit (CPU) inside the DSP 

core is responsible for performing cycle efficient computational operations on signal data.  Many of 

the computational operations involved in DSP algorithms, such as digital filters, Fourier transforms, 

and correlations, require a vector dot product.  The vector dot product is implemented with a 

multiply -accumulate (MAC) operation, expressed as a ă Á Ͻ Â Ɇ Ã [Cofer 06].  To facilitate a fast and 

efficient algorithm execution, at least one MAC unit is typically included ÉÎ ÔÈÅ #05ȭÓ ÄÁÔÁ ÐÁÔÈ and 

higher performance DSP cores include several MAC units for executing operations in parallel.  Other 

hardware features are also available in the DSP core that facilitate efficient computation operations 

and will be discussed in the following section.   

 DSP cores are the building blocks for DSP processors.  While DSP cores can be packaged and 

sold by themselves as DSP processors from companies such as Texas Instruments and Analog 

Devices, they can also be used as building blocks in other silicon chips.  It often may be more 

efficient for a system to include a DSP core as one element in the overall chip design, thereby 

keeping as many signals on chip as possible to reduce communication overhead, bottlenecks, and 

power consumption at the external pins.  The overhead for other elements such as interface logic, 

memory, peripherals, and custom units can all be included in a small efficient package [Lapsley 97].  

Designing these custom silicon circuits with DSP cores and other logic on a single chip can be done 

on a custom ASIC, but it is often more effective on an FPGA implementation for flexibility in a  

software radio system. 

 

3.3 DSP Processor Architectures  
 

 DSP processors have architectures that are molded to efficiently execute DSP algorithms 

and most of the available features are dictated by the algorithms that are processed on the 

hardware [Donovan 06].   The performance and price range among devices vary widely, utilizing 

architectures that range from low-cost serial data path structures to extremely high performance, 

high-cost parallel configurations [Eyre 00].  In this section, the types of DSP processor architectures 

will be discussed along with their associated design trade-offs.  As technology develops, 

manufacturers are consistently refining their products for better performance or lower power 

operation; so the ÖÅÎÄÏÒȭÓ ×ÅÂÓÉÔÅ ÓÈÏÕÌÄ ÂÅ viewed for the latest available information . 
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 The DSP processor architecture utilizes a DSP core connected to several on-chip resources 

such as program and data memory.  The functionality of the processor architecture varies based on 

several factors including the instruction set used to execute operations, the available parallel 

processing units, the organization of the memory sub-system, and the native numeric data format.   

 4ÈÅ ÏÒÇÁÎÉÚÁÔÉÏÎ ÏÆ Á ÐÒÏÃÅÓÓÏÒȭÓ ÍÅÍÏÒÙ ÓÕÂ-system can have a large impact on 

performance [BDTI 00].  Shown in Figure 1, early general-purpose microprocessors utilized the von 

Neumann architecture, which provides a single bus connection to memory, thereby allowing a 

single memory access per clock cycle.  This structure is inefficient for executing many of the DSP 

operations required in software radio systems.  As mentioned previously, the MAC unit is 

fundamental to many signal processing algorithms.  For efficient execution of the MAC unit, an 

instruction wor d and two data word fetches must be made to memory in a single clock cycle [Eyre 

00].  An additional memory access per clock cycle is also needed to store the result of the multiply 

operation for an optimal solution.  The von Neumann architecture is not sufficient to support this 

capability; therefore most modern DSP processors utilize the Harvard architecture or a modified 

Harvard architecture. 

 

Figure 1: Standard DSP von Neumann Memory Architecture  

 In the Harvard architecture, separate memory banks are included for program and data 

memory.  The processor can simultaneously access two or more of these separate memory banks 

through separate communication buses, thereby loading data operands1 and fetching instructions 

concurrently.  A generic Harvard architecture is shown in Figure 2.  Many variants of the Harvard 

                                                         
1 Operands refer to the both the input data to be processed by an instruction as well as the output 
data that results from the instructionȭs execution [Lapsley 97]. 
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architecture are available and most DSP processors actually use a modified Harvard architecture.  A 

modified Harvard architecture allows the instruction memory to be accessed as if it were data 

memory, and vice versa.  Additionally, the independent memory banks and buses allow pipelining 

to be used to increase program execution speed, which will be discussed in Section 3.6 Pipelining. 

 

Figure 2: Generic Harvard Architecture  using dual -data buses and a program bus  

 
 

Uniscalar  Architecture  

 DSP processor CPUs that have a small number of processing elements and can execute one 

instruction per clock cycle are referred to as conventional DSP processors utilizing the uniscalar 

architecture.  The uniscalar architecture uses the modified Harvard memory structure and 

generally includes a single multiplier unit, an ALU, and possibly a shifter unit.   The low-end 

conventional DSP processors typically have low clock rates and minimal additional execution units 

while mid-range versions offer higher clock rates, some additional hardware to improve 

performance, and deeper instruction pipelines [Eyre 00].  Since one instruction can be executed per 

clock cycle, the maximum processing performance is largely limited by the chip clock rate.  For 

example, as of 2009 the Analog Devices ADSP-21xx family offers uniscalar processors operating 

between 75-160 MHz, yielding performance between 75-160 million instructions per second 



 

12 
 

(MIPS), respectively [Analog 09].  These conventional DSP processors provide respectable DSP 

performance while maintaining modest memory and power consumption requirements.   

 

Very Long Instruction Word  (VLIW)  vs. Superscalar 

 Since conventional DSP processor clock rate increases are limited, additional methods must 

be exercised to gain more useful processing work out of each clock cycle.   One approach is to 

extend the architecture to include parallel execution units and modify the processor instruction set.  

The VLIW architecture utilizes instruction level parallelism to execute multiple independent 

operations on separate processing units.  VLIW DSP processors typically contain between four and 

eight independent processing (functional) units in the DSP core.  The execution of these processing 

units during each clock cycle is dependent on one super-long instruction word that contains 

independent sub-instructions, corresponding to each unit  [Eyre 00].  The sub-instruction groupings 

are done during software development and compile time with the aid of code generation tools; 

therefore the grouping does not change during program execution.  The long instruction words 

make more uniform register sets and simpler instructions possible at the cost of added code size 

and memory usage.  These added requirements translate into higher memory bandwidths, bus 

widths, and clock rates that increase power consumption over a conventional DSP processor 

[Donovan 06].  The Texas Instruments TMS320C6424 is one example of a VLIW DSP Processor.  It 

contains eight independent functional units; six ALUs supporting single 32-bit, dual 16-bit, or quad 

8-bit arithmetic and two multipliers suppor ting four 16 x 16-bit multiplies  or eight 8 x 8-bit 

multiplies per clock cycle [TI 08a].  With a clock rate of 700 MHz, these functional units in the DSP 

core can provide a total of 2800 million MACs per second (MMACS) with four 16-bit multiply 

operations or 5600 MMACS with eight 8-bit multiply operations  [TI 08b]. 

 Similar to the VLIW architecture, the superscalar architecture also provides parallel 

execution units.  However, instead of grouping instructions during program assembly, the grouping 

is done during run-time.  Superscalar architectures have dedicated circuitry for determining  which 

instructions will be executed in parallel based on data dependencies and resource contention 

[Donovan 06].  Therefore during different repetitions of the same segments of code, the processor 

may create different instruction grouping s.  This dynamic scheduling of parallel operations can be 

challenging for the programmer since it may be difficult to predict the execution time of a certain 

segment of code [Eyre 00].  Consequently, the lack of timing predictability has limited Superscalar 

architecture acceptance to date in DSP processors, despite easier programmability than their VLIW 

counterparts [Donovan 06].   
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Single Instruction, Mult iple Data (SIMD) and Multiple Instruction, Multiple Data (MIMD)  

 SIMD and MIMD are architectural techniques used with DSP processors that identify how 

parallel processing units are controlled and communicate with each other [BDTI 07].  In the SIMD 

approach, the parallel processing elements are controlled by a single instruction stream and 

operate concurrently.  As shown in Figure 3, during each time instant, a single instruction 

commands the processing elements to perform the same operation, but utilize their own input data 

and generate their own output [BDTI 07].  Using this technique, only one hardware unit is needed 

to decode the instructions for the parallel processing units.  Additionally, by utilizing only one 

instruction word for several parallel processing elements, the instruction memory requirements 

are reduced over standard VLIW and Superscalar implementations.  For instance a 32-bit VLIW 

processor with four parallel execution units requires a 128-bit  instruction ; this can be reduced to a 

32-bit instruction word in an SIMD implementation, a reduction by a factor of four.  These two 

factors can potentially reduce the required chip size, power consumption, and memory utilization .  

As an example, an SIMD multiplication instruction could perform two or more multiplications on 

different input operands in a single clock cycle [Eyre 00].  This approach is most useful for 

performing the same, repetitive computation across vector data, often found in signal processing 

systems, such as filtering.   

 

Figure 3: SIMD architectural a pproach  with one instruction word per mult iple data words  

 In the MIMD approach, the processing elements are full processors that execute their own 

instruction stream.  The architecture may follow a homogeneous structure where all the processors 

are the same or a heterogeneous structure where two or more distinctly different types of 

processors are available [BDTI 07].  MIMD machines usually operate asynchronously, eliminating 
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the need for a single clock for all the processing elements.  There is often confusion about the 

differences between and MIMD machine and a multi-processor approach.  When considering an on-

chip multi-processor approach, the two names are synonymous but when using separate chips it is 

considered a mult i-processor approach.  Programming these devices is generally more difficult than 

SIMD machines since partitioning applications and ensuring correct data flow is a challenge.  

(Ï×ÅÖÅÒȟ ÓÉÎÃÅ ÔÈÅ ÐÁÒÁÌÌÅÌÉÓÍ ÄÏÅÓÎȭÔ ÒÅÑÕÉÒÅ ÍÕÌÔÉÐÌÅȟ ÉÄÅÎÔÉÃÁÌ ÏÐÅÒÁÔÉÏÎÓȟ ÉÔ ÉÓ ÍÏÒÅ flexible 

than SIMD and can parallelize a wider range of applications [BDTI 07].   The picoArray processor, as 

discussed in Section 3.7 Mult i-processing and MIMD Architecture Examples, is an example of a 

MIMD machine.   

 

3.4 Numeric Representation  
 
 DSP processors and other digital hardware devices implement numerical values and 

arithmetic operations using either fixed point or floating point numeric representation.  Fixed point 

processors represent and manipulate numbers as integers while floating point processors use a 

combination of mantissa (or fractional part) and an exponent for representation [Cofer 06].  One of 

the key differences between the two formats is the available dynamic range, which is the ratio of 

the maximum to minimum absolute values that can be represented as a number.  The floating point 

format offers a much larger dynamic range and is more high-level language friendly than fixed point 

but is expensive in terms of silicon area and complexity [Cofer 06]; therefore, most DSP processors 

utilize the fixed point representation.  The format and trade-offs associated with each 

representation will be explained in the following subsections. 

