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ABSTRACT

A methodology for top-down design of digital signal processing systems is described.
The top-down design process can be viewed as a model which outlines the key steps
necessary for successfully mapping an algorithm to implementation. A design exercise is
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Chapter 1

Introduction

1.1 Top-Down Design

Understanding the process required to transform an algorithm into a realizable

architecture is essential for developing efficient digital signal processing systems. Top-

down design is widely employed in the development of complex and costly systems

because it allows system-level design and initial requirements to flow down to each

subsequent design stage. Often system design focuses on requirements and not on the

design implementation. Top-down design tries to provide a framework for taking an

initial algorithm and mapping it seamlessly down to its final implementation.

In general, a top-down design methodology consists of system requirements

definition, algorithm analysis, fixed-point mathematical analysis, resource analysis, and

architecture implementation [1]. Defining the system requirements entails combining

customer or application-specific constraints with general signal processing and other

optimization criteria. Algorithm analysis is used to optimize and completely specify the

functionality of the algorithm. Fixed-point analysis is performed to determine optimal

signal widths while considering noise degradation and the cost of word-lengths for a

fixed-point implementation. Resource analysis determines how to best partition the

architecture in terms of control, storage, processing elements and data communication.



Finally, architecture implementation maps the original algorithm onto an architectural

solution such that the functional mapping is preserved.

1.2 Scope of Thesis

The purpose of this thesis is to define and verify a top-down design process and

demonstrate the process with a specific algorithm. The steps involved in implementing

the specific algorithm described in this paper are to (1) define the unit requirements, (2)

create and follow a simulation plan, (3) perform tradeoffs, algorithm analysis, and fixed-

point analysis, (4) identify candidate architectures, and (5) generate and analyze a Very

High Speed Integrated Circuit Hardware Description Language (VHDL) description of

the architecture. The top-down design process generally proceeds beyond the VHDL

level, but those steps of the process are not the focus of this thesis.

Cadence's Signal Processing WorkSystem (SPW) is used to demonstrate the top-

down design process for a specific design exercise. SPW is chosen because it allows the

user to quickly simulate high level designs, to easily create several design iterations, to

graphically represent a signal data flow as a block diagram, to create and monitor signals

relevant to the system design, to design and analyze filters, and to design hardware that

automatically generates VHDL. In order to verify that the functionality of the initial

algorithm is kept intact throughout the design process, it is important to be able to use the

same input stimulus and generate the same output at each level of the design process.

SPW allows the designer to use the same input and compare outputs from every design

level including the floating-point algorithm, fixed-point model, architecture model and

VHDL description of the function being mapped.

The process is applied to a specific algorithm in order to illuminate the intricacies

and perhaps provide a better description of the design process. The discrete wavelet

transform (DWT) is the test algorithm for the design process. The DWT is an excellent

test case because it is easily interpreted in terms of basic signal processing elements and

deals with multirate signal processing. The DWT is successfully implemented in an

architecture using top down design and SPW.



The organization of this thesis is as follows. In Chapter 2, background on the

DWT is provided. The DWT is described in the context of a filterbank, which lays the

groundwork for its implementation. Chapter 3 describes the general top-down design

process. In Chapter 4, the top-down DWT design exercise from algorithm to

implementation is presented. The specific steps of the DWT design process illustrate

how to apply the top-down design process model. Chapter 5 summarizes the

accomplishments of this thesis, and gives some concluding remarks about the design

process.



Chapter 2

The Discrete Wavelet Transform (DWT)

2.1 The Wavelet Transform

The Wavelet Transform (WT) is particularly useful for analyzing non-stationary signals

because it provides better resolution at high and low frequencies than a classical Fourier

transform or even a short-time Fourier Transform (STFT) [2]. Time resolution localizes a

signal in time using windowing, and frequency resolution gathers detailed frequency

information about a signal by focusing on a center frequency. The STFT computes the

Fourier transform of the product of the input and a window, and then shifts the window in

time and computes the Fourier transform again [3]. The input, x[n], and window v[n] are

related by

XsrFr (e'",m) = 1 x[n]v[n - m]e - '"" . (2.1)
n=-co

The STFT introduces the notion of a time-frequency grid, as shown in figure 2.1a, where

each intersection represents a sample of XsTFT. The same window is used at all

frequencies in a STFT, so the window size creates a tradeoff between time localization

and frequency resolution [3].

In contrast, the size of the window used at each frequency in a wavelet transform

is chosen such that the relative bandwidth stays approximately the same. The bandwidth



itself does not stay the same; it adjusts itself with frequency so that as the window in time

gets larger, the bandwidth gets narrower. In other words, the ratio of bandwidth to center

frequency stays approximately constant [3]. Or put more simply, the WT takes larger

time steps at low frequencies, corresponding to smaller spacing between frequencies. The

time-frequency grid for the wavelet transform is shown in figure 2.1b. Note from the

figure that the wavelet transform has sharp time localization at high frequencies and sharp

frequency resolution at low frequencies.

a

frequency

time

frequency

time

Figure 2.1 Time-frequency plane a) for the STFT b) for the WT

The WT is a decomposition of a signal onto a set of

All of the wavelets are contractions, dilations, or shifts of a

Was(j)= a-1/2Wt-s

basis functions, or wavelets.

single wavelet, w(t)

(2.2)

where a is the scale and s is the shift [4]. The factor al-1/2 ensures that the rescaled

wavelets have unit energy, i.e. IIwa,sll = I wil.

