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ABSTRACT

Digital Signal Processing (DSP) is the most studied area in design automa-
tion, because it is one of the most well-established branches of electrical engineering
for several years. In the last few years, it is stimulated by the progression of mul-
tirate techniques. The rapid development on multirate digital signal progressing is
complemented by the emergence of new applications. The key property of multirate
algorithms is their computational efficiency.

In this thesis, a silicon compiler is developed to reduce design time for the hard-
ware realization of FIR-baséd multirate DSP algorithms. This is a brand new study,
because there does not exist a silicon compiler of this type according to our knowledge.
Although multirate algorithms contain decimators and interpolators changing the ef-
fective sample rate, the design of synchronous systems using a single-clock signal is
possible by this newly developed tool. The designer can achieve this by folding nodes
. of similar type into a single node. Additioﬁally, the FIR filters followed by a decimator
or following an interpolator can be entered as a single node while defining a system at
the input of the tool. Also multiplications with the tap coefficients in FIR-based nodes
in a fold are handled at the same time to exploit common terms so as to realize those
multiplications without multipliers. As a result, the tool produces very efficient layouts
in terms of area, power and clock signals. It can also determine the quantization levels
of tap coeflicients in FIR-based nodes and fractional parts of data bus if the system
output error is specified. It also handles module selection under given power, area and
delay constraints and scheduling like other well-known silicon compilers. The compiler

is programmed to process bit-parallel-digit-serial architectures.



KISA OZET

Sayisal igaret igleme, elektrik miihendisliginin en yerlesik alanlarindan biri oldu-
gundan tasarim otomasyonunda en gok galigilan konulardan biridir. Son yillarda gelis-
tirilen goklu hizli tekniklerle yeni uygulama alanlar1 ortaya cikmgtir. \(}oklu hizl algo-
ritmalarin en 6nemli 6zelligi iglemsel verimliliktir.

Bu tezde, Sonlu Diirti Yanith (SDY) tabanh goklu hizh sayisal sistemlerin do-
namm olarak gerceklenirken gegen tasarim zamanim kisaltmak igin bir silikon derleyici
geligtirilmigtir. Bu galigma, bundan sonra gelistirilecek bu tip derleyicilerin, bildigimiz
kadaryla, ilk ornegidir. Coklu hizli sistemlerde bulunan seyrelticiler ve genlestiriciler
etkin 6rnek hizini degistirmektedir. Bu da donamim olarak gergeklenirken farkh saat
sinyallerini zorunlu kilar. Oysa benzer iglemleri yapan digiimlerin tasarime: tarafindan
dogru bir gekilde tek bir 'd{iéﬁme katlanmasiyla derleyici tek bir saat sinyaliyle biitiin
sistemi gercekleyebilmektedir. Ayrica bir SDY siizgeci, bir SDY siizgecini izleyen bir
seyreltici, bir genlestirciyi izleyen bir SDY siizgeci tipindeki iglemler tek bir digim
olarak derleyicinin giriginde kullanilan sistem tanim dosyasina yazilabilmektedir. Bir
katta bulunan SDY sizgeglerinin katsayilarindaki benzer terimler kullanilarak bu ¢arpim
iglemleri garpicisiz olarak gerceklenmektedir. Sonug olarak derleyici alan, gii¢ ve saat .
igaretleri bakimindan verimli devre planlan iiretmektedir. Biitlin bu 6zelliklerinin
yaninda derleyicimiz, herhangi bir SDY-tabanli ¢oklu hizli sistemin gikigindaki hata
verildiginde, her SDY-tabanh diigiimdeki katsayilarin ve veriyolunun tamsay: olmayan
kisminin simirlama seviyelerini hesaplayabilmektedir. Ayrica diger tiim silikon derleyi-
cilerinin yaptig: gibi kullanic: tarafindan belirlenen alan, zaman ve glig kisitlarina gore
kiitiphanelerden eleman seger ve bunlarin iglemsel zamanlamasini yapar. Derleyicimiz

bit-paralel-basamak-seri tipindeki igaretleri iglemek {izere proglanmigtar.
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1. INTRODUCTION

The tremendous pfogress of semiconductor technology in recent decades has
led to the continuous increase in the integration level of electron devices on a single
substrate. Aé a result, extremely complex circuits have been fabricated at higher
integration rates.

From the designer’s point of view, it will be harder to cope with the design
errors as the complexity of the circuit increases. Also, as feature size decreases, the
chip must be designed more carefully, because the factors neglected at a larger feature
size may become effective. These factors will cause the design time to be longer, hence
design cost will increase. On the other hand, integration of several circuits on the
same chip will perform better as a whole, because it will be free of problems due
to external bus-width limitations, packaging constraints, interconnection delays, and
device parasitics.

High integration rate is desirable by the manufacturer, because the same circuit
can be fabricated on a smaller chip area, reducing the production cost. However, this
is valid only if the volume of sales of a chip is large enough to recapture the design and
manufacturing costs. In reality, only a few circuit applications, such as general purpose .
microprocessors, can enjoy high volume of sales and a long life. Improvement in the
circuit technology makes circuits obsolete in a very short time. ‘The manufacturer
must sell the products of the related technology as soon as possible for an appreciable
profit. This means that a chip must be available on market before its technology is
out of date. Therefore, design time must decrease. Consequently, error-prone designs
must be eliminated at the very beginning to minimize design and verification time.
Employing more design engineers to cope with this problem is an extra burden on the
production cost.

At this stage, silicon corﬁpilers come into the picture. They exploit Computer-
Aided Design (CAD) techniques for optimizing circuit quality and reducing design time.
Synthesis techniques speed up design cycle and human effort. Optimization techniques
enhance design quality. Engineers spend time only on designing basic building blocks,

such as multipliers, of the required technology. ‘Once the circuit specification is given,



the silicon compiler itself generates the optimal layout using those pre-designed building
blocks residing in the libraries. As a result, design time of a circuit within given
specifications reduces appreciably. It must be kept in mind that the whole design may
not be optimal. Neverthéless, the manufacturer will be happy to earn much more
money than before because he has been selling the é,ccepta.ble product at the right
time.

The power of synthesis and optimization techniques is not fully exploited in the
available silicon compilers. Therefore, intensive studies on silicon compilers continue at
universities and commercial institutions. Silicon compilers handling digital circuits are
studied much more than the ones dealing with analog circuits. From here oﬁ, digital
silicon compilers are meant by the phrase ’silicon compilers’.

The circuits must be modeled before silicon compilers are used to synthesize
and optimize them. Models can be classified according to their levels of abstraction
and views. The famous Y- Chart set forth by Gajski and Kuhn in [1] is used to show
the relation between views and levels of abstraction. Its enhanced version using [2] is
. shown in FIGURE 1.1. The segments of Y stand for three views: structural, behavioral

and geometrical. Behavioral views describe the function of the circuit. Structural views
model the circuit in terms of block interconnections. Geometrical views deal with the
real physical elements of the circuit. The dashed boxes in the Y- Chart stand for levels
of abstraction of the corresponding views: architectural, logic and physical. At the
architectural level, the circuit is the set of operations. At the logic level, it is a set of
logic functions. At the physical level, it is a set of geometrical entities.
Synthesis is a set of transformations between two axial views at the same level
of abstraction. So there are three synthesis tasks: architectural, logic and physical.
‘In architectural synthesis (also named as high-level synthesis), structural view of the
circuit is obtained from behavioral view at the architectural level of abstraction. This
is the assignment of operations to circuit components including their execution timings
and component interconnections. In logic synthesis, structural view of the circuit is
obtained from behavioral view at the logic level of abstraction. It is the genera.tionv
of logic models as an interconnection of logic primitives stored in libraries using logic
specifications of the circuit. Since generation of geometrical view is done at the physical

level, usually the name physical design is used in place of physical synthesis. Positions
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FIGURE 1.1. Enhanced Y-chart.

of the geometric entities in the layout and layout generation is carried out using this
synthesis tool. The organization of these synthesis tools during siliéon compilation is
shown in FIGURE 1.2, |
Optimization tools are used in conjunction with synthesis tools to generate
testable circuits at the marginal constraints determined by area, performance and
recently, power. Combined optimization is carried out using all of the constraints
which are given as upper bounds on area and power, lower bounds on performance.
These constraints determine the design evaluation space, on which the optimization
process 1s carried. | |
During design of a circuit, the modified Y-Chart in [3] is used as shown in
FIGURE 1.3 to include the test stage. The transition between the traditional axial
views are straightforward and explained roughly above. The additional dashed axis for
testability is not the view of the circuit but a stage during the design process. This
- means that at all stages, the physical circuit is testéd and at the occurrence of fault, a
- transition will be done to the structural view to redesign the circuit. This is called as

the structured design, and some of the arrows coming to and going from test axis can
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FIGURE 1.2. Organization of synthesis tools during silicon compilation.

be removed depending on the designers’ choice.

Synthesis tools used in silicon compilers are not mature at the same level. There
has been an intense study on physical design automation since 1965. At ﬁrsf, known
techniques for PCB design were adapted. Later on, these were combined with opti-
mization techniques and modified to meet the specifications of multilayer chip designs.
Nowadays, it is the most well-established part of silicon compilation as stated in [4].

Logic synthesis tools have evolved similar to physical design tools. Classical ones
are based on combinatorial optimization algorithms and find a minimum implementa-
tion of the specified functions. Today’s logic synthesis tools are capable of binding the
combinational components to a given library [2], [5].