 
Fixed Point  

Fixed point is regularly used as the numeric format in digital hardware for representing 

numbers as either signed integers or signed fractions.  To represent positive and negative numbers 

in fixed point, sign ÍÁÇÎÉÔÕÄÅȟ ÏÎÅȭÓ ÃÏÍÐÌÅÍÅÎÔȟ ÏÒ Ô×ÏȭÓ ÃÏÍÐÌÅÍÅÎÔ ÆÏÒÍÁÔ ÉÓ ÕÓÅÄȢ  

Additionally, in the fixed point format, there is an implied binary point (also known as a radix 

point) that separates integer and fractional parts.  In a fixed point integer, this radix point is to the 

right of the least significant bit where as in fixed point fractions, the radix point is between the sign 

bit and the most significant magnitude bit [Nelson 95].  A combination of integer and fractional 

parts can also be represented by shifting the radix point in the fixed point fraction to the right.  

Since a limited number of possible values are available to represent a number in fixed point, the 
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desired number must be quantized to fit in the available dynamic range by rounding-off and/or 

truncating to the nearest fixed point value.   

Fixed point DSP processors are popular in wireless communication systems since they 

typically offer a higher speed, lower cost, and lower power alternative to their floating point  

counterparts.  These benefits result from the reduced silicon complexity required for fixed point 

arithmetic.  However, the advantages are traded off against added design effort required to prevent 

accumulator overflow and implement fixed point algorithms [Cofer 06].  Consequently, the 

programmer must pay attention to numeric scaling that will be discussed in the following 

subsection.  The word sizes vary among processors but a 16-bit word ÕÓÉÎÇ Ô×ÏȭÓ ÃÏÍÐÌÅÍÅÎÔ 

format is frequently used [Cofer 06].  When performing arithmetic operations, the interim products 

will often be larger than the original operands.  For that reason larger accumulators are attached to 

the outputs for storing interim results.  With a 16-bit word, a 32-bit attached accumulator is 

common to provide added precision, helping to prevent overflow and saturation conditions from 

occurring during arithmetic operations.  

Figure 4 depicts an example for a 16-ÂÉÔ Ô×ÏȭÓ ÃÏÍÐÌÅÍÅÎÔ ÆÉØÅÄ ÐÏÉÎÔ ÉÎÔÅÇÅÒ.  The sign bit 

is indicated as S while x denotes a binary value of 1 or 0.  In this example, the sign bit is located in 

bit 15 and the radix point is located to the right of the least significant bit; as a result integer values, 

N, range from -σςχφψ Ѕ . Ѕ σςχφχȢ  

 

Figure 4: 16-ÂÉÔ 4×ÏȭÓ #ÏÍÐÌÅÍÅÎÔ &ÉØÅÄ 0ÏÉÎÔ Integer  Representation  

The Q-format is a method for tracking the relative location of the radix point within an 

arithmetic input value and operation result [Cofer 06].  During some arithmetic operations, such as 

multiplication, the radix point can shift in the result; thus, to accurately use the resulting value, the 

location of the radix point must be known.   In the Q-format, the number of bits to the left and right 

of the radix point is indicated.  Figure 5 depicts a 16-bit fractional fixed-point representation, also 

known as Q1.15 since the radix point is indicated to the right of bit position fifteen, between the 

sign bit and the most significant magnitude bit.  When the word length is fixed and known, the bits 

to the left of the radix point are often excluded from the indicator, so Q1.15 would be shown as Q15.   

In this Q15 format, the fractional numbers have fifteen bits of precision and a sign bit is included, 
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thus values from -1 < N < 1 can be represented.  However, it should be noted that in the maximum 

binary fractional value for this representation is 0.999969482 and not actually 1.    

 

Figure 5:  16-bit Signed Fractional Fixed Poin t (Q15 Representation)  

 

 In Figure 6, a fixed point representation for a 16-bit mixed integer/fractional value is 

shown.  The radix point is to the right of bit 13, thus this is recognized as a Q13 number.  In the Q13 

Ô×ÏȭÓ ÃÏÍÐÌÅÍÅÎÔ ÆÏÒÍÁÔȟ ÔÈÅÒÅ ÉÓ Á ÓÉÇÎ ÂÉÔȟ Ô×Ï ÂÉÔÓ ÏÆ ÉÎÔÅÇÅÒ ÖÁÌÕÅÓȟ ÁÎÄ ÔÈÉÒÔÅÅÎ ÂÉÔÓ ÏÆ 

fractional representation, thus integer values with fractional portions can be represented from -τ Ѕ 

. Ѕ τ ×ÉÔÈ ρυ ÂÉÔÓ ÏÆ ÐÒÅÃÉÓÉÏÎ [Reed 02].   

 

Figure 6: 16-bit Signed Fractional Fixed Point (Q13  Representation ) 

 

Fixed Point Numeric Operations  

 Performing numeric operations in fixed-point representation requires additional 

programming care.  The programmer must ensure that the values remain in the available numeric 

dynamic range while also tracking the radix point of the operands and results.   Multiplication 

issues arise for fixed-point numbers since the result produces more bits of precision than the 

original operands.  Ultimately, the result will need to be converted back to the size of the original 

operands, but care must be maintained during the conversion to maintain numeric fidelity. 

 When operands greater than one are multiplied together, the result is a number greater 

than the original operands; this can possibly present an overflow situation in a fixed-point DSP 

processor.  However, when two fraction operands are multiplied together, the result is another 

fractional value with smaller magnitude than the original operands, thus preventing overflow 

conditions.  This principle can be exploited in fixed-point multiplication by scaling the operands 
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into the range from -1 to 1.  As long as both operands, as well as any coefficients used, are scaled 

equally, the multiplication operation will provide equivalent results.  To scale the operands into a 

fractional representation, the radix point can be shifted.  Moving the radix point to the left one 

position results in a divide by 2 operation, while moving the radix point to the right results in a 

multiply by 2 operation.  Therefore, as long as the binary points are shifted equally, the numbers 

can be normalized to a fractional representation before the multiplication operation.  During 

arithmetic operations, the goal is to allow the operands and results to span as much of the 

processors dynamic range as possible [Reed 02].   

Since fractional multiplication results in another smaller magnitude fractional value, the 

least significant bits (LSBs) of the result do not significantly represent its magnitude.  Therefore, 

these LSBs can be truncated to reduce the result back to the original word size without any 

significant loss of accuracy.  For example, when two 16-bit Q15 numbers are multiplied together, as 

shown in Figure 7, the result is 32-bit Q30 number.  This Q30 result has two bits of sign and 30 bits 

of fractional content, where the MSB is called an extended sign bit  [Cofer 06].  While the 

accumulator can temporarily hold this 32-bit result, it must be converted to a 16-bit word before it 

can be stored to memory or processed further by the DSP.  To convert the Q30 result to Q15 format, 

the result is shifted to the right by 15 bits and the lower 16 bits are stored to memory.  As an 

alternative method for Q15 conversion, the Q30 result can be shifted to the left by 1 bit and the 

upper 16 bits stored to memory.   

 

Figure 7: Fixed-point Multiplication  

While scaling the operands to fractional values will always result in numeric results less 

than 1, preventing overflow conditions, the same cannot be said for the addition operation.  When 

two fractional values are added together, as shown in Figure 8, their resulting value can be greater 

than 1.  This causes an overflow condition to occur as indicated by the 1 in the sign bit.  In this case, 

the operation result cannot simply be truncated since the LSBs are required to maintain accuracy.  

The solution to this issue is to require operand input values to be small enough to avoid any 

ÏÖÅÒÆÌÏ× ÃÏÎÄÉÔÉÏÎȢ  4ÈÉÓ ÏÆÔÅÎ ÒÅÑÕÉÒÅÓ ÅØÔÒÁ ÅÆÆÏÒÔ ÏÎ ÔÈÅ ÐÒÏÇÒÁÍÍÅÒȭÓ ÐÁÒÔ ÔÏ ÅÎÓure the 

operands are small enough before the addition operation is performed.  Care must be taken to track 
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the radix point since the addition operation requires that it be in the same location for both 

operands.  

 

Figure 8: Fixed-point Addition  

Floating Point  

Floating point representation uses a mantissa and exponent combination to represent a 

number, similar to numbers written in scientif ic notation.  The general format for a floating point 

number N is N = mantissa * 2exponent.  Both the mantissa and the exponent are fixed point numbers 

where the mantissa identifies the significant digits of N.  The mantissa is often a fractional value 

coded in sign magnitude form, with values ranging from -1 < mantissa < 1 [Nelson 95].  The 

exponent value represents the number of bit positions the radix point must be shifted to the left or 

right to obtain the correct value.  The sign bit included in the mantissa is indicated by S in Figure 9, 

which shows the IEEE single precision floating point format.  This format utilizes a 32-bit word size 

with 24 mantissa bits, 7 exponent bits, and a sign bit.  Since the MSB of the mantissa for a 

normalized number is known to be 1, the storage of this bit is not required.  Therefore, the IEEE 

format suppresses this value by subtracting 127 from the exponent to add an additional bit of 

precision [Nelson 95].  Several other formats are also available with variable mantissa/exponent 

coding or increased numeric precision (utilizing longer word lengths).   

 

Figure 9: IEEE Floating Point Format  

 Despite the wide use of the fixed point format, floating point representation offers several 

implementation advantages in digital hardware.  As mentioned earlier, floating point 

representation offers a much wider dynamic range over fixed point numbers of the same word size 

[Cofer 06]; however, floating point offers less precision.  Floating point processors are often easier 

to program and they execute floating point algorithms with fewer cycles than equivalent fixed point 
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implementations [Lerner 07].  The code development is also less architecture aware, enabling 

increased portability among hardware platforms and simulation environments.  Nevertheless, 

floating point processors have increased cost, silicon circuit complexity, and power consumption.  

Additionally, the extra dynamic range provided by floating-point representation is often not needed 

in many applications, thus limiting floating point use in software radio systems. 

 

3.5 Addressing  
 

 Addressing refers to how operand locations are specified.  There are various addressing 

modes available and DSP processors will support a subset of the modes described in this section.  

Some of the addressing modes are commonly found on GPPs while others have been created to 

efficiently execute DSP algorithms.  Additionally, some addressing modes may only be available for 

a subset of the available processor instructions. 

Common to most DSP processor architectures, the address generation unit (AGU), as shown 

in Figure 2, is a feature included in the CPU for speeding up arithmetic processing.  The number of 

buses the AGU drives will vary depending on the processor architecture.  The AGU operates in the 

background, forming addresses required for operand accesses in parallel with arithmetic 

calculations in the data path, thus improving performance.  AGUs typically support several 

addressing modes.  Five commonly used addressing modes that will be discussed in this section 

including immediate data, direct addressing, register-indirect addressing, circular address, and bit-

reversed addressing.  While these modes, or a subset of these modes, are common to many DSP 

processors, DSP processor architectures may incorporate additional specialized addressing modes; 

consult ÔÈÅ ÖÅÎÄÏÒȭÓ ÐÒÏÇÒÁÍÍÉÎÇ ÇÕÉÄÅ ÆÏÒ ÁÖÁÉÌÁÂÌÅ ÏÐÔÉÏÎÓȢ 

 

Immediate Data  

 Immediate data supplies the numerical value of the operand within the instruction word 

itself or within a data word that follows the instruction.  As an example, immediate data can be used 

with the Analog Devices ADSP-21xx assembly language to load a register with a constant value 

2345.  The syntax is: 

AX0 = 2345 

This instruction causes the constant 2345 to be loaded into the register AX0.  Note that the constant 

value 2345 is specified as immediate data while the destination register, AX0, is specified with 

register direct addressing [Lapsley 97].  
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Direct Addressing  

 Two common forms of direct addressing are available including register-direct addressing 

and memory-direct addressing (sometimes referred to as absolute addressing).  In register-direct 

addressing, the operand is located in a register; therefore the register is specified as part of the 

instruction.  As an example, the instruction 

     SUBF A1, A2 

subtracts the register A1 from register A2, and stores the result back in register A1.  This 

addressing mode is often useful when using extended precision registers on the chip with wider 

data widths than available in memory. 