Thus, the wavelet can be interpreted as a bandpass filter [2]. The wavelet

transform is an inner product between the input signal x(t) and the wavelets, as seen by

X, (a, s) = f x(t)wa., (t)dt .

T-

(2.3)



The inverse wavelet transform is given by

rrI, (da -ds
x(t) = c J w(a, s)was (t) da-2ds (2.4)

where c is a constant depending on the wavelet [2].

2.2 The Discrete Wavelet Transform

The discrete wavelet transform (DWT) computes sampled coefficients of the wavelet

transform, where the time and scale parameters are discrete. Typically for the DWT a is

chosen to be 2j and s is usually k2j , where j is the octave and k is a constant [5]. The

DWT computes the wavelet coefficients on J octaves as

XDWT = x[n]hJ[n -2 k] forj= 1,...,J. (2.5)

The inverse DWT computes the scaling coefficients as

XIDW = x[n]gj[n- 2k] forj=1,...,J. (2.6)
n

The filters, h[n] and g[n] compute the analysis and synthesis wavelets respectively.

Multiresolution analysis is easily accomplished using these filters to decompose

and reconstruct discrete-time signals. The DWT algorithm can be represented in a tree-

structured filter bank [3] by splitting the signal into its high and low frequency

components, downsampling by a factor of two, and iterating this same procedure on the

low frequency branch as shown in Figure 2.2. The filter bank structure makes the DWT

particularly efficient for discrete-time signal processing.

The two filters h[n] and g[n] are halfband highpass and lowpass filters

respectively. Each stage of band-splitting and downsampling is referred to as an octave.

The number of octaves, J, is related to the length of the input signal, N, by

J < log 2 N (2.7)



Depending on the application, it may be desirable to choose the number of octaves for a

finer time-frequency resolution than for others. Practical implementations rarely exceed

four octaves. Some applications for which the DWT and its inverse have been applied

include signal and image coding and compression; speech, signal and system analysis;

and stochastic, acoustic, and seismic signal processing [6].

Figure 2.2: Computation of the DWT using a tree-structured filter bank.

2.3 The DWT as part of a Perfect Reconstruction (PR) System

There exists a class of wavelet analysis and synthesis filters for which the input can be

perfectly reconstructed from its wavelet coefficients. The inverse discrete wavelet

transform (IDWT) is computed using upsampling by a factor of two followed by

reconstruction highpass and lowpass filters as shown in Figure 2.3.

Figure 2.3: Computation of the IDWT using synthesis wavelet filters.



Biorthogonal wavelets can be implemented as linear phase FIR filters that exhibit

perfect reconstruction [7], making them particularly desirable for speech and image

processing applications. For biorthogonal wavelets, the relationship between the analysis

and synthesis wavelet filters is given by

h[n] = (-1)" g'[n]
(2.8)

h'[n] = (-1)""+ g[n]

where h'[n] and g'[n] are the highpass and lowpass reconstruction filters respectively.



Chapter 3

Top-Down Design Process

The design process from algorithm to VHDL has not been well documented. The front

end of any design process needs careful planning and execution to ensure a successful

finished product. Since DSP systems are often complex and difficult to design, there is a

great deal of interest in using a structured methodology to plan, develop, and design them

efficiently. Top-down design is significant because decisions are made no sooner than is

necessary, meaning that at the highest levels of abstraction, the focus is on the algorithm

functionality as opposed to the implementation.

The steps involved in the top-down design process are: defining the system

requirements; performing the algorithm analysis; creating and verifying the fixed-point

model; identifying and designing candidate architectures; and generating and verifying

the VHDL model. The top-down design process defined in this chapter is one of the main

results of this thesis, and is the model that the author found best representative of what

takes place when mapping an algorithm to a hardware description.

These steps are not entirely sequential; many of them are iterative and feed back

into one another. For example, the system requirements are defined at the beginning of

the process, but as the design progresses to lower levels of abstraction, the requirements

need to be updated. Updating the requirements is a refining or an expansion of the

previous set of requirements, such that there is a functional decomposition for every

design level. The simulation plan generated at the beginning of the process verifies that

each design level is complete. The plan calls for comparison between the initial



algorithm output and subsequent design stage outputs. Also, tradeoffs occur at virtually

every level of the design process and often times several tradeoffs are made within a

particular design stage. The general design process flow is shown in Figure 3.1.

nthesis

To Design Stage Inputs
and Simulation Plan

Figure 3.1: General top-down design process.

3.1 Defining System Requirements

The first step taken once an algorithm has been chosen is to define the system

requirements. Initially this step entails defining the algorithm and the high level signal

processing blocks needed to compute the algorithm correctly. Tradeoffs may be

necessary to determine the specific algorithm to be performed. The intended applications

for the algorithm will often illuminate what sorts of tradeoffs are needed, if any.

The requirements in a top-down design process will necessarily get narrower as

the design proceeds into lower levels of abstraction. Thus the initial unit requirements

I



need not try to encompass every possibility that may arise in the future; they only need to

be specific enough to map the mathematical algorithm to a data flow. The system

requirements are usually refined and allocated to the next level after each design stage has

been completed. In many cases, the sampling rate(s) will drive the speed of the finished

product. However, in a floating-point data flow, the processing speed is not relevant to

understanding how the algorithm works. The sampling rate is an example of a

specification that may be given earlier than needed. It is important in top-down design to

recognize the difference between the requirements that drive the current process stage and

specifications to be incorporated in a later stage.