High-level synthesis (HLS) is the hottest research area in silicon compilation
since early 1980s. However, apart from a few exceptions, a smooth transition from
technology to industry has failed. The main reasons are related to lack of integrated |
methodology, including design entry, simulation and synthesis rather than the quality
" of synthesis algorithms as stated in [6]. Most of the HLS tools are optimal with

respect to minimum number of resources used or minimum cycle time required to
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carry out a certain job. On the other hand, this optimization does not necessarily lead
to smaller or faster final implementation, because size and delay of control logic and
all interconnections in the circuit can be significant and they are not usually ta.ken'into
account. Also, most of the HLS tools are application oriented. For example, Cathedral
system is developed for digital signal processing (DSP) applications [7]. The hardware
ciesign language (HDL) to the HLS tool is also very important because its semantics and
grammar determines the freedom of user interaction on the design. This is necessary for
the designer to produce a chip with the desired requirements. Therefore as this freedom
increases, the tool becomes more flexible and powerful. The possible organization of
jobs in architectural synthesis is given in FIGURE 1.4 to understand TABLE 1.1, which
is a brief survey on HLS tools of several silicon compilers. There-also exists some
scheduling and module selection tools that can be integrated to computer-aided-design
tools like Mentor Graphics EDA. Some of them use integer programming techniques
for scheduling like [8] and [9]. A newly developed tool uses DFG transformation for
‘multirate systems [10]. The last one also selects modules simultaneously. In another

scheduler is designed for scheduling cyclic DFGs using loop pipelining under resource
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FIGURE 1.4. Organization of jobs in architectural synthesis.

constraints [11]. A cost-optimized algorithm for selecting slow components on non-
critical paths and fast components on critical paths has also been developed for h.igh—
performance pipelines [12], [13]. \

HLS tools described above exploit some computer architecture techniques with
the conventional optimization ones for optimal final architectures. One of them is the
well-known pipelining for synchronous circuits to increase throughput of a machine
without changing basic cycle time. If different algorithm instances are executed in an
overlapping fashion on a single data path, it is functional pipelining. If the operation
instances are executed in an overlapping fashion on a single data path, it is structural
pipelining [14], [15]. Superscalar and superpipelined machine pipelines are modified
versions for better performance [16]. Another type of pipelining is wave pipelining
~ which is a method of high performance circuit design implementing pipelining in logic

without the use of intermediate latches or registers. Even though wave pipelining



has been well-known since 1969, its popularity has begun with the development of
~ sophisticated CAD tools in 1990s [17].

One other technique is folding which is the process of executing many algorithm
operations in one hardware operator [18], [19]. This technique is useful when matching
two systems with different sample rates and comparable number of processors. Folding
of systolic afra.ys and irregular data flow graphs with a given folding set are studied in
[16] and [19].

Good old lifetime analysis of [20] is the fundamental of most scheduling and
allocation algorithms in HLS tools. It determines the number of storage units. Each
storage unit is used to preserve a variable during its lifetime which is the time spanned
from its generation to its final reference by any operator [2].

DSP is the most studied area in design automation, because it is one of the
most well- established branches of electrical engineering for several years. In the last
few years, it is stimulated by the progression of multirate techniques. The ra.pid de-
velopment on multirate digital signal progressing is corhplemented by the emergence
of new applications. These include subband coding of speech, audio and video signals,
multicarrier data transmission, fast transforms using digital filter banks and discrete
wavelet transform of all types of signals. The key property of multirate algorithms is
their computational efficiency. As a result, they can be implemented economically us-
ing modern digital signal processors. At the same time, typical structures of multirate
systems are models for the design of highly efficient architectures for microelectronic
devices [21].

Typical structures of multirate systems are used for the design of highly efficient
architectures of microelectronic devices. They are based on elliptic, IIR or FIR type
digital filters and decimation and/or interpolation units. The IIR filter produces the
best result among all filters whereas an elliptic filter is less efficient. The FIR filter is
better than the elliptic one if the transition band is wide and is the worst one for a
narrow transition band and a single stage multirate system. The comparison of single
stage filters taken from [22] is shown in FIGURE 1.5. However, FIR filter is the only
one that realizes exact linear phase. Also it can be realized in very efficient formé, both
recursive and nonrecursive. In nonrecursive FIR filter-based realizations, stability is

guaranteed while implemented on a finite wordlength digital system. Besides, sensi-
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FIGURE 1.5. The comparison of single stage filters in multirate systems.

tivity to filter coefficients is very low. It is very easy to design an FIR filter with any
arbitrary specification [23]. The most important feature of an FIR-based cascaded mul-
tirate system is that it is nearly as efficient as that of an ITR-based cascaded system.
As a result, in the hardware realization of multirate systems, FIR-based structures
are used. In the literature, there are several FIR-based hardware implementations of

discrete wavelet transform and M-channel filter banks [24]-[32].

1.1. Our HLS Tool

Our HLS tocﬁ ﬁhose flow diagram is shown in FIGURE 1.6 and FIGURE 1.7,
accepts inputs as an enhanced form of ordinary directed data flow graph (DFG). The
format and commands that must be used fér correct operation of the system can be
found in Appendix A. The tool basically incorporates structural pipelining and folding
schemes to produce bit-parallel outputs. The inputs must be digit-serial-bit-parallel
(33].

The FIR-based blocks (multirate or not) can be entered as single nodes in an
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FIGURE 1.8. Target architecture for FIR-based systems.

input file. After quantizing the coefficients of these blocks (Chapter 2.), a seed of
quantized coefficients is formed which contains only the numbers that can be used to
generate the coefficients by shifting and/or inverting (Chapter 3.). The seed num-
bers are generated by using Scaling Adders block in FIGURE 1.8 which is the target
architecture for all FIR-based nodes. As it can be observed here, after the input is
processed by Scaling Adders, they are stored in Shift Registers block. The output is
processed by Combination Adders preceeding the Inverting/Noninverting and Shifting
block which generates the final version of the processed input. This architecture helps
us fold all kinds of FIR-based blocks in a system provided that the tap-length of each
FIR-based filter in the system are the same and clock frequency of the system allows
such a folding. This operation helps us reducing operators without sacrificing from
system quality.

After decomposing all FIR-based nodes into adders, the system is now composed
of only adders and multipliers if the multipliers exist explicitly in the input file. After

determining wordlengths of all operators, the module selection process is carried out
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by using library search for a given technology according to the optimization criterion
‘specified by the user. There are three objectives in module selection: Area, delay and
power. The user has to specify the strength for each oiajective and can put upper bounds
on some or all of the objectives. Instead of multiobjective optimization, we preferred
additive optimization after normalizing all modules in the library (Chapter 4.). The
module selection algorithm is developed to select slow components on non-critical paths
and fast components on critical paths for high-performance pipelines. If the upper
bounds are infeasible due to poor library elements, the bounds are dropped. Then,
scheduling is carried out by table search method to determine the required number of
registers (including Shift Registers block in FIGURE 1.8) and delay elements in the
systems. Using this number, the area, delay and power cost due to these elements is
determined and it is checked against the upper bounds if there are any. In case of
insatisfaction, their costs are subtracted from upper bounds and the module selection
process is carried out again. This process is carried until the best result satisfying the
‘bounds is found. A design example is given in Chapter 5.

This HLS tool can be improved by using the future research topics that are
explained in Chapter 6.
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TABLE 1.1 HLS tools of some silicon compilers with their notable properties.

Silicon Compiler or the
HLS tool (Application Area)

Scheduling and Allocation Schemes

Sehwa (ASIC design) [14]

Resource allocation table generation based on
resource sharing and followed by pipelined
scheduling

HAL (ASIC design) [15]

Force-directed scheduling under fixed resource
constraints

V-Compiler (ASIC design) [20]

Percolation scheduling followed by lifetime
analysis for resource allocation

Cathedral-II (DSP) {34]

As-Soon-As-Possible (ASAP) scheduling under

fixed resource constraints

PHIDEO (video applications) [35]

Data-path synthesis using retiming followed
by an improved force-directed scheduling

under fixed r

LAGER (DSP) [18]

esource constraints |
Probabilistic resource allocation followed by a
scheduling using discrete relaxation

HIS (synchronous systems) [6]

As-Fast-As- Possible scheduling and resource
allocation using graph coloring techniques

CALLAS (synchronous
systems) [36]

Maximally parallel and chained resource
allocation followed by unconstrained ASAP
scheduling

FAMOS (DSP) [37]

Kernighan and Lin’s graph partitioning
algorithm [4] for scheduling under fixed

resource constraints

JOSHUA (DSP) [39]

Simultaneous scheduling, allocation and
binding using integer linear programming
techniques

MARS (DSP) [39]

Concurrent scheduling and resource allocation
based on iterative loops exploiting
inter-iterat i -1 i 1

MATISSE (digital systems)

Static, dynamic and pipelined scheduling with

[40] different clocking schemes and synchronization
under fixed resources
WAVESCHED Wave-like scheduling exploiting inherent

(synchronous systems) [41]

parallelism such that independent loops share
the same resources
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2. COEFFICIENT QUANTIZATION IN FIR-BASED
NODES

On implementation of multirate systems in software applications, filter coef-
ficients are assumed to be of infinite or very high precision and this is usually the
case when implementing several FIR-based algorithms. However, the picture is not
quite the same for the hardware realization of these algorithms because of finite silicon
area. Therefore, filter coeflicients must be quantized; i.e., limited to a predetermined
wordlength, causing output signal degradation. This can be minimized by excessively
increasing the wordlength, but circuit complexity, area, and operation power increases
beyond the constraints set by the hardware system design engineers. The common
practice is to find an optimum wordlength for an acceptable error at the output. Sev-
eral studies have been made on finite wordlength effects [42]-[49].