In memory-direct addressing, the operand resides in a memory location accessed by an 

address encoded in the instruction word or in a data word following the instruction.  For instance,  

AX0 = DM(1FA0) 

causes the data located at memory address 1FA0 to be stored into register AX0 using the AD ADSP-

21xx assembly language [Lapsley 97]. 

 
Register -Indirect Addressing  

 Register-indi rect addressing stores data in memory and uses a register to hold the memory 

address where the data is located. Some processors offer special address registers for holding 

memory addresses while others use general purpose registers that can store both address and data 

values.  Register-indirect addressing is important for software radio systems since it facilitates 

working  with arrays of data, common to many DSP algorithms.  This method is also useful for the 

instruction set efficiency since it is flexible yet requires relatively few bits in the instruction word 

[Lapsley 97].   

 Since register-indirect addressing is one of the most important addressing modes in DSP 

processors, there are several variations available that help increase performance including register-

indirect addressing with pre- and post- increment and register-indirect addressing with indexing.  

The pre- and post- increment option starts with a base address in the address register but adds an 

increment to the address value either before (pre-increment) or after (post-increment) the data is 

used.  For a post-increment example, the instruction 

A1 = A1 + *R1++ 

adds the value in the memory location specified by R1 to the accumulator A1 and then increments 

the value in the address register R1 to reference the next memory location [Lapsley 97]. 

 Register-indirect addressing with indexing is another option that adds an address register 

and a constant (or two address registers) to form an effective address to access memory.  This 



 

21 
 

addressing mode is useful when the same program code is used on multiple groups of data since 

each time the code in run, only the index value must be changed.  The pre- and post- increment 

options can be used in conjunction with the indexing option. 

 

Circular Addressing  

 Another form of register-indirect addressing is referred to as circular (or modulo 

addressing).  Circular addressing is important in DSP systems since DSP applications often utilize 

data buffers to temporarily store new data from an off-chip resource or a previous calculation until 

the processor is ready for further processing.  These data buffers are set up in a pre-determined 

memory space set aside for a specific purpose, such as convolution and correlation, and typically  

use first -in, first-out (FIFO) protocol.  The FIFO protocol reads the data values out of the buffer in 

the order in which they were received [Lapsley 97].    

When using a FIFO, a write  pointer and a read pointer  are maintained.  The write  pointer 

specifies the memory location to write the next incoming data value while the read pointer specifies 

the memory location to read the next value from the data buffer.  Every time a write or a read 

operation is performed on the data buffer, the write and read pointers are advanced to the next 

memory location.  The pointers are checked on each increment to determine when they reach the 

end of the memory buffer, at which point they are returned to the first memory location and the 

process is repeated.  However, the process of checking to see if the pointers have reached the end of 

the data buffer causes a significant performance bottleneck in the system; therefore circular 

addressing is used to eliminate the bottleneck.  To facilitate circular (or modulo) addressing, the 

processorȭÓ !'5 ÐÅÒÆÏÒÍÓ Íodulo arithmetic when calculating new address values, creating a 

circular memory buffer without the need to check the address pointers on every increment.   

 
Bit -Reversed Addressing  
 
 Bit-reversed addressing is a unique addressing mode designed to accelerate the use of fast 

Fourier transform (FFT) algorithms.  The FFT converts a time-domain signal into a frequency-

domain version, useful for identifying the frequency content of wireless signals.  However, after the 

FFT algorithm has been performed on a set of data, the resulting data is in a jumbled order.  

Specifically, when using the common radix-2 FFT implementation, the resulting data is in a bit-

reversed order.  Therefore, if the bits of a binary counter are written in reversed order from least-

significant to most-significant rather than most-significant to least significant, the resulting counter 

order will match the jumbled order of the FFT output data.  Many DSP processors support the bit -
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reversed addressing mode in the AGU to increase the processing speed of FFT algorithms, where 

the output of one of the addresses buses is bit-reversed before being sent to the memory address 

bus [Lapsley 97]. 

 

3.6 Pipelining  
 

 Pipelining is a technique that breaks a sequence of operations into smaller segments in an 

effort to execute the segments in parallel.  The number of stages that the instruction sequence is 

separated into is referred to as the pipeline depth.  By utilizing a parallel execution, performance is 

improved since the overall time required to complete the instruction sequence is reduced [Lapsley 

97].  However, by parallelizing an execution sequence, the programming becomes more difficult.  

For instance, some instructions may require additional execution time over other instructions in 

the pipeline, or some instruction sequences may not be available when using pipelining.  The 

programmer must trade-off performance for development time and programming difficulty when 

using pipelining [Reed 02]. 

 Pipelining uses the various memory buses available in the modified Harvard architecture to 

facilitate concurrent fetches for a new instruction while executing the previous instruction.  For 

demonstration purposes, a four-stage pipeline will be used, though in practice deeper pipelines 

may be available depending on the DSP processor architecture.  An example sequence of operations 

requires an instruction fetch from memory, an instruction decode operation, a read/write 

operation for the operands, and a MAC/ALU execute operation.  In this example, it will be assumed 

that each stage of the sequence operates in one clock cycle.  If each of these operations must be 

done sequentially, where the next instruction fetch cannot be completed until the current 

instruction execute operation is compete, the hardware resource utilization efficiency is 25% since 

it takes four clock cycles per instruction [Reed 02].   

In a pipelined implementation, a new instruction is fetched immediately after the previous 

instruction fetch.  During the second instruction fetch, the first instruction is being decoded.  The 

stages have now been overlapped and the efficiency has improved to provide a completed 

instruction on each clock cycle following the fourth clock cycle when the pipeline is filled, as shown 

in Figure 10. 
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Figure 10: Four Stage DSP Processor Instruction Pipeline  

 In this example, once the pipeline is filled following the execute stage of Instruction 1, the 

efficiency of the system has improved from 25% to 100% resource utilization; an improvement by a 

factor of 4 over the sequential implementation.  However, in practice the pipeline can be stalled for 

a number of reasons; therefore pipelining efficiency will not reach 100% resource utilization.  As 

shown during the decode stage for instruction 3 in Figure 10, conditional branches can stall the 

pipeline since the processor must begin executing at a new address, yet the next sequential 

instruction has already been fetched and placed in the pipeline while the branch instruction was 

decoded.  Branching often requires clearing the pipeline by executing no-operation (NOP) 

instructions until the next instruction is available after the branch as shown by Instruction 5, 

thereby reducing performance.  Also, some instructions will take additional clock cycles to 

complete an operation.  For instance, this scenario can happen for a long operand that requires two 

memory fetches or when an off-chip memory fetch is needed that takes additional clock cycles to 

complete.  Sometimes there will also be data dependencies where a current instruction will be 

dependent on a previous execution result, thus stalling the pipeline.    These as well as several other 

conditions, such as interrupts, complicate the programming but there are techniques available to 

deal with the issues and minimize the penalty.   Nevertheless, considerable performance gains will 

be observed using a pipelined technique over a sequential implementation.   

    

3.7 Mult i -processing and MIMD Architecture  Examples 
 
 With increasingly complex wireless application requirements, there is a need for expanding 

the computational ability of digital hardware devices.  The traditional DSP processors have one or a 

few processing cores available and regularly execute at a high frequency.  One method of increasing 

the processing power is to connect several of these DSP processors together to provide multi -
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processing solution.  There are several multi-processing system architectures available but a 

common approach is shown in Figure 11, where two dual-core DSP processors with separate level 

one (L1) memory caches and shared L2 caches for each CPU are utilized.  L1 cache is a smaller on-

chip memory providing fast memory accesses for each CPU while L2 cache is slightly slower 

memory cache that is typically shared between dual-core processors.  The DSP processors are 

linked together through a shared system memory organization, as will be discussed in Chapter 7.   

This approach requires applications to be partitioned into separate execution units that can run on 

the different CPUs in parallel.  Optimizing the inter-communication among processors is important 

for providing an effective solution since the processors must idle as they wait for data to arrive 

across the bus from another CPU. 

 

Figure 11: Multi -core processing with two d ual -core DSP processors  

 The trend in multi -processing is moving from a multiple chip organization to creating high 

performance DSPs that utilize multiple processing cores on the same chip; known as the MIMD 

approach.  On-chip multi-core improves performance by reducing the latency associated with 

transferring data among processing cores.  One example of this trend is the picoArray PC102 from 

picoChip.  The picoArray is a massively parallel, multiple instruction multiple data (MIMD) 

architecture designed for demanding signal processing applications [Duller 03] .  Rather than having 

one powerful processing core, the picoArray utilizes hundreds of smaller Harvard architecture 

processing units that can be programmed individually and linked together to implement an 

software radio system.  Each processing unit is called an Array Element (AE) and includes both 

instruction and operand memory connected to a 16-bit processor, shown in Figure 12.  The AEȭÓ 
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come in different forms, offering standard processors optimized signal processing functions, 

processors optimized for MAC operations, processors optimized for memory accesses, and 

processors optimized for control operations.  The standard and MAC AEs have a small amount of 

on-chip memory while the memory AEs have a larger amount of on-chip memory.  Additionally, 

several functional acceleration units (FAUs) and dedicated hardware blocks (e.g. Viterbi, FFT) are 

available to assist the AEs and increase system performance.  The units are connected together 

through a 32-bit data bus network, called the picoBus.  By utilizing these smaller programmable 

elements, the designer can approach the problem with a parallel design approach, helping to 

facilitate development and integration.  Parallel design is possible since units in the design provide 

deterministic computational operations, where each part of the design will operate the same alone 

as it does when the units are linked together.  The units can be designed to implement different DSP 

operations such as filtering, mixing, etc., that when linked together build a software radio system.  

 

Figure 12: picoChip Array Element 2 

 
To obtain a high level of programmability, performance, and flexibility, a multi-processing approach 

is often used with a combination of FPGAs, DSPs, and ASICs.  This often presents issues with co-

design since integration with different technologies can be challenging, often creating an expensive 

and power inefficient design.  Additionally, co-simulation is challenging since the processing 

                                                         
2 Figure 12 ÉÓ ÁÄÁÐÔÅÄ ÆÒÏÍ &ÉÇÕÒÅ σȟ Ȱ0ÁÒÁÌÌÅÌ 0ÒÏÃÅÓÓÉÎÇ ɀ ÔÈÅ ÐÉÃÏ#ÈÉÐ ×ÁÙȦȱ 
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technologies are provided from different vendors with proprietary tools.  The picoArray helps solve 

this issue by providing a powerful homogeneous processing architecture that is flexible for various 

wirel ess applications, thus minimizing the need for different technologies.  It provides the parallel 

processing required by many software radio systems in one silicon package and one development 

tool set. 