3.2 Simulation Plan

As a result of defining the unit requirements, a simulation plan is generated for the design

process. The simulation plan is a guideline for verifying that the mapping is intact at each

level in the design process. Verification ensures that the design meets the system

requirements, and that the design does not exhibit unexpected or undesirable behavior.

With the existence of commercial tools to model not only the signal processing flows but

also actual hardware designs, the tool simulation capabilities can often significantly speed

up the cycle time for much of the design process.

The simulation plan is designed to verify at every level of the design process that

the mapping of the original algorithm functionality is preserved. Examining the floating-

point model of the algorithm is usually the first step in defining a simulation plan. The

output from the floating-point model can serve as a test signal to compare with

subsequent design stage outputs.

The fixed-point model is created to determine the bit representation of the data

flowing through the algorithm such that the error due to quantization and fixed-point

computation does not significantly degrade the output. Different systems will have

different tolerance margins for output error. Using an objective or subjective measure of

the degraded output, the system requirements and simulation plan can eliminate solutions



that are not within the error margin. For instance, speech signals can be played on a

commercial tool to find the threshold for audible distortion.

Once the algorithm has been simulated as a fixed-point model and the error

margin is within the requirements, the simulation plan then calls for a representation at

the hardware description level. The process of going from algorithm to an architecture

description is not automatic, it involves moving from unlimited computational resources

to limited ones and requires design by hand. Numerous trade-studies and design

iterations are required to bridge the gap to an architecture.

Broadly stated, the issues to consider along with the functional mapping of the

algorithm include designing control hardware, input/output capabilities, memory and

storage capacity, and computational complexity. The design process will always need

some sort of user input because it takes the design from a sample driven data flow to a

sequential, instruction driven system. The design steps will follow more automatically

from fixed-point models to architecture when technology can accommodate

implementing data flows directly. As the verification, the output of the hardware

description should match the floating point output.

The simulation plan finally calls for a VHDL description of the architecture

design. The VHDL must be simulated to match the output of the floating-point model

before the design process is complete. In the complete top-down process, the simulation

plan continues down to the implementation in hardware, even though this thesis

discussion is limited to simulation at the VHDL level.

3.3 Tradeoffs

A good design process will consider all feasible tradeoffs within a trade space. Top-down

design enhances tradeoffs because it allows different constraints to be considered at

different times. Tradeoffs are made within each process level, and are performed by

weighing all of the possible options while considering the design constraints. The result

of a trade study is determined by evaluating the different options against the system



requirements and determining which solution best fits within those constraints. For

example, even at the architecture level, where the hardware can be described in VHDL,

the designer has the flexibility of synthesizing the real hardware a number of different

ways. However, in top-down design, there is no need to be concerned with physical

implementation until the process is actually at that level.

3.4 Algorithm Analysis

Algorithm analysis results in a floating-point model of the algorithm, which includes

determining the functional signal processing blocks which comprise the algorithm.

Tradeoffs at this design stage are performed to decide which functional blocks can be

used. The tradeoffs compare performance characteristics such as simulation time,

latency, and overall design to choose the functional blocks to best represent the algorithm.

The results of simulating this algorithm serve as a testbench from which lower design

stage outputs are compared. Initially, the resources are unlimited. Then, the system

requirements are refined to reflect information gained from the algorithm analysis such as

resource limits on the maximum number of computation elements needed.

3.5 Fixed-Point Model

The fixed-point model is simply a representation of the algorithm in terms of fixed-point

functional blocks. The precision of the algorithm is now hindered by the computational

accuracy, which can introduce errors due to word-length, rounding modes and

overflow/underflow. Quantization error is introduced in the conversion from floating to

fixed-point. Tradeoffs are performed to determine the level of fixed-point quantization

error that is low enough to accurately represent the algorithm, while trying to keep the bus

width at a reasonable size. Once the representation in bits is determined for the fixed-

point algorithm, the requirements are updated to include specifications on bus width, data

word size and signal characteristics for the input and output signals. The simulations at



the fixed-point functional level verify that the algorithm has been mapped correctly. If

the algorithm is not preserved, the results of the simulation and the specifications are fed

back into the fixed-point design stage again. The difference signal between the floating

and fixed-point outputs serves as a specification for the architecture output.

3.6 Architecture Design

The architecture design can be thought of as mapping a set of functional tasks onto

limited resources using a set of simple instructions. Thus, all of the functions of the

algorithm are broken down into subtasks or partitions of the architecture. Each subtask is

further broken down into a set of instructions. At this stage, tradeoffs identify and

compare different implementations of the functional tasks. Tradeoffs of possible control

structures to drive the architecture are determined, along with different processing

elements, data storage capacities, and input/output capabilities. Performance and

functional issues addressed by the tradeoffs include algorithm accuracy, system

performance, ability to upgrade the design, portability, and input/output bandwidth.