In this study, statistical methods are used to estimate the wordlength of a fixed-
 point FIR-based multirate filter. The general equation for a K-tap FIR filter is

K-1

yml=> =z [m.— k] c(k]. (2.1)

k=0

As it is also evident from this equation, the input signal = is convolved with the
coefficient array c of the K-tap FIR to produce the m’th instance of the output signal,

y. The output of a D-decimating and I-interpolating multirate filter can be written as

K-1

y[Dm] =Y z[Im — k]c[k]. (2.2)

k=0 -

Interpolation and decimation processes should not harm the nature of the signal for
perfect reconstruction. The filter coefficients are rounded and they still meet the system
specifications with some additional error. However, the choice of quantization stepsize
is important to decrease the error. In this analysis, all filter coeflicients are limited
to the same wordlength; i.e., bit assignment process is not used. This helps us to use
folding that help us shrink the effective chip area [19]. The analysis can be extended

to handle all basic hardware structures explained above. In J-level cascaded designs,
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data bus limitations have to be taken into account, because common trend is the usage
of a fixed-size data bus for both inter and intra chip operations. Statistical methods
can be used to estimate error due to limited bus size; i.e., bus quantization. Then, a
model can be easily formed to find the optimal chip area for a given tolerable error at
the output.

In the following section, a statistical method which estimates the error with
the given wordlength of the coefficients and extends the analysis to cascaded systems
will be introduced. Also an analysis will be carried to determine the stepsize for
coefficient quantization. Section 2.2 discusses the quantization of fractional part of
the data bus. In Section 2.3 a model is formed to solve the problem which can be
expressed as " Given the tolerable error at the output, what is the optimal chip area?”.
A solution methodology for optimality is also given. Section 2.4 presents examples

and experiment results.

2.1. Effects of Coefficient Quantization

The analysis will first be carried out for a single multirate filter. Then, it will be
generalized to cover the analysis of J-level and L-band multirate systems. Throughout
the analysis, the input signal is assumed to be scaled so that no overﬁow occurs for the
integer part of the data bus. We have to make such an assumption due to the dynamic
limitation of fixed point arithmetic. The method of scaling is given in detail in [50].
Therefore, from here on, the terms ”input” and output” are used for scaled input and

output.

2.1.1. Effects of Coeficient Quantization in a Multirate Filter

Upon quantization of filter coefficients, error, Ac, is introduced to original co-

efficients in order to obtain quantized values, c,. Therefore, the degraded signal at the
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output, y,, and the error term of the output, Ay, can be given as follows:

o [K] = c[k] + Ack]

e ey
Yq [Dm] = y [Dm] + Ay [Dm] = kz=:0 z [Im — k] (c[k] + Ac[k])
| K-1
Ay [Dm] = kz_: z [Im — k] Aclk] (2.4)

We define error due to coefficient quantization, e., at the output as

e = E[(Ay)z]—ﬁ 2.5)
° \]E[w] RE 9

where E [()2] is the power of the function inside and it is equivalent to signal variance

o? if it is a zero-mean random process.

For most applications, coefficients are fractional numbers between —1 and 1.
Therefore, fixed-point quantization of coefficients by rounding with sufficiently large
number of bits is enough for their realization. Uniformity of this process is essential
to preserve system linearity. Rounding can be viewed as a zero-mean random process
uniformly distributed between —A/2 and +A/2 where A is the quantization step size.
Then, the variance of quantization error will be given as indicated in [50]:

2 .
E[Ad|=0i, = '1A'2" (2.6)

We can model coefficient distribution as a zero-mean random process which is
uniform between —cgax and +cmax where Cmax 15 the absolute maximum of all coeffi-
cients. Even though they are not always symmetric around the origin, modelling the
distribution this way does not effect the analysis in an adverse manner. The probability
density function (p.d.f.) of c‘,n'wc, is simply 1/2cmax in the occurrence region of c¢. The

power of coefficient distribution is

E [cz] =ol= " CPwede = i"& 2.7

—Cmax 3

The input z, the coefficient ¢, and the quantization Ac are assumed to be
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statistically independent. Keeping this in mind, the power of Ay can be derived as

follows:

E[Ay?] = [ Ay*waydAy
(2.8)

— A/2 Tmax Kt ?
= [Cap Jome kz=:0 z[Im — k] Aclk] | w;wacdzdAc, VDm.
If it is also assumed that the samples of z, c and Ac are uncorrelated, then the cross

terms of (2.8) will vanish to zero; only squared terms will survive:

: K-1 : _
E[Ay?] = _AZZ i kX_:o (z[Im — k] Ac [Irc])2 wewacdzdAc
K-1 a

= ¥ (20, Aclk) wacdAc) (f2=2 z [Im — k) wdz) (2.9)

Trni
k___o min

T o3 [olim — 4]
= T -
= I Aclk] | m

Since the power of the input signal within the convolution window is less than or equal
to the overall input signal power, E [:z: [Im — k]z] = E [z?] for the extreme case. Also,

azAc[k] = 0%.. Therefore, the output error signal power is simply

Az

E [Ay)] = Kok E 2% = K—E [27]. (2.10)

We can compute output signal power, E [y?], in a similar manner to obtain the

following result:

B[] = Ko'E [ = K== [o] (211)

Then by using (2.5), (2.10) and (2.11), e can be derived as

A

ec=2——.

(2.12)

However, a slowly varying signal has correlated samples, so the cross terms of
(2.8) will survive to some extent. Assuming that all cross terms exist, (2.8) can be

rewritten as:
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‘ K-
E[Ay? =2 AA/72 e (k_ > (z[Im — k] Aclk]) )ﬁ,wAcdmdAc

+J‘AA/§2 i (I:L:O ( [Im — k] Aclk] Z z [Im — j] Ac []])) wewacdedAc

Tmin

</ A[‘}z Jomex (:201 (z[Im — k] Aclk]) ) wewacdzdAc
(K = 1) JAf5, fEm (’:z'l (z[Im — k] Ac [k])z) wewacdzdAc
=0

<K [ AAZ g 2 (o [Im — k] Ac[k]) wowacdodAc

<K 2 ( I AA/72 Ac[k)? wAchc)( Tmax [Im k) wzda:)
<K k}_zjo o3 E [z [Im - k)]
' (2.13)

E [My?| = K*03 B |o ]_K2 E[ 2. -(2.14)

Note that the final equation shows that worst case output error signal power for cor-
related input samples is K times (2.10). Then by using (2.5), (2.11) and (2.14), worst

case error due to coefficient quantization, ecmax, can be found as:

VKA

2Cmax

€c,max =

(2.15)

On the other hand, it must be kept in mind that e;max is an unrealizable upper bound
because the input with correlated samples will not only effect output error signal, but
also output signal as well. However, €c,max Solidly determines the feasibility region of

ec; 1.e.,

€c < €cmax (2.16)

2.1.2. Effects of Coeficient Quantization in a J-Level Multirate System

Assume a cascaded multirate system as shown in FIGURE 2.1. We can write

the signal at the output of the 7’th level as follows:
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FIGURE 2.1. A typical cascaded multirate system. S; stands for an FIR filter with a
decimator and/or an interpolator. :

Kj-1
y; [Dm] + Ay; [Dm] = Z (Yj-1 [Im — k] + Ayj_ [Im k) (c; [k] + Ac; [K]) (2.17)

Here each stage can have a different coefficient set, c;, and evidently different number
of taps, K;. The output signal and the output error signal of j’th level can be written

using above the equation as follows:

Kj-1
y; [Dm] = kz Yj—1 [Im — k] ¢; [k] (2.18)
Kj-1
Ay; [Dm] = k}_: (yj—1 [Im — K] ACJ (k] + Ayja [Im — k] c; [k]) (2.19)

The output signal power for j’th level can be found using the above methodology

to obtain the result

B 4] = Kio B[yl | (220

Since the system is cascaded, (2.20) can be used iteratively to find output signal power

for a J-level multirate system as

' J
E [y3] = E [¢°] T] Keo?, (2.21)

k=1

The output error signal power can be found similarly as,

E [Ay}] = Kok, E [viy] + KioLE (A2 (2.22)

Because of the system’s defined structure, (2.22) can be used iteratively with (2.20):
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E[gl] = Kooh Kiao?, B 1)
+K;0 (Kjm10he, B [y3o] + Kima0%_E [AyL,])

= K K; J-1 (UAC 3 1E [yJ—Z] + a-c_,a.Ac_,_lE [yJ—Z] + 0’ C, 1 [Ayf_z])
(2.23)

As it can be seen from the above result, the intermediate stages affect the
output only by their coefficients and their respective quantization errors. Note that
the A symbol appears only once in each summation term, and it does not occur more
than once for every variable throughout the summation operation. This will yield the

following result for a J-level system from output to the input:

B0l = (1K) (oBevhoolrotBle]

402,03, aSJ_z .02 B [z7]
+o2,02 _oi., ..ol E[z?] (2.24)

2 2 2
+..+ 020} ol .03, Elz?