 

Multi -processing using Graphics Processing Units  

 Another emerging trend in software radio development is to use a graphical processing unit 

(GPU) to implement computationally-intensive algorithms.  Traditionally, GPUs were special 

purpose processors designed specifically to accelerate 3-D graphics on desktop systems and 

required graphical processing languages, such as OpenGL, for programming.  However, recently 

GPUs have evolved into a programmable architecture for general purpose computing, supporting 

high-level languages such as C and C++ [NVIDIA 09].  The GPU structure is similar to the MIMD 

architecture where there are hundreds of processor cores on a chip, focusing on parallel 

computation requirements with high data throughput.   When algorithms are executed on GPUs, 

rather than separating the pipeline in time like DSP processors, the pipeline is separated in space.  

By separating the pipeline in space, the output of one stage of the pipeline is fed into another stage 

of the pipeline operating in a different segment of the GPU [Owens 08].   

The GPU programming model is to utilize a heterogeneous architecture with a general 

purpose CPU connected to a GPU.  In this programming model, the sequential programming is 

implemented on the CPU while the computationally-intensive algorithms are implemented on the 

GPU.  This involves rewriting the algorithm to expose algorithm parallelism but high computational 

rates can be realized.  Some of the available GPU architecture options to utilize in software radio 

systems are InteÌȭÓ ,ÁÒÁÂÅÅ ÁÎÄ .6)$)!ȭÓ #5$! ÁÒÃÈÉÔÅÃÔÕÒÅȢ  4ÈÅÓÅ architectureȭÓ ÁÒÅ ÆÁÉÒÌÙ ÎÅ× ÔÏ 

the software radio field but there are some signal processing libraries available including fast-

Fourier transform algorithms for NVIDIAȭÓ #5$! ÁÒÃÈÉÔÅÃÔÕÒÅ ɍ/×ÅÎÓ πψɎȢ   

  

3.8 DSP Real-time Operating Systems   

Modern DSP applications have demanding requirements yet operate in constrained 

environments with limite d memory and processing power [Kalinsky 05].  The application must 

respond quickly to external events, perform many operations at the same time, and prioritize 

processing operations [Oshana 07].  To facilitate this capability, DSP processor based systems are 

often managed by a real-time operating system (RTOS).  An RTOS is a specialized type of operating 
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system that guarantees a certain processing capability within a deterministic amount of time.  By 

utilizing an RTOS for DSP systems, the application can be built on top of system software that 

provides the infrastructure for interfacing with the processor hardware.  The system software 

provides a standard set of interfaces for I/O communication and handling hardware interrupts; this 

increases code portability by developing software for an RTOS that is capable of running on 

different processor generations and architectures.  This hardware abstraction is shown in Figure 

13, where the application software is separated from the RTOS system software through 

application programmer interfaces (APIs). 

 

Figure 13: RTOS Hardware Abstraction  

The system software in the real-time operating systems manages and arbitrates access to 

global processor resources such as the CPU, memory, and peripherals through the RTOS core, called 

the kernel.  The kernelȭÓ ÍÁÉÎ ÅÌÅÍÅÎÔÓ ÉÎÃÌÕÄÅ a scheduler, an interrupt handler, and a resource 

manager [Oshana 07].  Performance and real-time aspects are managed by the CPU scheduler while 

the memory manager allocates, frees, and protects the program and data memory.  Any external 

events that compete for kernel services are handled by the interrupt controller.  I/O devices, timers, 

DMA controllers, and other peripherals are managed by RTOS drivers.   Since the kernel services 

run on the same CPU as the application tasks, an inherent performance penalty is experienced 

when using a RTOS.  However, ×ÉÔÈ ÔÏÄÁÙȭÓ ÈÉÇÈ-performance DSPs, the performance penalty can 

be minimized and the development benefits can outweigh the penalty cost.   
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Operating systems split application execution into basic computational units called tasks.  

The task scheduler determines which tasks should be granted access to CPU resources and in which 

order they should be executed.  To enable real-time applications, the task scheduler needs to be 

priority based and be given preemptive control; therefore,  DSP RTOS task schedulers offer multiple 

levels of interrupt priorities where the higher priority level tasks run first  [Oshana 07].  When a 

high priority level task is ready to execute, the scheduler will immediately  preempt any tasks with a 

lower priority level.   As a result, a DSP developer can schedule various tasks in the system based on 

a set of rules. 

Many RTOS products are available on the market for a variety of DSP processors.  When 

selecting a RTOS for a DSP system, there are many factors involved to make the best decision.  The 

RTOS kernel must provide efficient task execution, but system development and operational factors 

are equally as important.  The RTOS should have a good documentation and tool support as these 

factors can considerably affect development time.  Device support should also be evaluated to 

ensure the correct drivers are available for any current and future peripheral components needed.  

Real-time operating systems utilize limited ROM and RAM space, therefore their memory size 

requirements need to be gauged to guarantee the RTOS will fit in memory while leaving enough 

memory space available for application operation.  To address the memory issue, several RTOSes 

provide a micro kernel, comprised of only essential services for scheduling, synchronization, 

interrupt handling, and multitasking [Oshana 07].   

Real-time operating systems can be provided by the chip manufacturer or be developed by 

third -party providers.  The Texas Instruments DSP/RTOSTM is an example of a RTOS developed by 

the chip manufacturer, offering a scalable real-time multi -taking kernel designed for the 

4-3σςπ#φπππΆȟ 4-3σςπ#υπππΆȟ ÁÎÄ 4-3σςπ#ςψØΆ DSP-enabled platforms [TI 08b].  An example 

ÏÆ ÔÈÅ 4-3σςπ#υπππΆ ÐÌÁÔÆÏÒÍ ×ÉÌÌ ÂÅ ÄÉÓÃÕÓÓÅÄ ÉÎ Section 6.4 #ÁÓÅ 3ÔÕÄÙȡ  4-3σςπ#υυØΆ 3ÅÒÉÅÓ 

DSPs.  #ÏÍÂÉÎÅÄ ×ÉÔÈ ÔÈÅ ÓÔÁÎÄÁÒÄ 24/3 ÅÌÅÍÅÎÔÓ ÁÎÄ ÁÄÄÉÔÉÏÎÁÌ ÆÅÁÔÕÒÅÓȟ 4)ȭÓ $30Ⱦ")/3 ÁÌÓÏ 

provides a Graphical Kernel Object Viewer and Real-Time Analysis tools to help facilitate 

application debugging and optimization. The RTXC Quadros is another available RTOS, designed by 

a third-party company, for use on many processors including the Analog Devices Blackfin® series.  

The RTXC framework provides a scalable solution, allowing the memory footprint to fit on various 

memory budgets [RTXC 07].  There are many RTOSs available that will run on a variety of processor 

so consult the $30 ÐÒÏÃÅÓÓÏÒ ÍÁÎÕÆÁÃÔÕÒÅÒȭÓ website for supported real-time operating systems. 

 



 

29 
 

3.9 Benchmarking  

Benchmarking allows for an evaluation of DSP processor performance, but making a fair 

comparison between processors is difficult with many factors involved.   Before making final 

decisions on the DSP processor to use in a software radio design, system designers need a method 

for making useful performance measurements and evaluating the processor architecture 

capabilities.  These measurements include the time required to complete a task along with the 

memory and power usage associated with that task.  However, the measurements are only useful to 

the engineer if they can be related to the requirements of the desired application [BDTI 02] and 

they leave out many factors in the overall system.  Factors such as power consumption, word size 

and memory speed all are variables in the performance of the software radio.  Additionally, 

performance measurements depend on code optimization and compiler efficiency, which can vary 

widely based on the software code running on the DSP processor.   

DSP processor vendors have traditionally used very simple metrics for describing 

performance in their devices.  The MIPS (million instructions per second) metric is a widely used 

unit but is misleading as different processors can perform different amounts of work per 

instruction.   Compared to traditional GPPs, this is especially true because DSP processors have a 

specialized instruction set to increase efficiency and perform concurrent operations.  For instance, 

an Intel based GPP could require multiple instructions to perform a MAC operation while most DSP 

processors require only a single clock cycle.  Nevertheless, DSP processors typically have a slower 

clock rate and newer GPP architectures are including more specialized circuitry.  Therefore, 

without a baseline for identifying instruction set efficiency, the MIPS metric is only useful within the 

context of a single processor architecture [BDTI 02].  Similarly, MOPS (million operations per 

second) is a familiar performance metric but is ambiguous since the definitions for what is a 

considered an operation and the number of operations to accomplish a task vary among processors. 

Due to the widespread use of the MAC operation in DSP algorithms, it is also often used as a 

performance metric by vendors.  Most DSP processors can perform a MAC operation in a single 

clock cycle, helping facilitate efficient algorithmic implementations of FFTs, FIR filters, etc. 

However, these algorithms also involve several other operations beside the multiply-accumulate, so 

the MAC operation is not a reliable predictor of performance [BDTI 02].  The specialized instruction 

sets may also offer the ability to perform several operations in parallel with the MAC, which is 

disregarded by the MAC operations performance metric. 

Despite the downfalls, these simple performance metrics do provide some basic insight into 

the capabilities of the DSP processors; yet they neglect secondary performance issues such as 
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memory usage and power consumption.  These secondary performance issues are often application 

specific but can significantly limit a system.  Applications with high memory requirements may 

require slower off-chip memory; thereby limiting the data flow to the DSP core and decreasing 

processor performance.  Additionally, in a mobile situation, processors are unusable if they exceed 

their available battery capacity.  The power consumption varies with different instructions and data 

values.  These two parameters are important factors to consider when benchmarking DSP 

processors. 

To provide a more complete performance evaluation, DSP processors can be benchmarked 

based on full applications.  Application benchmarks help developers understand more about 

memory usage and energy consumption requirements, but there are four main problems associated 

with this method.  To obtain the best implementation, the code usually has to use vendor supplied 

libraries and be developed in assembly language.  However, this form of benchmarking can be a 

time intensive process where the benchmark application must be developed to run on each 

candidate processor.  Additionally, the performance is dependent on how optimal the developer is 

able to code the software.  To alleviate some of the development time, code portability is exploited 

where high-level language implementations are used that can be compiled for each architecture.  

However, adding portability is time consuming.  This method results in benchmarking the compiler 

as well as the processor, therefore poor compiler efficiency can result in skewed processor 

benchmarks.   

As a compromise between the low-level performance metrics and the high-level 

applications benchmarks, there are companies that provide third -party evaluations of signal 

processing technology, utilizing methodologies such as algorithm kernel benchmarking3.  Algorithm 

kernels are building blocks of signal processing systems and include functions such as FFTs, filters, 

and vector additions [BDTI 02].  By utilizing these individual algorithm kernels as a benchmark, 

they can be focused on the requirements of the desired system rather than an unrelated 

application.  Additionally, these smaller blocks provide for quicker implementations that can be 

optimized for a specific processor platform.  These blocks are optimized for execution time and 

measures time as well as the memory usage and energy consumption associated with transforming 

an input data set into an output data set.  A control benchmark is also evaluated that executes a 

sequence of operations, where conditional branches and subroutine calls are made. 

While there is no straightforward way of evaluating DSP processor performance and the 

benchmarking methods may not completely reflect its performance capabilities; they serve as a 

                                                         
3 A good source for third-party benchmarks is Berkley Design Technology, Inc. www.bdti.com 
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baseline for making design decisions.  When selecting a DSP processor, it is important to consider 

all the benchmarking factors involved such as MIPS, clock speed, instruction set efficiency, and 

execution time.  Additionally, the register size can have a significant impact on the performance, as 

high precision processors essentially perform more work which requires more power, memory, 

and PCB resources.  For instance, it may be a better choice to choose a 16-bit DSP processor that 

uses less memory rather than its 24-bit equivalent if 16 bits provides enough precision for the 

application [BDTI 02].    Tool availability and the evolutionary development path of the vendor are 

also important issues to consider.  