Simulations are run to ensure that the architecture has correctly interpreted the

algorithm in terms of an instruction driven system implemented in hardware and

software. The difference signal between the floating-point output and architecture output

should be within the error margin set in the system requirements. The final architecture

should be chosen such that all areas within the architecture have been optimized or

altered to improve performance, power, size, cost or other specific criteria set by the

requirements. Finally, the system requirements are updated with data rates, input/output

specifications, and any pre- or post-processing requirements.



3.7 VHDL Model

The final step in this top-down design process is the creation of a VHDL description of

the architecture. The VHDL can be automatically generated from the Hardware Design

System (HDS) model if the architecture has been designed in SPW. There are other tools

which can also generate VHDL automatically, and though this is not part of the general

top-down design process, it definitely contributes to ease of going from the architecture to

the VHDL description.

The simulation plan verifies that the behavior of the algorithm is accurately

implemented by comparing the results of the VHDL simulation with the floating-point

output. The difference signal should be within the limit set in the specifications, and it

should be no different than that of the architecture level simulation. The system

requirements should then be updated to reflect VHDL timing and design considerations to

guarantee that the synthesized hardware accurately represents the algorithm.



Chapter 4

Discrete Wavelet Transform Design Exercise

4.1 Top-Down Design of a DWT

In Chapter 3, a top-down design process was outlined. The discrete wavelet transform is

now implemented using the top-down design methodology presented. The DWT is

mapped from the algorithm description to an architecture design which can be

implemented in hardware through its VHDL description.

The algorithm is first modeled in floating-point signal processing blocks to

represent all of the signal processing functions. Next, the algorithm is converted into

fixed-point signal processing blocks. Conversion from floating-point to fixed-point

representation causes quantization, and the system requirements dictate how much

degradation the system can tolerate. Use of a commercial tool expedites this step because

it is easy to view and compare results of different fixed-point representations. After

verifying that the algorithm is still executing correctly with an acceptable amount of

quantization error, the algorithm is rebuilt as a description of hardware and software, by

means of an architecture.

The architecture development is the biggest leap in the process flow from

algorithm to VHDL. Not only do the signal processing functions need to be represented,

but also the memory, control and resource sharing need to be determined. The



transformation from the high level data flow of the DWT algorithm is achieved by

modeling a sequenced, instruction driven system to perform the computation. SPW's

Hardware Design System (HDS) allows the user to rapidly test different implementations

of the same function. The same analyses done by hand would not generate results of

tradeoffs as readily as a commercial tool. Finally, VHDL code is automatically generated

and verified for architecture. The rest of this chapter deals with the specific design

process steps as they are applied to the DWT.

4.2 DWT System Requirements

The system requirements for implementing the DWT start off very broadly, and get

updated as each design stage is completed. The initial specifications are to design a four

octave DWT, and to use a perfect reconstruction system as a test bench for functional

verification. The signal processing functions which comprise the algorithm are

recognized as wavelet filters and downsamplers by two.

The filters are specified to be halfband lowpass and highpass filters that

implement biorthogonal wavelets. Biorthogonal wavelet filters are chosen because they

exhibit perfect reconstruction. Since biorthogonal wavelets produce finite impulse

response (FIR) linear phase filters, they are well-suited to image and speech processing

applications. The coefficients for the analysis and synthesis filters are given in Appendix

A, Table 1.

At the top level of the design process, an example of an overall system which

includes the DWT is considered. The top level perfect reconstruction system is modeled

to verify that the DWT coefficients are being computed correctly. In a perfect

reconstruction system, the output is exactly the input signal, within a delay. Figure 4.1

shows an example a simple speech coding system. Note that once encoding and fixed-

point representations are used, the system no longer exactly reconstructs the input.



x(t) x[n] channel x,[n] xr(t)

A/D ---- DVVT encode .....-. decode --- + IDWT M DIA ---+

Figure 4.1: A top level speech coding system which includes the DWT.

4.3 DWT Design Simulation Plan

Verification of the functionality of the DWT is accomplished with a simulation plan.

Using SPW expedites the simulation plan for the DWT design exercise. The same input

stimulus, a sample speech signal, is used for each stage of the DWT design. The

simulation plan calls for each DWT design stage to be tested with the speech input, and

for the outputs to be compared with the top level output of the perfect reconstruction

system. The difference in outputs is computed along with an audio playback of the

reconstructed output to determine whether the output degradation is significant. The

maximum tolerable error margin is updated into the system requirements.

The floating-point model of the algorithm is first created and simulated to

determine the nature of the outputs. The IDWT is used to reconstruct the signal from the

DWT coefficients to verify the correct algorithm behavior. The floating-point DWT does

not experience any quantization and is fed directly into the IDWT, so there is no channel

degradation. Thus, at the floating-point level, perfect reconstruction is observed.

From that point on, the outputs of the floating-point DWT are used to verify that

at each level of the design process, the current description accurately represents the DWT

within some margin of error set by the requirements. The error characteristics for the

different design stages are given in Table 4.1 below. The floating-point DWT outputs are

encoded to examine the effects of a coding system on perfect reconstruction. The fixed-

point model is compared against its floating-point predecessor. The fixed-point model is

also simulated with the same coding system as before and compared with the uncorrupted



floating-point output. Finally, the architecture outputs are compared against the floating-

point results.