402,02, o2 ..o E[Ag?)

Then, error of a J-level multirate system, e, j, can be found by using (2.5),

(2.21), (2.24)

(2.25)

j=1 4CJ.max

_|E[Ae?) Lok, _ |E [Aa:"’]
€] = \l B T2l A\ Bl D>
If the input signal has no error term, i.e. Az =0, and J = 1, then (2.25) reduces to

(2.12) as expected. If J > 1 with similar stages as in wavelet transform, then a result

which can be easily estimated will be obtained:

= — 2.
€c,J - (2.26)

We can find maximum error for a J-level system, e jmax, by following the

strategy for the single level case.

e Tmax = \J (H K; ) (EE[@f]z] + Z 4? ’ ) (2.27)

j=1



21

Xy
mr—— S B —
1 1
X
1
:
X1,

FIGURE 2.2. A typical multiband multirate filter. S; stands for a cascaded system.

Equation (2.25) usually becomes sufficient to estimate error in cascaded multirate filters
for realistic data, because correlation between subsequent samples decreases as a result
of decimation and interpolation. This is obvious in decimation case. In interpolation
case, zeroes are padded between subsequent‘sa.mples before processing in the filter.
Therefore, the correlation between the samples of the new data array is very close to
zero in the overall array. |

A multirate system can be formed by also adding the outputs of several cascaded
multirate filters in a signed manner. Such a system is depicted in FIGURE 2.2. Here,
the outputs of all filters can be multiplied by signed numbers, §;, and added to each
other. Then, the output signal and the output error signal for an L-band system can

be written as follows:

y = z?:l :B‘iyi
Ay = T, BiAy;

Then, the error at the output can be derived using (2.5) together with the above

(2.28)

equations. It can be easily observed that the overall error will be at most the maximum

on a branch;
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(a) )

FIGURE 2.3. A two-band-three-level wavelet transform pair: (a)analysis part,
(b)synthesis part.

€2, < max ( fez'i) v | (2.29)

— 1<kl

and equality can be used for worst case conditions. Here, e ;max can also be used in

place of e.; to find maximum error for worst case conditions..

2.1.3. Determination of Coefficient Quantization Step Size

It is known that there is a relation between the step size A and number of bits

used for quantization, ¢y, for signed numbers as follows:

A= Qo(ee) (2.30)

where Q is a scaling constant and one bit is reserved for sign. Therefore, Equation

(2.25) can be rewritten as

7=1 cj,max

E{Az?] L Q32 %y
€c,J = \' _E'T‘;]— +3 L (2.31)

Now, if similar stages are used with J > 1 as in wavelet transform shown in FIGURE

9.3, then ¢y can be found using (2.26) in conjunction with (2.30) as follows:
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FIGURE 2.4. A four-band wavelet transform: (a)analysis part, (b)synthesis part.

crit = — log. ezl
L avI

An L-band wavelet transform is made up of one level branches as shown in

(2.32)

FIGURE 2.4, but the longest branch of an L-band J-level wavelet transform is at the
J’th level. In the light of Equation (2.32), it can be claimed that as the level of the
wavelet transform increases, more bits are required to satisfy a given error criterion. It
must be noted that the final equation is not related to the band number L of the filter.

In the above analysis, the significance of step size constant {) was not mentioned.

Usually it is taken as 1:

A=A, =2 (1) (2.33)

So Equation (2.31) can be rewritten as

2 J 2"2%{:-
ol = J Blaat] 2 (2.34)

W i=1 cg,max .
However, this process does not guarantee the utilization of all bits efficiently. Also while '
transmitting the data through the channel, it is more likely that it will be contaminated
with noise. Therefore, it will be better to decrease the step size to alleviate the effect

of channel noise on the signal and to expréss the coefficients with more accuracy. This
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can be achieved by taking Q any number smaller than one. On the other hand, the
‘maximum number must be expressed within the given wordlength. Therefore,
|cmax| <R < 1. (2.35)

Taking ) to be the smallest value which is equal to |cmax|, stepsize can be redefined as

follows:

A= Dy = Cax (2.36)

then the error of the output signal, e s, using Equation (2.31), can be written as,

€7 = E[[Aﬁ]z] +22‘2°'"‘ | - (2.37)

\

which is absolutely less than the value defined by Equation (2.33), since |cmax| < 1.

Another drawback of designs using A, as the step size is the mismatch between
effective wordlength and the desired wordlength. This phenomenon for Gaglar’s eight
tap wavelet transform coeflicient set [51], is shown in FIGURE 2.5. This is completely
dependent on the coefficient set. However, such a case does not occur when using A,
as the step size, because of full exploitation of the entire wordlength. .

As a result, usage of A, instead of A, is preferable for coefficient quantization.
However, scaling process is necessary at the output as Q; # 1. This is not problematic
for systems having all paths at the same level. An example can be an L-band single
level wavelet transform pair as shown in FIGURE 2.4 where L = 4. Here, since both
analysis and synthesis parts are symmetric, scaling of output at the synthesis part by

(2, where ( is given as

JAYA
(= A , (2.38)

is sufficient a;s shown in FIGURE 2.6. Scaling problem must be handled more seriously
for a tree with branches at different levels. An example can be devised to understand
this more easily. Think of a two-band three-level wavelet design with its analysis
and synthesis parts as shown in FIGURE 2.3. Both analysis and synthesi; parts are
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FIGURE 2.5. The effective wordlength vs. the desired wordlength due to the
quantization stepsize. B stands for Ay and A stands for A,.

connected via a channel to obtain the paths shown in FIGURE 2.7. As it can be seen,
there are four paths with different levels: 2, 4, 6, and 6. This means that the output
cannot be scaled as it is done in the previous case. Then, throughout the design process,
if Ay 1s used in the analysis part, then it must be switched to A, in the synthesis part.
as shown in FIGURE 2.8. In this case, it is obvious that the silicon area is larger for
the synthesis part. Therefore, one can prefer to use A, throughout the design process.
On the other hand, it must be kept in mind that the previously described hybrid design

is less sensitive to channel noise.

2.2. Effects of Bus Quantization

In the above analysis, it is assumed that the data bus is varying with the
coefficient quantization wordlength, meaning that the width of the output data bus

is different than that of the input data bus at each stage. For example, if the input

iy ’.;,‘v‘:i;i P S -
AN S R v g eer
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FIGURE 2.6. Realization of FIGURE 2.4.b. when the analysis part is realized using

Ay
x— G H{2 f2HGL .
HHH2HG6H]2 t2H GHt2H H " patn1
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—H-¢2~—H 2 G iz —TzuG_TzuH TZ—H path2
H Lz——Hﬂ 2HH ¢2— TZ—H—TZ—H TZ—H-— * path3
“"path4

FIGURE 2.7. Path decomposition of the system formed by connecting analysis and
synthesis parts of FIGURE 2.3. via a channel. -
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- FIGURE 2.8. Realization of FIGURE 2.3.b. when the analysis part is realized using
Ag.
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data bus is 8 bits wide and the coefficient precision of the filter is limited to 8 bits
.again, then the bus width at the output will be 16 bits. If a similar filter follows this
one, then the output bus-width will be 24 bits. Thié situation can be allowable in the
chip, but at the output ports, they must be limited because of the maximum allowable
output pins for the chip. Besides, the data bus may get large enough to consume more
area than the main processing and controlling units. Therefore, in the chip design, bus
wordlength is usually fixed. Data bus carries both integer and fractional parts of the
data. Bus wordlength limitation is carried out on fractional data bus. From here on,

the term "bus’ will be used for output bus of the multirate module.

2.2.1. Effects of Bus Quantization at the Output of a Single Level Multirate Filter

Bus quantization can be done either by truncation or rounding. In both cases,

some error is added to the output signal as follows:

y+ Ay — (y+Ay), =y + Ay, =y + Ay + Ab (2.39)

Truncation is simpler than the rounding process but produces more error. If Agy, is

the bus quantization stepsize, power of error signal for a truncated bus is given in [50]

as follows: ,

E [Ab] = A;“ (2.40)
(2.6) can be reused for rounding case:

o Az

E[A¥] = e (2.41)

Bus quantization error, e, can be defined in a similar way as (2.5), and using

(2.11), it can be found as follows:

_|Elaw _ [ _E[AR
% ‘\] El? \J K% E [2?) (242)

Then, total error for a single level multirate system with bus qua.ntiia.tion can be given
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as follows:

e=+/e2 + ¢} ’ : (2.43)

In this equation, either e, or e max can be used depending on the desired design quality.