 

Architectural Comparison Example  

Here a comparison is offered as an example of how processing architectures can be 

compared.  As discussed in Section 3.7, the picoArray provides an innovative solution to multi-core 

processing, but other companies are also developing other architectural approaches.  Tilera is one 

such company providing another MIMD parallel processor architecture called the Tile64, containing 

64 independent processor cores connected in a mesh network.  The Tile64 and the picoArray have 

many architectural similarities; therefore it is particularly interesting to compare these two multi-

core processor architectures in terms of cost, performance and programmability.    The Tile64 

employs a heterogeneous array of 64 independent processors, each running at 866 MHz, while the 

ÐÉÃÏ!ÒÒÁÙȭÓ ÌÁÒÇÅÒ ÈÅÔÅÒÏÇÅÎÅÏÕÓ ÁÒÒÁÙ ÏÆ ÓÌÏ×ÅÒ ÐÒÏÃÅÓÓÏÒÓ ÁÒÅ ÒÕÎÎÉÎÇ ÁÔ ρςπ -(ÚȢ  !Ó 

mentioned previously, the picoArray is primarily focused on DSP applications; therefore it contains 

dedicated acceleration units for communications algorithms.  Tilera has designed the Tile64 as a 

more general-purpose architecture, thus it does not contain any dedicated hardware blocks besides 

those required to drive the I/O standards.  BDTI benchmarks have shown somewhat similar 

performance despite their architectural differences, yet different trade-offs are found in terms of 

cost and programmability [BDTI 08]. 

Both the picoArray PC102 and the Tile64 multi-core processors were evaluated based on 

performance, cost, and programmability using the BDTI Communications benchmark [BDTI 08].  

The communications benchmark is based on standard baseband orthogonal frequency division 

multiplexing (OFDM) processing found in many current and emerging wireless applications.  As a 

reference, the communications benchmark was also evaluated on the high performance Texas 

Instruments TMS320C6000 DSP processor and a Xilinx Virtex-4 FX140 FPGA.  On the Tile64, Tilera 

implements a single OFDM channel using four processing cores; and since the processing cores do 

not share global resources, the design is scaled linearly for a total of 60 processor cores 
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implementing fifteen OFDM channels.  The remaining four processing cores were used for I/O and 

buffering [BDTI 08].   

7ÈÉÌÅ 4ÉÌÅÒÁȭÓ ÁÐÐÒÏÁÃÈ ÔÏ the benchmark implementation uses a linearly scaled design, 

picoChip approaches the benchmark implementation using a different strategy.  To maximize the 

ÐÉÃÏ!ÒÒÁÙȭÓ ÈÅÔÅÒÏÇÅÎÅÏÕÓ ÐÒÏÃÅÓÓÉÎÇ ÒÅÓÏÕÒÃÅÓȟ ÐÉÃÏ#ÈÉÐȭÓ ÃÏÍÍÕÎÉÃÁÔÉons benchmark 

implementation uses three different designs.  One design primarily uses the hardware co-

processors and accelerators to implement OFDM channels; the second implements the OFDM 

channels using only the AEs, and the third uses a combination of AEs and hardware accelerators.  

This design was able to implement fourteen OFDM channels on the picoArray, fairly close to the 

performance obtained on the Tile64, but with superior cost per channel. Since the Tile64 has a unit 

price greater than the picoArray and implements almost the same number of channels 

implemented, the picoArray provides a more economical solution in terms of strict hardware costs.  

.ÅÖÅÒÔÈÅÌÅÓÓȟ ÔÈÅ ÄÅÓÉÇÎ ÔÉÍÅ ÁÓÓÏÃÉÁÔÅÄ ×ÉÔÈ ÂÏÔÈ ÉÍÐÌÅÍÅÎÔÁÔÉÏÎÓ ÃÁÎÎÏÔ ÂÅ ÉÇÎÏÒÅÄȢ  4ÉÌÅÒÁȭÓ 

implementation scaled linearly from the original design, while picoChipȭs design required three 

separate implementations, thus increasing development costs [BDTI 08].  After considering the 

engineering costs of developing a system on either platform, tradeoffs in time-to-market versus 

hardware costs can be evaluated when designing a system on either architecture.  

 

3.10 General Purpose Processors compared to DSP Processors 
 

While microprocessor-based software radio systems have historically  taken advantage of 

DSP processors to do the highly computational processing, general-purpose processor (GPP) based 

designs are gaining strength in many systems.  In general, GPPs are not designed to support 

software radio systems, but their high clock-rates, parallel instruction capabilities, and large on-

chip memories allow them to handle substantial digital signal processing applications.  By utilizing 

a GPP in a software radio design, many benefits are apparent, including common development 

tools, reduced non-recurring engineering (NRE) costs, and familiar architectures. Also, general 

purpose processors focus on high backwards compatibility.  Therefore, even with the significant 

initial development costs for GPP implementations, the NRE costs drop considerably as code 

developed for one system can be easily ported to newer generation processor architectures.  

Despite these added benefits of utilizing GPPs, there is design and implementation issues associated 

with using a GPP for DSP applications that should be considered and addressed early in the design 

cycle. 
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When considering comparisons of DSP processors to general-purpose processors, two 

variants of these classes are available that includes low-end and high-performance versions.  Low-

end GPPs are typically cost-sensitive microcontrollers designed for embedded applications such as 

!2-ȭÓ !2-χ ÁÒÃÈÉÔÅÃÔÕÒÅȢ  (ÉÇÈ-performance GPPs are central processing units (CPUs) designed 

ÆÏÒ ÐÅÒÓÏÎÁÌ ÃÏÍÐÕÔÅÒÓ ÁÎÄ ÎÅÔ×ÏÒË ÓÅÒÖÅÒÓ ÓÕÃÈ ÁÓ )ÎÔÅÌȭÓ 0ÅÎÔÉÕÍ® ÆÁÍÉÌÙ ÁÎÄ &ÒÅÅÓÃÁÌÅȭÓ 

PowerPC series.  Low-end DSPs have a highly specialized architecture that efficiently executes 

specific signal processing tasks; enabling low cost, reasonably energy efficient signal processing.  

Conversely, high-performance DSPs offer considerable processing power for applications such as 

military or communications infrastructure, but at a high cost and high power consumption. 

As processor architectures have developed over successive generations, many of the 

architectural differences unique to DSP processors or GPPs have converged and can now be found 

on both types of devices.  For the high-performance classes, the parallel processing architectures 

described for DSP processors are now commonly used on general-purpose processors.  For 

instance, the MPC7448 PowerPCTM microprocessor, available from Freescale Semiconductor, is a 

high-performance superscalar architecture with an SIMD multimedia unit.  It has a seven-stage 

pipeline, four parallel processing units (named Integer Units), and single cycle execution for most 

instructions [Freescale 07].  The low-end DSP and GPP architectures are also similar to each other 

in that they typically  execute a single instruction per clock cycle, have limited on-chip memory, and 

operate at modest clock rates [Hori 07] . 

Nevertheless, there are also differences identified when considering GPPs versus DSP 

processors for the digital hardware choice.  Low-end DSP processors use compound, multi-

operation instructions customized for signal processing operations, where as low-end GPPs use 

single operation RISC (Reduced Instruction Set Computing) instructions.  This means several RISC 

instructions may be needed to perform the same work as a single DSP processor instruction, 

thereby reducing performance.  In the high-performance market, general-purpose processors 

typically utilize the superscalar architecture over the VLIW option, where parallel instruction 

scheduling is done during run-time rather than during code development and compile time.  As 

mentioned previously, this can lead to issues for real-time operation since the execution times may 

vary during successive iterations.  High-performance GPPs also generally use floating point 

representation rather than the fixed point format found in most DSP processors.  As discussed 

previously, this increases power consumption over fixed point options but provides increased 

numeric fidelity.  These general characteristics for each processor combination are summarized in 

Table 1 as broad generalizations and are not specific to any processors. 
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Table 1: DSP Processor vs. General-purpose Processor Char acteristics  

Low-End Processors High-Performance Processors  

DSPs DSPs 

 -Compound instructions  -VLIW 

 -Fixed point representation  -Fixed point representation 

 -Single instruction/clock cycle  -Up to 8 instructions/clock cycle 

 -Separate data and instruction buses  -Separate Data and Instruction Buses 

GPPs GPPs 

 -RISC Instructions  -Superscalar 

 -Fixed point representation  -Floating point representation 

 -Single instruction/clock cycle  -Up to 4 instructions/clock cycle 

 -Unified data and instruction bus  -Separate data and instruction buses 

 

The architecture of the on-chip memory subsystem plays an important role in performance 

and varies among processors.  As discussed, the Harvard architecture is the most effective 

architecture for DSP applications and as such, higher performance GPPs and all DSP processors 

exploit this design.  However, lower performance GPPsȟ ÓÕÃÈ ÁÓ !ÒÍȭÓ !2-χ4$-)ȟ often make use 

of the von Neumann architecture where program and data memory are combined.  The low-end 

systems also do not have dedicated address generation units, so the processor must spend 

instruction cycles incrementing the address pointer.  These factors limit performance since it will 

take several clock cycles to perform a single operation.  

 In addition to the basic GPP processing architectures adopting DSP features, such as the 

parallel execution units and separate memory buses; GPP vendors are also incorporating DSP 

instruction set extensions to their devices.  For instance architectural modifications to the 

ARM9TDMITM RISC core include support for enhanced signal processing instructions with minimal 

impact on the hardware overhead [Francis 01].  These DSP-enhanced extensions offer options for 

single cycle MACs, saturation arithmetic, and enhanced addressing modes, similar to the features 

found on a DSP processor.  While these extensions improve signal processing performance, they 

still only build on top of the GPP instruction set and do not provide a customized DSP architecture. 

 DSP applications are real-time applications by nature.  Therefore, during development, 

programmers need the ability to predict the execution time of a segment of code to ensure real-time 

operation.  DSP processors as a group have excellent tools for predicting execution time and 
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developing signal processing systems.  While GPPs also have mature development tools, they 

typically lack in signal processing features.  However, as GPPs are used in more DSP applications 

and vendors strive to have a competitive advantage, the vendor-supplied signal processing tool 

support for general-purpose processors is improving [Hori 07] .   

In many applications, GPPs are capable of maintaining real-time processing tasks, but the 

ability often comes at higher operating costs than DSP processor implementations.  Modern high-

performance GPPs are mostly designed for speed, utilizing high clock-rates and parallel instruction 

capabilities.  With the exception of GPPs for laptop computers, they are not designed for energy 

efficiency, which is quite often a significant constraint in software radio systems.  Users want 

mobile radios, and as such, need to incorporate battery power supplies.  High performance GPPs 

can have a large strain on the battery power available and limit the operation time of the system.   