Table 4.1 The outputs
floating-point output.

of each design level are compared against the uncorrupted

The VHDL portion of the DWT design exercise is easily verified since SPW has

automatic VHDL generation capabilities from its HDS blocks. Since the architecture is

modeled entirely in HDS blocks, the VHDL and architectural simulations are identical.

This is an advantage of using a tool with automatic VHDL generation capability; the

hardware is only designed at the architecture level, which lends itself to the top-down

design process.

4.4 DWT Floating-Point Analysis

The DWT is first modeled using floating-point blocks. The filters and

downsamplers by two are connected in a simple two band system as shown in Figure 4.2.

The outputs of the DWT are verified using the synthesis filters to perfectly reconstruct the

input signal. Once perfect reconstruction is achieved in the two band case, octaves are

added one at a time to the lowpass branch, resulting in a tree-structured filterbank. Figure

4.3 shows the perfect reconstruction system for a four octave filterbank.

Difference signal Mean Variance

floating-point 2.33 e-8 7.78e-1 1
system with coding

fixed-point system 9.39 e-7 1.7 e-13

fixed-point system 9.71e-7 7.9e-11
with coding

architecture 1.4e-7 2e-15



x[n]

Figure 4.2: A simple two-band perfect reconstruction system is verified using the wavelet
filters given in Appendix A.

Figure 4.3: A four octave D WT-ID WTperfect reconstruction filter bank.

Initially, perfect reconstruction is not exhibited by the systems, and this is due to

the fact that there is a different amount of delay accrued while traversing different

"branches" of the tree-structured filterbank, such that the samples are misaligned at the

adders on the reconstruction side. By adding a compensatory bulk delay before the adder

at each level on the reconstruction side, the system behaved as expected- perfect

reconstruction within a delay. Depending on the tool or tools used to do the algorithm

analysis, block diagrams and data flows may be computed differently than the user

intends. SPW has a sample driven simulator, so the bulk delay is an appropriate fix to the

problem. Other fixes may be necessary using other tools.

Once a working four stage DWT simulates accurately, the top level system as

depicted in Figure 4.1 is built around the perfect reconstruction system. The purpose of

modeling all of the components of the overall system is to ensure that the transform

performs in a real-world application as well as it performs in test bench simulations.

Ix[n]



Although the only part of the top level system to be exercised through the top-down

design process is the DWT, the overall system is modeled to ensure the efficacy of the

DWT implementation. Once the transform coefficients are encoded, transmitted across

the channel, and decoded, the reconstruction is no longer exact. The difference signal

between the uncorrupted wavelet coefficients and the encoded coefficients has a mean of

2.33 e-8 and a variance of 7.78 e-11. The error due to this quantization is determined to

be within the requirements, as the reconstructed output does not produce audible

distortion.

In a typical speech subband coding application, the quantization is a significant

parameter since different frequency bands might be coded with different word-lengths to

exploit the time-frequency information contained in each octave [8]. The design of the

DWT as well as the coding blocks needs to ensure that the performance is not severely

degraded for the target application.

4.5 Fixed-Point DWT Model

Once the floating-point DWT algorithm is modeled, simulated, and verified to meet the

system requirements, it is converted to a fixed-point representation of the algorithm. In

SPW, this task is not automatic, though it is easily accomplished by replacing each

floating-point block with an equivalent fixed-point block. Each filter is rebuilt as a

combination of registers, scaling factors, and adders, as shown in Figure 4.4. The

downsampling by a factor of two is achieved by running each octave at half the clock rate

of the previous octave. The fixed-point four octave DWT is shown in Figure 4.5.
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Figure 4.4: A fixed-point version of the filter block. L is the number of filter taps.
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Figure 4.5: The fixed-point DWT uses filters made up as blocks shown in figure 4.4 and
runs at 5 different clock speeds. Note that the outputs need to be run at half of the speed
of the terminatingfilter. This design requires a multirate simulation capability.

When the DWT is expressed in terms of fixed-point blocks, the choice of word-

length to represent the data is the most critical change from floating-point analysis. The
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word-length is chosen so that the data is accurate to the desired decimal place, and is

determined by setting two raised to the number of bits equal to the desired accuracy. The

word length size is chosen based on a trade off between bus size and error such that the

output can still be reconstructed without audible distortion. The bus width size is

minimized to save cost and area on the target architecture. Using SPW, different word-

lengths are examined for the fixed-point DWT. The difference between the floating and

fixed-point representation of the filter coefficients is on the order of 10-8 with a word-

length of twenty-four bits. Once fixed-point computation is introduced, the

reconstruction is no longer exact.

The fixed-point DWT is reconstructed and the difference signal with the floating-

point output is computed. Figure 4.6 shows the reconstructed output and difference

signal along with a comparison between floating and fixed-point outputs. The overall

error for a four stage fixed-point DWT has a mean of 9.71e-7 and a variance of 7.9e-11,

which is acceptable for reconstructing the output without audible distortion. The

difference signal shows that the reconstructed output using a fixed-point model is within

the specifications, and thus the top-down design process proceeds to the next level.



Figure 4.6: The difference signal for the floating and fixed-point filter outputs is
displayed on top, followed by the test speech signal and the reconstructed output. The
last difference signal shows the quantization in overall reconstruction including coding.
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4.6 DWT Architecture Design

Once the algorithm has been successfully converted to fixed-point and the quantization

effects are found to be consistent with the system requirements, candidate architectures

for implementing the DWT are identified and examined. The main aspects of the DWT

architecture design are now discussed.