2.2.2. Effects of Bus Quantization at the Output of a J-Level Multirate System

For a J-level cascaded system as shown in FIGURE 2.1 with bus quantization,
an analysis is done similar to that of the previous section. The error signal at the

output of the j'th level before bus quantization can be written as:

b

Ui+ 8y =3 | yim1+ Ayjoa + Abj [ (¢ + Acy) (2.44)
=1 (Ay;:)q

The output signal at the j’th level is the same as (2.18). Therefore, the output
signal power for a J-level cascaded system is the same as (2.21). However, the output
error signal is modified because it contains previous stages’ error terms for bus quanti-
zation, and this modified error term at the j’th level can be labeled as (Ay,-)é. Then,

the output error signal can be written as follows:

j j i "
Ay; = yi1lei+ Y, Ayjaci + ) Abjoag (2.45)

=1 1=1 i=1

Using the above equation, the oufput €rror power is

E [Ayﬂ = KjazACjE [y.g-l] + KjagiE [Ay.?"l] + KjagiE [Ab§~1]
= Kjoi. Kj10%_ | E [yf-z] + K0l K103, B [yf_z]
+Kj0'g.Kj_10'3j_lE [Ay_?-z] + KjaczjKj—lazj_xE [Ab.?-?]
+K;0%E [Ab]

(2.46)

If this process is iterated to the input, the output error power for an J-level cascaded

multirate system will be given as follows
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E|(Ay))] = ElAyY + (J_rjz K,-afj) E[AB] + (rj K,-az,.) E[AB]

(2.47)
+...+ K702, E [AbY_,] + E [AB}]

Using the above equation in conjunction with (2.5) and (2.21), then total error for

J-level cascaded system, e is

] ;I E[AR

ey = e?:,] + Z [J J]

= E[a?] (H K,-af,.)
1=1

(2.48)

If J > 1 with identical stages as in wavelet transform and fixed data bus at the output
of each stage, i.e. Ab; = Ab, Vj < J, then a much simpler result is obtained:

' E |Ab I E AW 1 - (Ko2)?
€s = \J eg,J + £E 2] ] Z (Ko2)™ 7= \Jeg,.] + E[[:l:z.]] 1(KE,.I;) c_)l (2.49)

For an L-band system as shown in FIGURE 2.2, the system error can be defined

as

el < max (B2¢3) (2.50)

where e,’s are given as in (2.43) or (2.48).

The bus stepsize is given as follows:

Apys = 270 (2.51)

This stepsize is unique due to the nature of the bus.
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2.3. Model of a Multirate System

Using the above derivations, the output system error can be easily determined
if the wordlength of each stage in a multirate system is given.

The above derivations can als;) be used to formulate a problem which can be
stated as follows: ”Given a tolerable error at the output, what will be the estimated
chip area?”. Now, a model will be set up for solving this question.

Let us define a variable, ¢;, as the square of a unit error term. For handling
equations (2.29) and (2.50), there are two methods. The well-known method is using

L constraints for each maximization operation as follows:

eer — >0 Vi<L

(2.52)
e, — Pl >0 Vi<

The other method is derived by using the structure of the multirate system by forming
paths from inputs to outputs as shown in FIGURE 2.7. At first, adders on each path
are removed. Then, for each output, the given tolerable error is reflected to each path’s
output with predefined scales. As a result, these constraints and related variables can
be removed. If the circuit is to be realized by using folding, then all modules that
belong to a fold on a path are counted and a folding variable which is scaled by this
count appears in the model. This process will be illustrated in an example in Section
2.4.

After the definition of variables, each path can be viewed as a cascaded multirate
system. Then, it is evident that the number of constraints will be equal to the number
of paths from inputs to the outputs. Let us define S as the set of indices of all multirate
filters and bus quantization operations in the system, and ¥y as the set of all possible
paths from inputs to outputs for N which is the node set given in the DF'G file. Covering
subsets S, of set S for each ¥’th path can be formed such that ) € Uy. In each Sy,
only the variables that stand for error terms of multirate filters and bus quantization
operations on the 1’th path, €,, exist for s € Sy and 9 € ¥y. If square of the given
tolerable error for ¢’th path is 7y, then the constraints can be rewritten for all paths

as:
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CT1: Y,es & <1y Ve Ty

(2.53)
CT2: 0<e<g Vses

These constraints form a bounded feasible region because there are upper and
lower bounds on all variables. The convexity of the region is defined by type 1 con-
straints. However, it is an open convex set because €, can never reach its lower limit
because of its definition. The upper bound ¢, is the error due to the smallest number
of bits for quantizing. This is two bits for coefficient quantization (a sign bit and a
value bit) and one bit for bus quantization (only a sign bit). Therefore, the feasibility
region is a bounded open convex set.

In the design process, some modules cannot be larger than some predefined area
due to design restrictions. Therefore, those modules’ coefficients cannot be realized
using more bits than allowed. Similarly, due to restricted chip area and pin amount,
bus-width must also be limited. For this case, note that the minimum error, §,, is
obtained when the quantizing bits are equal to the maximum permissible bits. Thus

this class of constraints can be rewritten as

CT3: € >€ 3dseS. (2.54)

The last constraint type comes from again design process restric’ciohs. Some
modules can be previously designed with fixed errors or some modules can be designed
using prefixed operators. The bus-width can be fixed at some locations, for example,
at the output of the chip. All these types of errors are called as fized errors and are

denoted by ¢;,. Then, the final class of constraints is

CT4: e, =¢, Is€S. (2.55)

Consequently, any ¢, satisfyingb CT1, CT2, CT3, and CT4 gives the solution
for the above question. However, it does not guarantee the minimal chip area.

We have to define an objective function to obtain minimum chip area using the
above constraints given the tolerable error at the output. Note that €, is exponentially
proportional to number of quantization bits as it is seen from stepsize definitions (2.33),

(2.36) and (2.51). Let us partition the set S into two convex sets: C, the set of
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indices for coefficient wordlengths in multirate filters, and B, the set of indices for bus
‘quantization operations. Both the coefficients and the data bus have to be minimized
to obtain minimum chip area. Also scaling of both coefficient quantization and bus
quantization with some nonnegative constants, +. and 4, respectively, can be done for

emphasizing their relative importance. Then, the optimization model can be rewritten

as

minFg: min(—Y.ccVclogyec — Tpenlog, 6) CUB =S,

subject to
fi: T Yees, € < Vi € Ty,
' €Sy € =T vely (2.56)
f2: ' € <€, Vse S,
fa: € > € ds€ S,
fa: €; = €5, ds € S.

keeping in mind that ¢, is always positive!

.2.3.1. Optimal Solution of the Model

The objective function, Fs, of (2.56) is a convex function since — log, €. and
—log, € are convex, and summation of scaled convex functions is convex. Since the
constraints form a convex feasibility region, then min Fs is a convex programming
problem. It is known that any local optimal solution of a convex program is the global
optimal solution. Thus, finding a local optimum solution is sufficient for finding a
global optimal solution for the model given in (2.56). So Kuhn-Tucker (KT') necessary
and sufficient conditions can be to solve the problem. These general theorems can be
found in any standard text such as [52], [53].

In this model’s solution, at first the fixed errors are removed from the model by
substituting them to their corresponding places in CT'1 and CT2 before generating thei
KT conditions. In case of infeasibility, the designer must either increase the tolerable

error or use modules and bus quantization schemes with smaller errors. If the problem



33

is feasible, the new path errors, 7, are evaluated by subtracting fixed errors from
original path errors for all paths that contain them. After this operation, fourth type
constraints are removed. “

- Next, the feasibility of CT3 constraints are checked. If they violate feasibility,
it is up to the designer to make the problem feasible as explained above. In case of a

feasible problem, the model given by (2.56) before generating KT conditions will be

minFs: min—3 ccvlog, . — Tyepolog,es CUB =S,

subject to
h: Dses, € STy Yy € Ty, (2.57)
fa: € < €, Vs € S,
fa: € > €, 3s € S,

The optimality conditions of the problem will be given by the KT conditions. They

can be listed for this problem if €} = (€, ¢}) is a local minimizer as follows:

8 8 '
KT1: [aa—l;i + Yy u¢% +wc~af—€2¢r- —'UCALL. =0 VceC,

Bee

KT2: (52 + Syeop 3 +wge —uzt] =0 Vbe B,

KT3: uy (Ties, € —7y) =0 Vi € Ty,

KT4: w,(el —€)=0 ds e S, (2.58)
KT5: v,(€l —€)=0 dse S,

KTé6: uy 2 0 Vi € Ty,

KTT: w, > 0,v,>0 ds € S.

Note that the KT conditions can be written as the multiplication of a 0-1 matrix
multiplied by a vector of Lagrange multipliers. Using (2.57) and (2.58) the problem
can be solved uniquely for optimality. Because of the nice structure of the problem, it
converges to the optimum value quite fast.

This model can also handle folding operations quite efficiently. Folding effects
only CT1 constraints, hence KT1 and KT2 conditions. This is shown in the following

section.
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2.4. Examples and Experiments

2.4.1. Example 1.

Let us form the model for the two-band three-level wavelet analysis and synthesis
chips with no noise in the channel as shown in FIGURE 2.7. Assume that each path has
different errors, and there is bus quantization only before the channel. Also assume
that 7. = 5 = 1 for all quantization terms. The variable €g;, is the name of the
varia.bie of the G filter at the first level at the analysis part. All other variable names

are written in a similar manner. Then the optimization problem can be written as

min — (log, €g14 + 108, €624 + 108, €632 + 10g, €15 + l0g, €625 + 108, €G3,)
— (log, €rr1a + log, €x2q + log, €x3a + log, €x1s + 108, €R2s + 108, €53,)

— (log; €busgy, T 1085 Ebusgy + 1083 €busgys + 1087 Ebusns, )

s.t.
U €G1a + €c1s €busg; S T
U2 €H1a t+ €G2a + €x1s + €G2s T €busgaa S M2
U3 €H1la + €H2a + €G3a + €H1s + €H2s + €635 T Ebusgy, < N3
Ug €H1a + €H2a + €H3a + €H1s + €H2s + €H3s + Cbusys, < s
(2.59)
and all variables satisfy CT?2 constraints. KT conditions can be written as
1
Gla €G1s €husgy g
1
e
Gla €G2s Chusgaa
111 g,
KT1,KT2: 0= €63 Cbusgya (2.60)
1 1
= —= U U
€Hia €H1,s U2 + 3 + 4
1 1
= = U U.
€H2a €H2s 3 + 4
1 _ 1 1 =y,
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Note that KT3 conditions are clearly redundant. This means that the constraints given
in the model must be tight; i.e., they must be equal to 7y for 1’th path. Therefore,

the problem can be solved uniquely using the above eqﬁa.tions.