Overall, GPPs can provide a viable and cost effective digital hardware solution.  However, 

when evaluating whether to use a GPP or a DSP in a communication system, the designer must take 

into account all the benefits and issues associated with each device.  While GPPs may be able to 

provide a more cost effective solution in terms of development costs, the excess overhead and 

power associated with a GPP implementation may limit the capabilities of the system.  GPP-based 

systems can often be better utilized in stationary systems where battery power is not a factor.  In a 

DSP-based solution, more efficient algorithm computation and power efficiency may be available 

but at the cost of increased development time and reduced upgradability, thereby adding to NRE 

costs.  Therefore, when choosing between a GPP and a DSP, careful attention must be paid to the 

overall system requirements.   
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Chapter 4 

Field Programmable Gate Arrays  

4.1 Introduction to Field Programmable Gate Arrays  
 

 Field Programmable Gate Arrays (FPGAs) are digital logic processing devices and were 

introduced in the mid-1980s as alternative to the nearly obsolete gate array version of an ASIC.  

Their original market focus was for prototyping digital  circuits and to achieve first -to-market 

products where they would be replaced by an ASIC circuit at the earliest opportunity  [Ziedman 06].  

They achieve this capability with a reconfigurable structure than can be programmed in-house 

rather than waiting several weeks to fabricate a fixed ASIC circuit.  Since the architecture is similar 

to an ASIC, it provides a parallel-processÉÎÇ ÓÔÒÕÃÔÕÒÅ ÃÁÐÁÂÌÅ ÏÆ ÈÁÎÄÌÉÎÇ ÍÁÎÙ ÏÆ ÔÏÄÁÙȭs 

demanding wireless standards.  With advances in speed, logic density, power consumption 

reduction, and price, they are now being used in products with no intention of being replaced by an 

equivalent ASIC [Ziedman 06].  

There are two major FPGA vendors, Xilinx and Altera, and several smaller vendors, each 

with varying FPGA architectures based on the same fundamental principles.  The structure is pre-

fabricated and optimized for multi-level circuits but programmable based on configuration 

circuitry, thereby adding flexibility to the radio system.  The configuration points are implemented 

using either static random access memory (SRAM) cells, erasable programmable read-only memory 

(EPROM), or flash based electronically erasable read-only memory (EEPROM).  SRAM cells are 

widely used as the configuration technology but are volatile; therefore the FPGA device must be 

reprogrammed during each power-up, either automatically from off-chip ROM or downloaded from 

an external processor [Hauck 98].  Flash based EEPROM configuration technology is also gaining in 

popularity since these devices retain their configuration when powered off and operate with lower 

power requirements [Ziedman 06].   

 

4.2 Operation of SRAM Based FPGA Cell 
 

 In SRAM based FPGAs, memory cells are distributed throughout the device that provide the 

configuration circuitry.  As shown in Figure 14, a SRAM memory cell consists of a pair of cross-

coupled inverters that will sustain a programmed value. An n-transistor (X) is used for writing or 

reading a value from the inverters.  The size ratio between transistor (X) and the upper inverter (Y) 
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is set larger to allow the value sent through (X) to overpower the inverter.  Therefore, if the gate to 

the (X) transistor is set to 1, the switch is closed and the value assigned to the data input will then 

be passed to the cross-coupled inverters, where it will be retained until the next data bit is passed.  

A 0 value closes the (X) transistor and the value cannot pass; this is used for read-back feature to 

ÏÂÔÁÉÎ ÔÈÅ ÓÔÁÔÅ ÏÆ ÔÈÅ 32!- ÍÅÍÏÒÙ ÃÅÌÌȢ  4ÈÅ ÃÏÎÔÒÏÌ ÏÆ ÔÈÅ &0'! ÉÓ ÈÁÎÄÌÅÄ ÂÙ ÔÈÅ 1 ÁÎÄ 1ȭ 

outputs.  A simple utilization of this SRAM memory cell is to connect the Q output to the gate of an 

n-transistor; therefore, similar to the (X) transistor properties, a Q value of 1 will close the 

transistor, allowing the value to pass between source and drain.  A 0 value will open the switch, 

isolating the connection between source and drain.  These SRAM cells are then grouped together to 

form lookup tables (LUTs) that create basic combinatorial logic functions inside the FPGA.  The 

LUTs utilize 2N programming bits connected to a multiplexer to form an N-input combinatorial 

Boolean function [Hauck 98]. 

 

Figure 14: SRAM FPGA Cell 

 

4.3 Applications for FPGAs in Software Radios  
 
 FPGAs offer high-speed parallel processing in a compact footprint while providing flexibility 

and programmability in the final product [Rudra 04].  Their functionality in software radios has 

ÅØÐÁÎÄÅÄ ÁÓ ÔÈÅ ÁÒÃÈÉÔÅÃÔÕÒÅÓ ÈÁÖÅ ÆÏÌÌÏ×ÅÄ -ÏÏÒÅȭÓ ,Á×, exploiting technology developments in 

terms of speed, size, and capability.  This high speed processing capability is often utilized in the 

physical layer implementation of wireless communications systems.  As new wireless networks are 

developed, FPGAs are playing a more prominent role in the digital hardware choices, offering a 

scalable high-performance solution.   This is especially true in software defined multi-mode base 

station systems where both 3G and 4G standards need to be supported [Santarini 08].  To support 

these standards, some typical digital signal processing applications that are implemented in FPGAs 

include [Dick 02]: 
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 Digital Down Conversion and Channelization 

 Adaptive Equalization 

 Error Correction Coding and Decoding 

 Multi -user detection and rake receivers  

 FFT based systems such as OFDM modulators and demodulators 

 Fractional Rate Change Filters 

 All digital timing recovery circuits, carrier recovery loops, and frequency locked loops 

 Algorithms with high sample rates and non-conventional word length 

 

Historically , FPGAs have been used for glue logic, providing interfaces between different off-

the-self peripheral components wired together on a printed circuit board (PCB).  Along with 

providing computational resources, they still maintain this functionality in most systems.  The 

interfaces utilize most of the available I/O pins for on-off chip communications, which are 

connected to other peripheral components such as ADCs, DACs, external DSP processors, etc.  To 

best utilize the peripherals, concurrent control and data bus communication needs to be provided 

to each device.  FPGAs provide a superior solution for this communication since the parallelism of 

the architecture can be exploited to drive each bus concurrently (within the limitations of the I/O 

buses).  Since the peripheral components are all centrally connected to the FPGA, data 

communication among the components can then be implemented within the FPGA fabric.   

FPGAs also provide a mechanism for prototyping since a full circuit can be implemented on 

the FPGA, yet changes are possible as problems are found and enhancements need to be made.  

While FPGA prototyping code development takes a significant amount of time; once it is complete, it 

often provides faster circuit evaluation than software simulation.  Additionally, the HDL code 

developed for the FPGA can used to create an ASIC device. 

 

4.4 FPGA Architectures 
 

FPGA architectures vary by vendor but in general are a variation of that shown in Figure 15 

[Ziedman 06].  The FPGA hardware architecture is composed a core set of processing resources that 

define the FPGA and allow for its highly reconfigurable structure.  The core resources of an FPGA, as 

discussed in the following sections, include logic blocks, memory units, I/O buffer cells, multiplexer 

buffers, clock management circuitry , and dedicated DSP resources.  All of these processing 

resources are organized into a matrix of reconfigurable routing.   The arrangement of the routing 

interconnections is highly programmable and defines the functionality of the device.  FPGAs also 
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include other dedicated hardware resources that help offload processing from the core resources 

such as embedded microprocessors or transceivers.   

 

 

Figure 15: Generic FPGA Architecture for DSP Applications  

 

Logic Blocks: In Xilinx FPGAs, interconnections are made between logic units called configurable 

logic blocks (CLBs) which consist of look-up tables (LUTs), flip-flop registers, and multiplexers.  

LUTs are constant delay devices that store combinational logic results, thus reducing the 

combinational logic requirements of the device.  Large processing gains are achievable by using 

LUTs since the device does not have to do an expensive computation to determine the value of a 

combinational function. For many years, 4-input LUTs were the industry standard.  However, in the 

latest generations of Xilinx devices, Virtex-5 and Virtex-6 FPGAs have introduced 6-input LUTs.  The 

additional inputs provide added flexibility for implementing more complex functions with a 

reduced number of logic levels [Cosoroaba 07].  The 6-input LUT is attached to multiplexers and 

registers to for a LUT-register pair, shown in Figure 16 below, where four LUT-register pairs then 

connect to form an FPGA slice.  Finally, CLBs are made up of two or more slices.  The multiplexers 

are used to implement wide functions, up to 28 inputs utilizing LUT input signals and the cascaded 

input signals.  A four level carry chain is available that, among other functions, helps support 

arithmetic operations.  Outputs from the Virtex-5 slice are presented as registered outputs on 

signals the register out signals, combinational outputs on the combinational out signals, or 
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multiplexed outputs on the multiplexer out signals.  By cascading CLBs together with these signals, 

complex logic circuits can be built for software radio applications.   

 

Figure 16: Virtex -5 FPGA Slice and Logic Matrix 4 

 

In contrast to the logic inside the Xilinx CLB, the Altera Stratix series FPGA architecture 

utilizes an adaptive logic module (ALM) as the basic logic unit.  The ALM also uses LUTs and 

associated logic to implement functions but their architecture is designed differently  than the Xilinx 

CLB logic.  The ALM structure is shown in Figure 17 below; it includes combinational logic, two 

adders and two registers.  The combinational portion is an adaptive LUT with eight inputs that can 

implement one 6-input function or various combinations of two independent smaller functions; for 

example, two 4-input functions or a 3-input and a 5-input function [Verma 07].  The two embedded 

adders inside the ALM allow for two 2-bit or two 3-bit additions without additional resources.  The 

resulting operations from the LUTs and adders can be presented on the combinational output pins 

or passed through output registers for synchronous operation. 

                                                         
4 Figure 16 is adapted ÆÒÏÍ &ÉÇÕÒÅ ςȟ Ȱ!ÃÈÉÅÖÉÎÇ (ÉÇÈÅÒ 3ÙÓÔÅÍ 0ÅÒÆÏÒÍÁÎÃÅ ×ÉÔÈ ÔÈÅ 6ÉÒÔÅØ-5 
&ÁÍÉÌÙ ÏÆ &0'!Óȱ 
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Figure 17: Altera Adaptive Logic Module 5 

 The architecture inside Altera Stratix series FPGAs groups 10 ALMs together to form a logic 

array block (LAB), compared to the 8 LUTs/Flip -flops that form a Virtex-5 CLB.  The ALMs are 

linked together through the shared arithmetic, carry, and register signals that are shown in Figure 

17.  LABs can be used for a standard logic functions or can be configured as a dual-port SRAM 

resource.   

 

FPGA Interconnections: While CLBs and LABs provide the computational logic resources for the 

FPGA, the flexible interconnect routing enables the reconfigurable nature of the device.  Signal 

routing inside the FPGA comes in many forms, including; neighboring logic unit connections, double 

length lines, long horizontal and vertical connections spanning the length of the device, and low-

skew routing for clocking and global signals.  Figure 18 shows how logic unit to logic unit 

connections are made, indicating that wires must either pass through a routing switch box or utilize 

direct logic block-to-logic block interconnections.  Typically, the implementation software tools 

hide ÔÈÅ ÄÅÖÉÃÅ ÒÏÕÔÉÎÇ ÆÒÏÍ ÔÈÅ ÄÅÓÉÇÎÅÒȟ ÔÈÕÓ ÓÉÍÐÌÉÆÙÉÎÇ ÔÈÅ ÄÅÓÉÇÎÅÒȭÓ ÔÁÓËȢ  4ÈÅ ÄÅÓÉÇÎÅÒ ÏÎÌÙ 

needs to be concerned with critical timing routes where constraints need to be placed on the 

propagation delay of a signal through the device.  Meeting critical timing routes, as discussed in 

Section 4.11 Design Principles and Tools for FPGA Development, is an important design concern in 

software defined radio systems since the system usually must meet real-time signal processing 

requirements. 