4.6.1 Filtering

Initially, a strategy needs to be developed for performing the filtering operations of the

DWT. There are several methods for implementing FIR filters in hardware. The

multiply-accumulate (MAC) is the basic operation in current digital signal processing

(DSP) technology, and it is chosen to perform the convolution for each of the two filters

in a DWT octave. Building filters out of MAC's saves power and chip area because the

number of multipliers and adders per L-tap filter shrinks from L and L-1 to one multiplier

and adder.

The basic structure of a MAC FIR filter is shown in Figure 4.7. The filter

coefficients are stored in a read-only memory (ROM) and are read out sequentially by a

counter into a clocked register. The input data is read into the other clocked register in

sync with the filter coefficients so that the convolution is correctly computed. The

pipeline diagram in Figure 4.8 shows the contents of the two input registers and the

accumulate register at each clock cycle. Another ROM is used as a local microcontroller

to sequence the data flow, clear the register, and write the output.

put

Figure 4.7: The MAC filter structure consists of two input registers, a coefficient ROM,
an accumulate register, the multiply-accumulator, and an address generator to sequence



the input values. The control signals actually come from outside the filter, but there is a
local microcontroller for each filter.
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Figure 4.8: The pipeline diagram above shows the convolution being computed for Y8 and
y9, where hi is the ith filter coefficient, xi is the ith input and y is the ith output. The
registers in this example all have a delay of one clock cycle from input to output.

The first octave of the DWT is built using a MAC filter for each of the lowpass

and highpass filters. Controllers local to each filter are built to handle the data flow and

bookkeeping for the outputs. The downsample by two is initially accomplished by using

different clock speeds as in the fixed-point model. A later architecture design iteration

incorporates a better downsampling scheme, and is described in section 4.6.3. The

outputs from the MAC filters are compared with the floating-point filter outputs, and the

difference signal is verified to be on the order of 107. The MAC filters perform the DWT

within the error constraints, so the architecture design process continues.

4.6.2 Implementing the Four Octaves

The choice is made to separately implement all four octaves for the DWT. By inspecting

the block diagram for the DWT in Figure 2.2, it is clear that the basic octave computation

of splitting the data into its high and lowpass components followed by downsampling by



a factor of two is an iterative computation. There have been proposed implementations

which exploit the fact that there are only two distinct filters used in the computation of

the DWT. These implementations build only one highpass and one lowpass filter and

control the scheduling of data through these filters [9,10,11,12,13]. However, since the

filters built in this thesis use a MAC structure and are not costly in terms of multipliers

and adders, all four stages are built separately. Parallel computation is chosen over

minimizing the number of filters.

The data is computed from stage to stage and flows through much like the

algorithm block diagram. The alternative implementation must wait for each filter to

finish computing its result and intersperse higher octave computations in between each

set of computations. The result is arrived at more quickly with all of the stages built and

running concurrently, and requires less complicated control structures than a shared filter

implementation would require.

The architecture is designed in a similar fashion to the algorithm models, by

adding subsequent octaves after the first one has been verified to map the algorithm

correctly. The design of the second, third, and fourth stage is exactly the same as the first,

with a few exceptions. The clock speed of every subsequent stage is half that of the

previous stage. Also, subsequent stages cannot compute valid output data until after the

previous stage has computed its first output value. For the first L-1 computations of any

MAC convolution, the incoming data will consist of at most L-1 zeroes and one input

point. Figure 4.9 shows the first nine convolution points for a nine tap filter and the

result out of the accumulate register. Because the first convolution of the MAC filter

needs only one data point and L-1 zeroes, the second filtering stage only needs to wait

until one output of the first stage has been computed before beginning its own

computation. The MAC filter implementation is computationally efficient because once

the first output value is calculated, the next stage can begin its computation.
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Figure 4.9: The first ten convolutions for a nine tap filter are shown. For the first eight
convolutions, note that some of the filter coefficients are actually being convolved with
zeroes.

4.6.3 Efficient Downsampling

The initial DWT design uses an inefficient downsample by two method by first

filtering all of the data and then subsequently discarding every other point. Therefore, it

is more economical to only compute the values which will not be discarded. The reduced

computation saves power because the number of MAC's has been cut in half. The new

downsampling method is achieved using register files in between each stage, in order to

read to and write from storage locations simultaneously. The address pointers to the

memory prior to the first filter stage simply need to increment by two, so that if the first

convolution requires the input values xo through x8, the second computation requires

inputs X2 through x o, and so on.

The subsequent stages also index the incoming addresses in a similar manner, but

they still run at half the clock speed of the previous stage. Since the subsequent stage asks

for samples twice as fast as before using the new downsampling method, the clock speed

is cut in half so that stage j will always be writing to a location in memory a fixed

distance ahead of the read location for stage j+l.
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4.6.4 Data Storage

Register files are chosen to store the intermediate data between octaves. They

allow simultaneous read and write activities on the same clock cycle, making them ideal

for inter-octave storage. The size of the register files is determined by looking at the input

storage lifetime, i.e. the amount of clock cycles an input needs to be stored before it is not

needed for further computations. For the nine tap lowpass filter, the data is read in

sequentially for nine values, then the starting input address jumps by two for the next

convolution and continues. The register file size for the nine tap lowpass filter is chosen

to be seventeen so that the necessary nine input locations plus the initial offset of eight

zeroes can be stored. This size is nearly double what is needed, but makes the startup

convolutions and addressing a little simpler. A similar analysis for the seven tap highpass

filter yields a register file with thirteen locations.