2.4.2. Example 2.

Assume now folding is used to realize the above system. Let us say that our
folding sets are F1 = {Gla,G2a,G3a}, F; = {Hla, H2a, H3a}, F5 = {Gl1s, G2s,G3s},
Fy = {Hls,H2s, H3s}. Then, the model is

min — (log, €x1 + log, €r2 + log, €r3 + log, €r4)

— (logy €pus, + log, €bus, + 10g; €pusy + log, fbuu)

s.t.

Uy €EF1 + €EF3 + €busy SN (2.61)
Up €F1 T €F2 + €F3 + €F4 + €busy, < N2

Us €F1 + 2€p2 + €F3 + 2€F4 + €pusy < 73

Ug 3era + 3€Hs + €bus, < M4

and all variables satisfy CT'2 constraints. KT conditions can be written as

;t;:;;—a=u1+u2+U3
;%2'= = uz + 2uz + 3ug

1

€ =

KT1,KT2: run (2.62)

1 _ oy,

€buagy

cbt]l:na =Us

eb:q = Us

2.4.3. Example 3.

Now let us give a numerical example for the analysis part of the system defined
in Example 2. As a result, only folds F1 and F2 exist. Both of these folds use
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Daubechies’ six tap coefficient set, but F'1 uses the original one and F2 uses the high-
. pass one. Assume that there is no specified error for the output of path 1. The other
errors are e; = 4.47%, e3 = 7.07% and e4 = 8.37‘%. Then 7; = (4.47%)2 = 0.02,
73 = 0.05 and 74 = 0.07. Assume that F2 is previously designed with 7 bits and F'1
has an upper bound of 6 bits on its coefficient quantization. Also, the bus quantization
bits for all paths are variable except the ones before channel: The output of path 2 has
a truncated fixed bus quantization of 5 bits and the output of path 4 has a rounded
fixed bus quantization of 6 bits. The output of path 3 has a truncated variable bus
- with an upper bound of 6 bits and its scale is 4, = 0.01. If the stepsize of the coefficient

quantization is taken as (2.33), then the primal model is formed as follows:

min — log, ez — 0.011og, €pusy

s.t.
U er < 0.00183
' = (2.63)
Uy €rm + €busy S 0.00466
un e > 0.00067
wWa €pusy > 1.93379 % 1077
both variables satisfy CT?2 constraints. KT conditions can be written as
KT1: . CIIT1=’U:1+‘LL2—1U1
KT2: 20 = up — wy
€buay
u; (€r — 0.00183) =0
KT3: 1 (e )
uy (€p1 + €pusy — 0.00466) =0
o 0 00(27 ) )0 (2.64)
w; (0.0 —€fm) =
KT4: : i
w3 (1.93379 % 1077 — €4usy) = 0
KT5: up >0 up >0
KT6: un > 0 we __>_ 0

The solution of this system yields truncated output bus quantization of path 3 with
only 1 bit, which is actually the sign bit. F1 is must be realized with 6 bits to satisfy
both folding and path error requirements. Final path errors are found as e; = 2.59%,

e = 2.90%, ez = 3.17% and e; = 2.24%.
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Now if the same problem is solved using (2.36), then the model and KT condi-
. tions will be exactly the same except for constant values. The solution of this system
yields truncated output bus quantization of path 3 with only 1 bit, which is actually
the sign bit. F1 must be realized with 5 bits to satisfy both folding and path error
requirements. Final path errors are found as e; = 3.33%, e; = 3.43%, e3 = 3.52% and

€4 = 137% '

As this example shows, fewer bits are sufficient to realize the same system when

(2.36) is used instead of (2.33) for system stepsize.

2.4.4. Experiments

One dimensional linear, triangular, square, random inputs and 2562256 gray-
scale Lenna image were utilized in our experiments. The two-dimensional image is
converted into a one-dimensional signal by connecting each row at the end of the pre-
vious one. These signals are applied to G filter of FIGURE 2.3 with Daubechies’
coeficients for six-tap multirate filter coefficients given in [54] to obtain FIGURE 2.9
and FIGURE 2.10. Then they are applied to the systems formed by connecting anal-
ysis and synthesis parts of FIGURE 2.3 and FIGURE 2.4 via noiseless channels. The
coefficients used were Daubechies’ and Qaglar’s. The results are shown in figures from
FIGURE 2.11 to FIGURE 2.14 respectively. These experiments were first carried out
with no bus quantization. Then all the experiments are repeated using bus quantiza-
tion. The bus quantization operation is carried out for all bits between 0 and 16. The
corresponding figures are from FIGURE 2.15 to FIGURE 2.26. The graphs support

the above results.
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FIGURE 2.9. Experimental and estimated errors on a single level multirate filter.
Coefficient quantization stepsize is A, for (a) and A, for (b)
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FIGURE 2.10. Experimental and estimated errors on a single level multirate filter for
the Lenna image. Coefficient quantization stepsize is A, for (a) and Ay for (b)
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FIGURE 2.12. Experimental and estimated errors on a two-band-three-level
multirate system for the Lenna image. Coefficient quantization stepsize is A, for (a)
and A, for (b)
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FIGURE 2.13. Experimental and estimated errors on a four-band multirate system.
Coefficient quantization stepsize is A, for (a) and A for (b)
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FIGURE 2.14. Experimental and estimated errors on a four-band multirate system
for the Lenna image. Coefficient quantization stepsize is A, for (2) and Ay for (b)




#error %error
! i ¢ 1 ' — ' i ¢
01 % 20 20
0.01 4 bet 01+
0.001 ¢ b=3 0.01 ¢ bt
0.00011 i gj 0.001 4 b=3
0.00001 4 Pl b=5
0.060001 4 Do 0.0001 4 b=
0.0000001 4 0.00001 4
linear input random input
J%error . Ssemor
1 t + + | 1 + + — — ¢
) 20 ¢ 20
014 01l
0.0t ¥ - 0.01 4
b=1 et
0.001 4 b=3 0.001 1 b=3
b=5 be5
0.0001 + b=7 0.0001 + ba?
0.00001 ~ riangular input 0.00001 L
(2)
%ermor semor
1 1 ¢
{
0.1 ¢ 01l
0.01 ¢ 0.01 +
0.001 1 0.00t 4
0.0001 4 '0.0001 +
0.00001 4+ 0.00001 4
linear input random input
%ermor S%error
1 + — + <4 ¢ i
{ 20
014 0.1+
0.01 + b=1 0.01 4
0.001 + N b=3 0.001 +
- T b=5
0.0001 CWOURES b=t 0.0001
- 000001 4 triangular input ' 0.00001 4

(b)
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stepsize is A, for (a) and A for (b)



45

‘ — ‘ * = = ; — | #ofbits
P 2 4 6 8 10 12 14 16 c

0,1 +

0,01 T

0,001 +

0,0001 +

0,00001

%error

1 } } + } t t } { #ofbits

16 C

o
N
(=]
«
-
[ =]
-
~n
-
H

0.1 +

0.01 +

0.00% 4

0.0001 +

0.00001 L

estimatederror  --eceeess experimental error

(b)
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46

%error
7 10+
| 20 R
0,1 ¢+
= 0,‘ -+
0,01 g=;
0,001 4 b=5 0,01 4
b=7
0,0001 + 0,001 4
0,00001 -+ 0,0001 1
linear input random Input
gemor serror
10 l 10~
1 , ¢ 1
20
RS o1l
0,01 4 b=1 0,011
b=3
0,001 + b=5 0,001 4
b=7 L
0,0001 - 0,0001
triangular input square input
(a)
s%error sgerror
07 10T
! ¢ .
. 20 5
c,1 1
b=1 0,1+
0,01 ¢ be3
= 0,01
0,001 + t;_g
0,0001 + ‘2.‘—- 0,001 +
0,00001 + 0,0001 4
linear input
Herror seror
‘0 - '0 -
1 y € 1
20
0,14 0,14
b=1
0,01 4 0,01 4
b=3
0,001 4 b=5 0,001 4
b=7
0,0001 + 0,0001 +

tiangutar input

(b)

FIGURE 2.17. Experimental and estimated errors on a two-band-three-level
multirate system with rounded fractional bus quantization at the output. Coefficient
quantization stepsize is A, for (a) and A, for (b)



47

0,1 +

0,01 +

0,001 -

0,0001 4

0,00001 -

T

——— estimatederror oo experimental error

(a)

%error
10 5

1 — #ofbits

0.t +

- 0.01 +

0.001 +

0.0001 -

b=11

0.00001

estimatederror  -eeeeeeeees experimental error

(b)

FIGURE 2.18. Experimental and estimated errors on a two-band-three-level
multirate system with rounded fractional bus quantization at the output for the
Lenna image. Coefficient quantization stepsize is A, for (a) and A, for (b)
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with rounded fractional bus quantization at the output. Coefficient quantization
stepsize is A, for (a) and A, for (b)
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FIGURE 2.20. Experimental and estimated errors on a four-band multirate system
with rounded fractional bus quantization at the output for the Lenna image.
Coefficient quantization stepsize is A, for (a) and A, for (b)