                                                         
5 Figure 17 ÉÓ ÁÄÁÐÔÅÄ ÆÒÏÍ &ÉÇÕÒÅ ψȟ Ȱ3ÔÒÁÔÉØ ))) &0'!Ó ÖÓȢ 8ÉÌÉÎØ 6ÉÒÔÅØ-5 Devices: Architecture and 
0ÅÒÆÏÒÍÁÎÃÅ #ÏÍÐÁÒÉÓÉÏÎȱ 
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Figure 18: FPGA Re-configurable Routing Matrix  

 

 The Virtex-5 and the Stratix III FPGA families introduced a new routing arrangement using a 

diagonally symmetric interconnect structure.  The new interconnection pattern allows more logic 

unit  connections in fewer hops through the use of diagonal connections that are shown in Figure 

18.  Therefore, a logic unit can directly connect with its vertical and horizontal neighbors as well as 

its four diagonal neighbors; this reduces timing delay since the number of switch boxes a signal 

must pass through is reduced.  Additionally, the symmetric structure allows the place and route 

tools to more efficiently route the design, resulting in higher overall performance.   

 

FPGA Memory:  Memory is an important element in software defined radio designs and can 

typically be implemented in two different on-chip architectures in FPGAs.  Both Altera and Xilinx 

offer the ability to utilize dedicated hardware memory resources or to build memory from the FPGA 

fabric.  The dedicated memory modules are called BlockRAMs in Xilinx FPGAs, whereas they are 

called M9k or M144k blocks in Altera FPGAs.  The number of available dedicated memory modules 
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varies among devices but they offer large memory sizes and when combined together offer between 

one to two-dozen million bits of RAM.  BlockRAM and MLAB resources are dual-port memory units, 

meaning there are separate address and data lines for both read and write operations.  Each port on 

the memory unit is synchronous and independent, allowing concurrent read and write operations.  

Concurrent read/write operations allow data exchange over different clock domains.  Additionally, 

memory units have options to control the depth vs. width configurations, utilize error correction 

coding, and support built in first-input first -output (FIFO) buffers.   

On-chip memory can also be built from the FPGA logic fabric; named distributed memory in 

Xilinx devices and MLAB in Altera devices.  This type of memory can only store small amounts of 

data but has speed and scalability advantages, offering many more data ports for increased memory 

bandwidth.  The disadvantage to this method is that the memory consumes a portion of the FPGA 

logic fabric, reducing the amount of logic available for other algorithms. Therefore, distributed RAM 

is used for small and fast memory requirements while larger memory is typically implemented in 

the dedicated hardware blocks.   

  

Input/Ouput Connections :  An important element to the FPGA architecture and often the biggest 

bottleneck is registering data into and out of the device. Input/Output Blocks (IOBs) are used for 

providing a link between on-chip and off-chip resources.  Their structure consists of a tri -state 

input buffer and a tri-state output buffer connected to flip-flops.  The tri-state buffers offer logic 

high, logic low, and high impedance results and open collector output controls.  Varying logic levels 

are supported, enabling communication with other off-chip resources on the board.  The slew rate 

can often be programmed for fast or slow rise and falls times that correspond to the off-chip 

resource requirements.  Additionally, buffers usually contain pull-up and possibly pull-down 

resistors for terminating signals without discrete resistors external to the chip [Ziedman 06].  IOBs 

are grouped into banks with each bank able to support a particular voltage reference, allowing 

support for up to 40 standards in the Virtex-5 family.   

 

Clock Management:  Software radio systems are implemented with synchronous circuits inside 

FPGA devices.  Providing a clean, low-jitter clock signal is critical for these synchronous systems 

since the FPGA clock can introduce noise into the signals if the timing is not consistent.  Clock 

management tiles (CMTs) on Virtex-5 FPGAs provide complete clocking solutions for high-speed 

clock networks; offering options for jitter filtration, phase-shift delay compensation and frequency 

synthesis.  Jitter filtration removes phase noise from the signal, frequency synthesis creates 
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additional clock frequencies from a reference frequency, and phase-shift delay adds or subtracts 

pre-determined delays to the input clock signal.  Each CMT contains two digital clock managers 

(DCMs) and one phase-locked-loop (PLL).   

 

 

Figure 19:  Clock Management Options  

 Digital clocks suffer from phase distortion based on the length of the distribution paths 

from the clocks source to the sinks, whether it is registers, memory devices, etc.  If the path length 

varies between two sinks, a phase distortion will be introduced, possibly altering the data.  DCMs 

can use fine-grained phase shifting to compensate for the clock distribution delay, adjusting the 

clock phase within fractions of a clock cycle.  DCMs will also provide 90, 180 , and 270  phase-

shifted versions of the clock, as well as fractional and integer multiples of the clock rate using 

frequency synthesis.  Both of these features are useful in software radio systems for aspects such as 

DAC and ADC clocking, multi -rate filtering  and symbol synchronization.   

 

4.5 FPGA Run-time Reconf iguration  

 The FPGA reconfigurable architecture is often discussed and utilized for modern software 

defined radio system, but the reconfiguration is typically done on power-up by loading new FPGA 

configuration bitstreams.  A fairly new design methodology for FPGA design is reconfiguration 

during run-time.  Run-time reconfiguration is often over-ÓÈÁÄÏ×ÅÄ ÂÙ -ÏÏÒÅȭÓ ,Á×ȟ ×ÉÔÈ ÄÅÓÉÇÎÅÒÓ 

having the attitude that if the current design does not fit on the silicon, a newer, more powerful 

device will be able to support the design in the future.  However, this attitude is fading as more 

increasingly complex wireless standards and requirements are emerging in the marketplace.  Many 

advantages for run-time reconfiguration are apparent, including increased functional density, 

increased performance, and reduced power dissipation.   

 Run-time FPGA reconfiguration is the partial or complete restructuring of the implemented 

architecture on the FPGA fabric while the system is operational.  By restructuring the design 

architecture during run-time, radio systems can quickly adapt to changing wireless standards and 
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requirements.  As FPGA-based radio systems evolve, they are including more and more features and 

waveform capabilities.  However, increased capabilities translate into larger designs and higher 

power consumption.  Run-time reconfiguration can help mitigate this problem by re-using available 

logic resources or shutting down logic when it is not in use, helping alleviate the issue of static 

power consumption, which is a significant factor of the power budget. 

 The major FPGA vendors have run-time reconfiguration abilities built into their devices.  

Xilinx supports partial reconfiguration, where specific regions of the device, named partial 

reconfiguration regions (PRR), are devoted to reconfiguration while others must remain static 

during operation.  Partial reconfiguration has the benefit that the static regions of a design can 

continue to operate during reconfiguration of the PR regions.  To adapt a PR region to a different 

capability, a partial bit stream is loaded into the Internal Configuration Access Port (ICAP).  The 

partial bit stream targets only the PR region specified while leaving the rest of the design to 

continue its current operation.  An important note is that static logic resources of the base design 

will not be placed in any PRRs, but static logic routing can pass through the PRR.  The static routes 

inside the PRR will not be affected during reconfiguration.   The figure below depicts the static 

regions associated with an FPGA mixed with reconfigurable regions. 

   

Figure 20:  FPGA Reconfiguration Regions 

  

Many methods have been proposed for monitoring and control of the reconfiguration.  

Often, the FPGA reconfiguration must be monitored by an external processor that determines when 

new partial bit streams will be loaded onto the FPGA.  This requires a significant overheard to the 
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system if an instruction-based processor is not required for other applications.  One fairly new 

method for reconfiguration control includes incorporating the control into the FPGA itself.  By using 

a hardcore embedded PowerPC or soft-core MicroBlaze processor, the FPGA gains the ability to 

quickly and effectively modify itself [Becker 07].     

 FPGA partial reconfiguration has vast possibilities for software radio systems.  Software 

radios strive to accommodate a wide variety of wireless standards, including future standards not 

yet conceived.  While a software radio may be able accommodate many of these various standards, 

it is not possible, nor practical to have the silicon configured for all standards at once.  By utilizing 

partial reconfiguration, the required hardware architecture for a particular wireless standard can 

be loaded when required. 

 

4.6 Implementing DSP Functions in FPGAs 
 
 Digital Signal Processing (DSP) algorithms are the core of any modern communications 

system.  Emerging wireless standards are rapidly accelerating the signal processing requirements 

required to support new algorithms.  While DSP processors have tried to keep pace with increasing 

wireless demands, superior signal processing gains are available using FPGA technology.  FPGAs 

provide an inherently parallel architecture, creating an advantage over instruction-based devices.  

This is especially true for newer communication standards, such as WiMax, where serial processing 

is insufficient. 

Historically, DSP processors have been the traditional approach for implementing DSP 

algorithms.  Instruction-based processors are still heavily used for digital communication systems, 

but as wireless standards become increasingly complex, FPGA implementations are more attractive 

to off-load some of the DSP processing.   Algorithm performance in an FPGA compared to traditional 

DSP instruction based processors is usually based on a combination of factors.  The most common 

performance improvements come from the increased data widths and the inherent parallelism.  

The ability to take advantage of the FPGA architecture and resources is also essential in improving 

performance.  Using the FPGA architecture, the capability to process data on several data channels 

can be exploited.  This provides significant performance enhancements on applications such as 

Time Division Multiple Access (TDMA) multiplexing, multi-channel communication protocols, and 

I/Q based waveforms.  The data for each channel can be processed at the same time and combined 

at the output.   

The major FPGA vendors have products specifically targeted at DSP algorithm 

implementation.  These specialized FPGAs include various dedicated hardware resources for 
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improving performance, including MAC blocks and memory structures; since DSP algorithms have a 

high dependence on the multiply-accumulate function.  Multipliers are costly in hardware and 

consume a significant amount of FPGA fabric resources due to high logic complexity and area usage. 

The dedicated DSP processing resources that implement the MAC operations help solve the issue; 

but the problem still remains when there is a large number of MAC operations needed in a design.  

To help alleviate this issue, DSP algorithms in FPGA are often implemented using distributed 

arit hmetic. 

Distribute arithmetic  is a method for decomposing the MAC operation into a series of look-

up table (LUTs) accesses and summations [Lo 08].  This method is based on partitioning the 

function into pre-computed partial terms that are stored iÎ ,54Ó ÕÓÉÎÇ ςȭÓ ÃÏÍÐÌÅÍÅÎÔ ÂÉÎÁÒÙ 

representation.  The flexibility of the algorithm allows for bit-serial, pipelined, or bit-parallel 

implementations, thereby trading bandwidth for resource area [Longa 06].  However, while 

distributed arithmet ic offers a multiplier-less DSP algorithm implementation, it comes at the 

expense of added memory requirements.    