4.6.5 Control Processing

Each octave has a microcontroller local to each filter to generate the write

addresses and control the pipeline. The write pointer is incremented by one after each

write until the end of the register file is reached, at which time the addresses wrap around.

Also, each filter contains an address generator to determine the read pointer location for

the input data. These controls handle the bookkeeping to ensure that the data is stored

long enough to be read before being overwritten, and is read and written in the correct

order. The choice to create controls local to each filter and to generate circular addressing

from within the filters is appropriate for a parallel processor. The only global dependence

for the control is the time an octave can begin computation, which involves the current

octave itself and the immediately preceding one.

A shared filter architecture would have several disadvantages. For instance, with

shared filters, the control circuitry must all be generated from one main control structure.

The controls would also have to be much more complex. The outputs from intermediate

octaves would have to be stored longer, since there would only be two filters doing the



convolutions for four octaves. Therefore, memory size would need to increase and its

addressing would have to be more sophisticated to remember where each set of data

resides, and when the data can be sent as output. Not only would the control logic and

address generators be extremely complex in the shared filter case, but also the latency for

output data from the lowest frequency bands would be very high. Furthermore, if the

DWT processor is going to be used in a reconstruction system, the lowest frequency

bands (or latest octaves) need to be reconstructed first, and therefore need to be computed

quickly.

4.6.6 Input-Output (I/O) Processing

The input-output (1/O) processing is the final issue in the DWT implementation.

In any design process, the I/O characteristics determine the utility and portability of the

finished product. Particular attention should be paid to I/O to avoid creating serious

bottlenecks into or out of the processor, which could seriously degrade the overall system

performance. The processor is targeted for a single chip implementation. Therefore, the

data needs to be brought in at a rate such that the first stage can begin computation as

soon as possible.

Register files are not costly in size, so they are employed as input buffers to the

first stage. The data must be written into the input register files more slowly than it is

read out. Lifetime analysis on the input buffers determines that the input data needed for

a computation increments by two input locations for every new output, and each

computation takes ten clock cycles in either filter. Thus, from one computation to the

next, two locations are freed. For the input buffer, it is then apparent that two register file

locations are available to be overwritten once every ten clock cycles. Therefore the data

can be written in no faster than one-fifth the clock rate of the first octave, or else the

computations will not be able to keep up with the incoming data. This sets the maximum

rate at which data can be read into the DWT relative to the fastest clock within the DWT.



For the output processing, the data is again buffered into register files. However,

the register file the size needs to be able to hold all of the outputs written from each band

long enough to be read out before being overwritten. The data must be sent out in a

regular fashion so that it can easily be used by the outside system. To minimize the

overall pin count on the chip, the output is placed on a single bus line. A single bus line

reduces the overall pin count from five times the word-length to one times the word-

length. The buffer sizes for each octave are chosen to hold a fixed amount of outputs to

be bursted onto the single output bus in succession.

By examining how often the data is written for each output band, the output buffer

sizes are determined. The outputs are written every ten clock cycles for the highest

octave band, every twenty for the next band, every forty for the next, and every eighty

clock cycles for the last two bands, because each octave runs at half the speed of the

previous one. Figure 4.10 shows the write times for each octave band relative to the

fastest clock. The first band corresponds to the highest frequency band, the second band

corresponds to the next highest frequency band, and so on until the last band, which

corresponds to the lowest frequency band. Note that as the frequency bands get smaller,

the write signals are asserted less often by a factor of two.

Using the timing of the write signals from each octave as a guide, the output

processing can be determined. The control circuitry is set up so that the first buffer reads

out all values in the buffer, at which time the second buffer is full and reads out all of its

values and so on. Register file sizes are chosen such that the outputs read out from each

buffer do not overlap in time, and thus can easily be separated outside of the processor.

By putting out the data in a regular order, it is fairly simple to demultiplex the output

data. Further processing in an overall system can readily take advantage of this regular

pattern of output data, or address generators can be designed to store the outputs. The

output burst pattern for the DWT is shown in Figure 4.11. The top signal shows the

outputs being burst on a single bus line. The following four signals show the individual

burst patterns for each octave output.
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Figure 4.10: The write signals for each band are shown.
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Figure 4.11: The output burst pattern for the speech test signal is shown.



"Very little work has been done in mapping the DWT into [hardware]" [13].

Using a MAC structure for each of the highpass and lowpass filters in an octave, a new

architecture for implementing the DWT is developed. Using simple control structures

and a practical data storage size, the implementation is not complicated to build. A direct

implementation of each of the filters is typically costly, but with MAC filters, only eight

multipliers and eight adders are needed to implement a four octave DWT. Direct

implementation of each filter would require too many multipliers and adders, and the

shared filter implementation has a higher input to output latency.

4.7 DWT VHDL Generation

Once the architecture is completely designed and a full DWT processor is described in

HDS, the final step is to generate VHDL and verify that the design simulates correctly at

this level. SPW has the ability to automatically generate VHDL from an HDS design so

the transformation amounts to telling the tool to generate the VHDL code. The VHDL

simulates exactly the same as the HDS design.