%emor

0.1+

0.01 +

0.001 4
0.0001 +
0.00001 4
0.000001 +
0.0000001 -

0.1+

0.01 +

0.001 1+

0.0001 ¢+

0.00001 *-

%emor

1 + + t

0.1 4

0.01 ¢+

0.001 +

0.0001

0.00001 1

2error

1 — ;

)
Y

0.1 ¢+

0.01 +

0.001 ¢+

0.0001 ¢+

0.00001 +

FIGURE 2.21. Experimental and estimated errors on a single level multirate filter
with truncated fractional bus quantization at the output. Coefficient quantization
stepsize is A, for (a) and A, for (b)

[
1
v
v
[}
1
»

b=3

DY
N iteo s
A LRd

Ve

triangular input

0.1+

001 1

0.001 +

0.0001 L

%error
1

014

0.01 +

0.001 ¢+

0.0001 -

%etror
1

0.t +

0.01 +

0.001 +

0.0001 -

0.01 ¢+

0.001 4+

0.0001 +

0.00001 -

(b)

50




51

%error
1 t t I } t t t —
q
#ofbits
6,1 4 c
0,01 + b=
b=
0,001 4+
b=
0,000t + b=
b=9
b=11
0,00001 L
%error
1 — z : : : + + {  #ofbits
1 c
0.1 4+
0.0% + ‘b=
=3
0.001 1+
b=
0.0001 4 b=
b=9
0.00001 & b=11

estimatederror  eeseeeee experimental error
(b)

FIGURE 2.22. Experimental and estimated errors on a single level multirate filter
with truncated fractional bus quantization at the output for the Lenna image.
Coefficient quantization stepsize is A, for (a) and Ay for (b)



52

o,
%eror sserror
lO-I- e
! 1 ¢ i .
20 &
0,1 bt 1
0,01 b=3 ’
b=5
0,001 b= 0,01 4
0,0001 , ¥ 0,001
0,00001 0,0001 L
linear input random input
s%error Sermor
104 10—
! i
p
0,14 0.1+
0,01 + 0,01 4
0,001 - 0,001 4
0,0001 - : 0,0001 L
triangular input
(a)
%ermor sgerror
10+ 10 -
1
0,1 T
0,01 L
0,001 +
0,0001 +
linear input random input
%error %error
10+ 10 +
i i ¢ 1
20
0,1 ¢ bet 0,1 4
0,01 L :g 0,01 |
0,001 + b=7 ’ 0,001 J
0,0001 -+ 0,0001 +
triangular input square input

(b)

FIGURE 2.23. Experimental and estimated errors on a two-band-three-level
multirate system with truncated fractional bus quantization at the output.
Coefficient quantization stepsize is A, for (a) and A, for (b)



53

%error
10
1 4 } ) ! N . N \ #Ofbits
. T T L] L] L] L] c
5 2", X 6 8 10 12 14 16
01 +
0,01 +
0,001 +
0,0001 +
0,00001 L
estimatederror = wereeeeeen experimental error
(a)
%error
10 +
#ofbits
1
c
0.1 +
=1
0.01 4 =3
=5
0.001 +
b=
b=9
0.0001
b=11
0.00001 -~

estimatederror ~ ---eeeeeee experimental error

(b)

FIGURE 2.24. Experimental and estimated errors on a two-band-three-level
multirate system with truncated fractional bus quantization at the output for the
Lenna image. Coefficient quantization stepsize is A, for (a) and A for (b)
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FIGURE 2.26. Experimental and estimated errors on a four-band multirate system
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3. MULTIPLIERLESS REALIZATION OF FIR-BASED
SYSTEMS

In Digital Signal Processing (DSP) algorithms, most of the operations are arith-
metic operations. While implementing these algorithms, multiplication and division
require more complex architectures than others. As general multiplication and divi-
sion architectures occupy huge areas compared to additions and subtractions, using
these general architectures are avoided as much as possible. This can be done when a
set of signals is multiplied by some constant coefficients. In this case, multiplications
are represented by a series of adders and /or subtractors and shifters. This kind of mul-
tiplier representation is very effective in terms of area, delay and power compared to
general multipliers. The hardware systems that use this representation for multipliers
are called as multiplierless systems. As adders and subtractors have similar struc-
tures, both of them will be referred to as "adders” unless their difference is explicitly
~ mentioned.

Even though multiplierless systems are more cost effective than general ones,
there is a trend to make these systems even more effective. The representation style of
the constants determines the number of adders required. It is proved by Garnér that
Canonic Signed Digit (CSD) representation requires, on average, 33% fewer adders
than standard binary representation [55]. CSD representation has.the nice property
of standard binary representation such that each number is uniquely represented [56].
CSD is known as a special case of signed digit (SD) representation, and is the rep-
resentation which requires the fewest adders. However, the number of adders can be
minimized by using intermediate results. It is proved that the designs using SD rep-
resentation and intermediate results can obtain an average improvement of 16% for
12-bit wordlength and 26.6% for 32-bit wordlength over CSD [57]. However it must be
noted that a nuinber can have many different SD representations and this increases ex-
ponentially as the wordlength increases linearly. Therefore, one must find the best SD
representation for each constant, but this is a time-inefficient process because finding
the best representation is an N'P-complete problem. Bull and Horrocks tried to solve

this problem by heuristic methods resulting in suboptimal solutions [58]. Dempster
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was able to solve this problem at optimality for all numbers with wordlengths up to
12-bits by using graphs and topology, and stored all Fesults as the entries of a lookup
table. Going beyond this wordlength exhaustively is not only time-inefficient but also
memory-inefficient, as stated in [57).

In DSP systems, there are several constant coefficients. Therefore, instead of
optimizing each coefficient separately, one can go through optimization of all coeffi-
cients at once. There are basically two groups of methods in Finite Impulse Response
(FIR)-based DSP systems. In the first group of methods, after deciding on the char-
acteristics of the FIR-filter and the wordlength, each tap’s coefficient is chosen such
that it is represented By using either CSD or a single adder, [59]-[64]. In the second
group, the coefficients are chosen to reflect the system characteristics. After they are
quantized with a predetermined wordlength, a set of partial sums that reduces the
number of adders and/or shifters in the system is formed using groups of coefficients or
each coeflicient separately, [68], [65]-[76]. In other words, the filter is designed with im-
plementation constraints in mind for the first group, whereas the best implementation
is chosen after the design is done for the second group.

It is observed that the systems produced using the methods in the second group
have better performance than the first one if same number of adders are used. This is
not surprising because the quantized response of the system is known and accepted in
the second group before the choice of partial sums which exactly reﬁecf the quantized
coefficients. However, coefficients are chosen in the first group such that it will resemble
the quantized system response.

The method explained in this paper falls into the second category. All of the
methods described in second group are capable of handling only FIR-based systems
except one [T1], which handles all kinds of systems. Our algorithm is able to handle
all systems which can be written as the addition of some scaled inputs, i.e. some
inputs are multiplied by some constants. This is the usual case for most of the recent
DSP systems using multirate signal processing techniques or transforms for reducing
computational complexity without compromising from the system quality. In these
techniques, as some constants appear more than once, realizing each of them separately
is a redundant process and increases area and power of the system firmware. FIRfBased

‘systems constitute a subset of this kind of systems. Some of the FIR-based a.lgofithms :
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can produce better results than ours in single FIR filters in the system. However,
-when multiple FIR filters are used with similar tap coefficients with decimators and
interpolators like wavelet transform, our algorithm outperforms all algorithms in the
number of adders, shifters and delay elements. The main reason is the fact that our
algorithm uses CSD representation of all coefficients in the system and handles all of
them at the same time.

In the next section, the problem will be stated after giving some definitions that
are used throughout the paper. Then, in Section 3.2 the theoretical foundations of the
two-term representation of a system is explained. Due to the nature of the problem,
either a mathematical model which is explained in Section 3.3 can be formed and
solved optimally by branch-and-bound or the problem can be solved near-optimally
by a greedy algorithm explained in Section 3.4. In the worst case, it converges much
faster than [68] and can work easily for all wordlengths without suffering from memory
requirements. The final impact is done by using the greedy method iteratively so that
the number of adders can be reduced further. This is explained in Section 3.5. The
results can be improved by using refinements explained in Section 3.6. Experimental
results are presented in Section 3.7. The final section mentions about the determination
of wordlengths of all nodes after the expanding the FIR-based nodes as adders and

negators.

3.1. Problem Statement and Definitions

While defining terms, the four-tap FIR filter of [71] will be used. Although the
coefficients used in this example are integers, it does not affect the generality of the
problem because all fixed point fractional numbers can be expressed as integer numbers.
The coefficients used in this example and their CSD representations are tabulated in

TABLE 3.1.

A two-term is an odd number formed by combining only two nonzéro_ entries

in a CSD number. For instance, in the CSD representation of a, there are 5 two-
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TABLE 3.1 CSD representation of FIR filter coefficients. 1 stands for —1.