 

4.7 Embedded DSP Functionality 

Both Xilinx and Altera include dedicated DSP hardware resources in their devices, each with 

different names and architectures.  These dedicated hardware blocks implement functions in an 

efficient structure, using only the necessary transistors required for the function rather than using 

the FPGA fabric structure [Curd 07].   The Xilinx version is called a DSP Slice and utilizes a highly 

flexible architecture in the Virtex-5 family, capable of handling intensive DSP operations, such as 

the MAC function.  As discussed previously, due to the inherent complexity of the multiply 

operation, large amounts of logic are required for implementation.  By using the DSP Slice, the 

system designer has the ability to off-load the hardcore multiply and accumulate operations to the 

slice, saving significant hardware resources in the FPGA fabric and reducing power consumption.   

Virtex-5 DSP slices can also be configured to implement other functions such as high-speed 

counters, logical units, and shift registers to save fabric resources and improve performance.  The 

DSP48E slices include support for Single Instruction/Multiple Data (SIMD) operations and 

saturation arithmetic.  Additionally, the DSP slices can be cascaded together through dedicated 

signal routes, enabling complex arithmetic and DSP filter operations. The diagram of the Xilinx DSP 

slice is shown in Figure 21 below.  As shown, the DSP48E slice includes a 25 x 18 bit multiplier on 

inputs A and B, respectively.  The result of the multiplier is fed into the arithmetic logic unit (ALU) 

that is capable of addition, subtraction, bit-wise operations, and other combinations of functions 
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based on the ALUMODE configuration register.  Several other signal ports and configuration options 

are available for added flexibility and performance improvements; including floating point support 

[Xili nx 08].  )Î 8ÉÌÉÎØȭÓ ÎÅ×ÅÓÔ &0'! ÆÁÍÉÌÙȟ 6ÉÒÔÅØ-6, the DSP48E slice has been enhanced to include 

a pre-adder that improves performance in densely packed designs, reducing the logic slice 

requirement by up to 50% [Xilinx 09]. 

 

Figure 21: Xilinx DSP48E Slice6 

 The Altera version of the DSP hardware resource is named a DSP block and utilizes a 

different architecture than the Xilinx DSP Slice.  While the Xilinx version provides a large input 

word width, th e Altera DSP Block provides flexible input options.  The architecture is designed in 

such a way that it can implement four concurrent 18x18 bit multiplier operations, or it can be 

reconfigured to support eight 9x9 operations or one 36x36 operation.   

                                                         
6 Figure 21 is adapted from Figure 1-ρȟ Ȱ6ÉÒÔÅØ-5 FPGA XtremeDSP Design CÏÎÓÉÄÅÒÁÔÉÏÎȱ  
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Figure 22: Altera DSP Block7 

 

 

4.8 Exploiting Parallelism in DSP operations  

The parallel architecture of FPGAs combined with the dedicated hardware resources make 

the devices highly efficient at implementing DSP algorithms.  Some common algorithms that can be 

implemented on an FPGA include FIR filters, Fast Fourier Transforms, sample rate conversions, 

equalization and digital up/down conversion.  Parallel DSP algorithm implementation can provide 

major performance improvements.  Assuming a 256 tap FIR filter, a serial implementation would 

require 256 clock cycles before an output value is available.  This is compared to a parallel 

implementation where the output value is available on the first clock cycle.  The trade-off for the 

added performance available arises with resource usage inside the FPGA.  Assuming a FIR filter has 

N taps, parallelizing the filter will increase the number of million multiply accumulates per second 

(MMAC/s) by N times, but resource utilization has also increased by a factor of N.  Based on the 

limited number of dedicated DSP hardware resources available and the available FPGA fabric, this 

may or may not be worth the additional resource cost.  Semi-parallel implementations are also 

available that may strike a better balance of performance versus resource usage.  Figure 23 below 

illustrates this tradeoff. 

                                                         
7 &ÉÇÕÒÅ ςς ÉÓ ÁÄÁÐÔÅÄ ÆÒÏÍ &ÉÇÕÒÅ ςȟ Ȱ$ÉÇÉÔÁÌ 3ÉÇÎÁÌ 0ÒÏÃÅÓÓÉÎÇ ɉ$30Ɋ "ÌÏÃËÓ ÉÎ 3ÔÒÁÔÉØ $ÅÖÉÃÅÓ,ȱ 
Altera Corp. 
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Figure 23: FPGA Speed vs. Hardware Utilization  

4.9 FPGA DSP Implementation using IP Cores 

DSP algorithm development is a complex and time intensive process.  Typically, designers 

do not want to spend development time on low-level DSP operations, such as FFT blocks, DDS 

modules, or FIFO memory elements.  Not only is there a considerable development time for these 

blocks, the verification time for the element is also significant.  Designers would rather spend their 

time at a higher level, developing the overall system.   

 To reduce development time, software radio designers utilize DSP Intellectual Property (IP) 

available from the FPGA vendors or third-party sources.  IP provides access to DSP functionality 

that has been pre-verified and often optimized for a specific architecture.  Not only does using pre-

verified code reduce development time, it also increases the reliability and performance of the 

system.  Some categories of available IP cores are shown in  

Table 2 below. 

Table 2: DSP IP Categories [Cofer 05]  

Category Example 

DSP Function FFT, Viterbi Decoder, MAC, FIR, Discrete Cosine Transform 

Math Function  Parallel Multiplier, Pipelined Divider, CORDIC 

Logic Function  Accumulator, Shift Register, Comparator, Adder 

Memory Function  Block Memory, Distributed Memory 

Communication  AES Encryptor, Reed-Solomon Encoder, Turbo Decoder 
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4.10 Digital Down Converter Implementation in an FPGA 
 
 Many software radio systems utilize FPGAs early in the RF process to perform repetitive, 

computationally intensive tasks.  Wireless systems typically sample signals at IF frequencies, which 

must be translated down to baseband before any data processing can be performed.  Digital down 

converters (DDCs) are fundamental building blocks that perform the translation and subsequent 

channel filtering.  Their introduction revolutionized the communications industry and FPGAs are an 

effective architecture to use for DDC implementation, partly due to the large number of multipliers 

required.  Additionally, as the number of required DDC channels increases, FPGAs become 

increasingly attractive in terms of size, weight, power and cost per channel [Hosking 08].  Figure 24 

illustrates the basic structure of a DDC block. 

 

Figur e 24: Digital Down Converter Block 8 

 As shown in Figure 24, DDCs have three essential elements, the local oscillator, the 

quadrature mixer, and the filter.  The local oscillator (LO) has a direct digital synthesis system 

(DDS) that includes a digital phase accumulator (an adder and a register) and a look-up take to 

generate the digital sine and cosine signals for mixing.  For the system to function correctly, the 

phase accumulator must be clocked at the ADC sample rate to provide LO samples at the same rate 

                                                         
8 Figure 24 is adapted from Figure 2, Ȱ.Å× &0'!Ó 2ÅÖÏÌÕÔÉÏÎÉÚÅ $ÉÇÉÔÁÌ $Ï×Î #ÏÎÖÅÒÔÅÒÓȟȱ ÂÙ 
Robert Hosking, used by permission granted by Allan Margulies, COO, SDR Forum 
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as the incoming data.  The frequency of the LO is varied by adjusting the phase increment on each 

clock cycle.  The LO is then fed into the quadrature mixer. 

 The quadrature mixer performs the frequency translation for the DDC block.  It includes 

two multiplier blocks that operate on each take data sample from the ADC and the LO.  As discussed 

in a previous section, the multiplier block could be implemented using a dedicated DSP slice to save 

FPGA fabric resources on implementation.  If the frequency of the LO is set to the frequency of the 

desired signal, the result of the multipliers provides an in-phase and quadrature representation of 

the input signal, shifted to baseband (0 Hz).  Various frequency bands can now be shifted to 

baseband by adjusting the frequency of the digital local oscillator.  While the mixer operation has 

shifted the band of interest to baseband, the signal of interest still must be isolated with subsequent 

filtering . 

 The channel filter after the mixer stage accepts baseband I and Q samples.  One 

implementation method is to use a FIR filter architecture that provides a wide range of transfer 

functions. To adjust the transfer function, the filters can dynamically adjust the number of taps and 

coefficient values, providing different passband ripples, cutoff frequencies and stop band 

attenuations.  Since FPGAs are highly flexible, the required parameters and coefficient values can be 

dynamically loaded to vary the transfer function of the desired filter. 

 The last step in the DDC block is to decimate the signal to a rate consistent with the 

bandwidth reduction of the filter.  The decimate stages takes one out of every N samples to be sent 

to subsequent signal processing stages, such as equalization, demodulation or decoding.  Two 

important results of decimating the signal out of the DDC block is reducing the number of samples 

that must be passed into the subsequent processing blocks and matching the system clock rate 

inside the digital hardware.  With a reduced number of samples, the complexity of these blocks is 

largely reduced. 

 While FIR filters are common implementation for DDC blocks, they often consume are large 

number of resources on the FPGA.  Shown in Figure 24, the filtering operation can be combined 

with the subsequent decimation step using cascaded-integrated comb (CIC) filters  that offer high 

orders of bandlimiting and decimation.  CIC filters do not require multipliers, thereby greatly 

reducing the logic resources required for implementation; however, they distort  the passband 

flatness.  Compensation FIR (CFIR) filters can correct for the pass band flatness with subsequent 

polyphase FIR filters.  A second programmable FIR (PFIR) filter follows with adaptive coefficients to 

establish channel frequency characteristics.  While this may sound like reintroducing the problem 
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of FIR filters, the CFIR filter complexity is greatly reduced since the sample rate of the signal has 

been reduced by the CIC filter. 

 Digital down converters are typically one of the various IP cores available from FPGA 

vendorsȢ  8ÉÌÉÎØȭÓ ,ÏÇÉÃ#ÏÒÅ $$# ÃÁÎ ÂÅ ÃÏÎÆÉÇÕÒÅÄ ÆÏÒ ÖÁÒÉÏÕÓ ÌÅÖÅÌÓ ÏÆ 3&$2 ɉÓÐÕÒÉÏÕÓ ÆÒÅÅ 

dynamic range), trading off performance for FPGA hardware resources.  For example, a complex 

DDC with 84 dB SFDR consumes approximately 1,700 slices for each channel [Hosking 08].  While 

this implementation may be practical for systems requiring only a few channels, the FPGA 

resources will not be sufficient for systems requiring tens to hundreds of DDC channels.  In such 

cases, additional design measures must be taken for altering the algorithm architecture to reduce 

the number logic resources required.  For instance, a channelizer followed by a multiplexed DDC 

stage can significantly reduce the amount of resources required.  In one example, a 256 channel 

DDC implemented in a channelizer/multiplexer DDC architecture will consume 18,000 slices.   The 

original DDC, requiring 1,700 slices, would require 435,200 slices for the same implementation 

[Hosking 08].  In this implementation, 256 separate channels are provided on the multiplexed 

output, therefore 256 separate data streams can be provided by using a time-division multiplexing 

(TDM) approach on the output, useful for multi -user systems. 

 

Figure 25: Channelized DDC Block Diagram9 

 

                                                         
9 Figure 25 is adapted from &ÉÇÕÒÅ σȟ Ȱ.Å× &0'!Ó 2ÅÖÏÌÕÔÉÏÎÉÚÅ $ÉÇÉÔÁÌ $Ï×Î #ÏÎÖÅÒÔÅÒÓȟȱ by 
Rodger Hosking, used by permission granted by Allan Margulies, COO, SDR Forum 