Simulation times are significant to top-down design because verification requires

running test cases against the floating-point outputs. The VHDL simulated for over

twenty-four hours in a VHDL simulator whereas the HDS design simulated in less than

three hours using the SPW simulator. Therefore, using the SPW tool greatly aided the

top-down design process because the simulations at the architecture level could be

completed relatively quickly, and the VHDL generation ensured that the next level would

behave the same.

The output of the HDS and VHDL designs are simulated and compared against

the floating-point output. The difference signal is still within the range of 10-7, indicating

near perfect reconstruction. The DWT architecture design exercise is successfully

completed.



Chapter 5

Conclusions

5.1 Accomplishments

The goal of this work was to describe and verify a methodology for top-down

design. Specifically, the portion of the design process which takes a specified algorithm

to the hardware description level was examined. The steps involved in this process

included defining the system requirements, performing floating-point algorithm analysis,

creating and verifying a fixed-point model, designing an architecture, and finally,

generating a VHDL model. Each design process step included iterative revision,

tradeoffs, and simulations. The VHDL description should actually be a hardware

description of the algorithm to be implemented, so that the bottom of the design process

is readily completed from the VHDL.

The DWT design exercise was successful in both testing the top-down design

process and also in creating an architecture which could be implemented in hardware.

The algorithm, fixed-point model, and architecture were all analyzed and designed in

SPW. The VHDL generated from SPW's HDS can be targeted to a commercial VHDL

simulator and synthesis tool to verify the continuity of the design process and synthesize

the VHDL into hardware.



5.2 Comments on the Top-Down Design Process

In any application there may be more or less time and focus devoted to different

activities within the design process. The purpose of describing the design process in a

general manner is to give guidelines for how to approach the complex task of designing a

DSP system. The value of system requirements, algorithm analysis, fixed-point

modeling, candidate architecture identification and design, and VHDL modeling lies in

the user's ability to easily apply these steps to any of the tasks for design. The simulation

plan is helpful in creating an executable specification for several of the design levels.

The simulation plan can also reduce the amount of time spent updating designs and

determining the impacts of changes made. The system requirements along with tradeoffs

serve as the glue that ties all of the design steps together, because the decisions at every

design level could not be made without tradeoffs and system requirements to base the

tradeoffs upon. It is also important to note that choices made early on in top-down design

do constrain lower level requirements.

The usefulness of a commercial tool for top-down design lies in the user's ability

to make revisions, compare results, and perform tradeoffs in a single environment in an

efficient, rapid manner. For many designers, the use of a single graphical interface to

control block diagrams, simulations, and signal flows is very helpful for quickly seeing

the results of different decisions made during the design process. In a top-down design

process where the goal is to get to a VHDL description of the hardware, a tool with

automatic VHDL generation can speed up the design process. However, the steps from a

fixed-point model to an architectural implementation are not automatic, because there are

no tools that can factor in all of the unit requirements, tradeoffs, and resource sharing to

generate the architecture automatically. Thus, the hardware is still designed by the user.

However, the tool requires the design to be revised only once at the architecture level and

then generates the VHDL automatically. Tools with automatic VHDL generation

capabilities therefore speed up the top-down design process because the VHDL is not



rewritten once the architecture is designed, so there is less chance for error in the final

implementation.

Commercial tools can be helpful to the top-down design process, but the user

must pay careful attention to the tool's limitations or constructs. A side-effect of using a

commercial tool for top-down design is that the models in their libraries may not be

representing the same function or component that the user has intended. With SPW's

HDS, certain common architecture components such as a register file or flip-flop may not

behave exactly like the real components. Also, the user has to be aware of the tool's

simulation techniques. The difference between a sample driven simulator and clock

driven simulator can affect the way an algorithm or design works within the tool, and care

has to be taken to work with the simulator. Then the issue of designing for

implementation versus designing around the tool's shortcomings might become

significant. Therefore, if much of what the tool models has to be redesigned later, or if

the tool is not accurately representing the environment of the final implementation, then

the tool is not furthering the top-down design process.

The design exercise of mapping the DWT from algorithm to VHDL is meant to

illustrate the issues encountered in top-down design. The exercise is one instance of the

design process, and with a different set of requirements the final result would have been

different. To some extent, the application will specify where the emphasis of the process

lies; the top-down process is only a model.

The implementation exercise of the DWT is fairly low level in an overall system

design. However, the same process steps would apply to even higher and lower levels of

abstraction, because the process is general enough to allow for different levels of system

design. Also, the exercise was helpful for understanding what steps comprise the top-

down design process because the actual process definition evolved as it was being applied

to the DWT.



Appendix A

Biorthogonal Wavelet Filters

g[n] h[n] g' [n] h'[n]
0.037828 -0.064539 -0.064539 -0.037828
-0.23849 0.040689 -0.040689 -0.23849
-0.110624 0.418092 0.418092 0.110624
0.377402 -0.788486 0.788486 0.377402
0.852699 0.418092 0.418092 -0.852699
0.377402 0.040689 -0.040689 0.377402
-0.110624 -0.064539 -0.064539 0.110624
-0.23849 -0.23849
0.037828 -0.037828

Table A-.: Wavelet filtersfrom Cohen, Daubechies, and Feauveau, [12].
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