815 | 10101010001

621 | 01010010101
831 | 10101000001
105 | 00010101001

O |8

terms: 17(=10001), —63 (= 1000001), 257 (= 100000001), —1023 (= 10000000001),
—3(=101). Each two-term can have replicas formed by either shifting or negating
or applying both on the two-term. For example, the two-term 17 has three replicas
in the number: negated, shifted by 4 and negated, and shifted by 6. A two-term can
appear in more than one constant. If TABLE 3.1 is examined, it can be easily observed
that the two-term 17 appears in the CSD representations of constants a, ¢ and d. The
constants in the system can be expressed using two-terms. Some constants may have
odd number of nonzero entries as a and b does. In this case, additional single-terms
must be used to express this type of constants exactly. Each bit used to represent a
constant is a single-term.

Our first aim is the minimization of the number of adders. This can be achieved
by using the two-terms and their replicas. The key idea is the usage of minimum
number of two-terms which have the best-fitting replicas for number representation.
After finding the two-terms, combination additions can be used to add up the replicas
in the expression of the constants. After the decision on two-terms and replicas for
additions, the second aim is the minimization of shifting operations.

For the FIR example of TABLE 3.1, only three two-terms are sufficient as it can
be seen in FIGURE 3.1. There are six combination additions for constant formations
using replicas. There are seven shifters. Note that additionally, three adders are needed
for intra-tap additions of the FIR filter.

This approach can be applied safely for systéms which are made up of linear
subsystems, without separating subsystems if timing and switching is adjusted cor-
rectly. So the problem can be stated as the minimization of the number of adders; ,

shifters and registers of a given system or a subsystem.
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FIGURE 3.1. Realization of the FIR filter.

3.2. Theoretical Base of the Two-Term Method

At this point, some mathematical sets which will be used in the discussion below
will be defined. Absolute value of a set standé for the cardinality of the set, e.g., |S] is
cardinality of 5. _ _

The set of constants which will undergo adder minimization process is defined
as C and all of the constants are represented using CSD. The set of two-terms for the
constants in C is T'. The set which contains replicas of the two-terrr; t € T is defined as
R;. The union of these sets form the general replica set, R (i.e., R C Rforall t € T').
This set can be partitioned such that the replicas that appear in a constant ¢ form the
set R.. The repiica. sets can also be united to form the set R, ; for each j’th nonzero
entry in a constant ¢ € C. Obviously, each R, ; is a subset of R. The constants that
have an odd number of nonzero entries constitute the set Co such that Co C C. For
each constant ¢ € Co, there is a set which is formed by expressing each nonzero entry
as an element of the set. This set is defined as ©.. The union of these sets form the

general set for the nonzero entries of the constants with odd number of nonzero entries,

O (i.e., ©, C © for all ¢ € Co).

Theorem 1 If there are |O.| nonzero entries in the CSD representation of a number,
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then there are |Oc| — 1 additions to realize the number [55].

Corollary 1 If there are |O.| nonzero entries for each c € C, then there are ¥ |Oc|—

|C| additions to realize the system.

The set of all possible adders for realizing the constants is formed by uniting R
and ©. Note that |[RU ©| is greater than the adder quantity determined by Corollary

1. Therefore it is a redundant set.

Proposition 1 If there are |©.| nonzero entries in a constant ¢ € C, then there are

: I:J%—‘lJ replicas in R to ezpress c.

Proof: There are |GT=[ replicas in ¢ which uses |©.| nonzero entries. All of
them cannot be used for expression because each entry of ¢ appears |©.|—1
times in R. Therefore, replicas for number expression inust be selected in
such a way that each entry appears only once. If |©.] is an even number,

1©c|

it is obvious that 5= replicas are needed to express c. This formula needs

a slight modification if ¢ € Co: It is obvious that at least an entry will
not appear in the expression. This slack can be compensated by using the

elements in ©.

Corollary 2 If Co is not empty, then for each constant ¢ € Co, one and only one
element (the single-term) ¥, such that § € O, is necessary to ezpress the number

ezactly.

Proof. In Proposition 1, it is claimed that l]%—‘-lj replicas are necessary to
express ¢ € Co. A replica stands for two entries in c. Since there are |@,|

nonzero entries in ¢, then one nonzero entry (|©.| — 2 lj%-lj = 1) is needed

from ©..

Corollary 3 If there are |©,| nonzero entries for each c € C, then there are Tcec ll%c-lj

replicas in R to ezpress the sysiem.

Corollary 4 If there are |@c| nonzero entries for each c € C, then there are ¥ cc [1%1] -
|C| combination additions to express the system. If Co is not empty, then |Ce| of those

additions is reserved for the additions of the single-term.
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Proof. Corollaries 1, 2 and 3 can be used for the proof.

On using two-term expressions, it is obvious that the number of combination
additions cannot be reduced. Then, replicas in R must be used in such a careful way
that the adder number given in Corollary 3 is reduced: Note that the number of replicas
will not change. The important thing is the number of two-terms in T that are used to
implement the system. Then our target set RU © reduces to T'\J© because R implies
T.

Due to the structure of the problem, there is a strong possibility that selection
of two-terms probleni is NP-complete, because guessing subsets is in NP and the mem-
bership in NPC can be shown by polynomially reducing set packing feasibility problem
to the selection of two-terms problem.

We can be solve this problem optimally by using well-known integer program-
ming methods. algorithms like branch-and-bound. Also some heuristics can be devel-
oped to solve it suboptimally. In this study, both a mathematical model that can Be
solved at optimality using branch-and-bound and a greedy heuristic method is devel-
oped for solving the problem near-optimally.

After solving the problem, the solution set T*|J ©* is formed. Note that it is
no more a redundant set for system representation. Also it should not be forgotten
that |©*| = |Ce| and its value is always fixed before solving the problem since it is a
combination addition. Therefore, using Corollary 4, the total number of additions in

C is determined by |
O,
- 101+ 53| ] (3.1)

ceC

3.3. Mathematical Model for Optimum Solution

Let us define binary variables z; and z, such that

if ¢ is selected
2y = 1, if ¢ is selecte VieT, (3.2)

0, otherwise



63

1, if replica r of ¢ is selected
Zgy = ,Vt e T\Vr € R, (3.3)

0, otherwise

If at least one replica is selected, then its corresponding two-term will also be

selected. This can be modelled as:

Zr s Str — 2 2 0
eft S Ve T. (3.4)
ETGRt 2ty — |Rt| 2t S 0

According to Proposition 1 and Corollary 2, even though there are |©.| — 1

replicas for each j’th nonzero entry in each constant ¢ € C , at most one of the replicas

can be used to represent each j’th nonzero entry:

1<j<0.,VeeC,
S <1, <7< 1Od,ve (3.5)

r€R. ; JdteT.

We can express Proposition 1 for each constant ¢ € C as follows:

2reR, Ztr = []%lj , Vece C, FteT. (3.6)

Our aim is to minimize the number of two-terms in T'. Therefore, the objective

function will be

min fr =min)  z - (3.7)

teT
The model will be formed by combining the objective defined above with con-

straints (3.4), (3.5) and (3.6):
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min fr = min e 2
subject to
ErGRc 24 = lj%lj Vee C,3te T,
ZrER, 24, — 20 20 VieT,
YoreRr, 2tr — |Re| ¢ <0 VieT, 358)
YreR; 2tr < 1 1<j<10,VceC,
teT,
z € B? VieT,
zy € B Vit € T,Vr E‘R-,“

This is a binary integer programming problem and can be solved by one of
the known techniques depending on its size [80]. The optimum value obtained, fr.
stands for |T*|. Then total number of adders can be obtained using Equation (3.1).
The single-terms ¥ € © can be determined after eliminating selected two-terms and

replicas from the representation of the constants ¢ € C.
Proposition 2 The optimal results are produced in O (2|R|) time in the worst case.

Proof. There are |R| replicas to be checked whether any of them exist in
the final result.

3.3.1. Algorithm for Optimal Solution

The algorithm for optimal solution can be summarized as follows:

1. Quantize constants under consideration with the given wordlength or predeter-

mined output system error [78], [79].
2. Represent all quantized coefficients using CSD.

3. Obtain integer forms of all numbers and scale them so that they are odd numbers

to form C and Co.

4. Form the sets T, ©, R.
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TABLE 3.2 Quantized filter coefficients of Caglar’s four-band system.

lteps| G [ G [ G [ G ]

0 | —.0664062 | —.09375 —.09375 | —.0664062

1 .09375 .0664062 . | —.0664062 | —.09375

2 .40625 .566406 .566406 .40625

3 .566406 .40625 —.40625 | —.566406

4 .566406 —.40625 —.40625 .566406

5 .40625 —.566406 .566406 —.40625

6 .09375 —.0664062 | —.0664062 .09375

7 | —.0664062 .09375 —.09375 .0664062

5. Form the model for the problem.

6. Solve the problem optimally by using branch-and-bound.

7. Reduce the number of shifts.

3.3.2. An Example

We will use the four-band wavelet transform pair suggested in [51] for our il-
lustrations. The structures are presented in FIGURE 2.4. In this figure, ea.éh G is an
FIR filter. Assume that both analysis and synthesis parts are connected via a noiseless
channel and the reconstructed u must have an error of 0.7%. All coefficients are un-
scaled. After applying the method in [78), it is found that each G filter in the system
must be quantized using 9 bits, including the sign bit, and the output error drops to
0.5%. When CSD representation is used instead of ordinarj binary representation, the
quantizing wordlength drops to 8 bits. The quantized system coefficients are tabulated
in TABLE 3.2.

As it can be observed from this table, there are absolutely four coefficients:
.0664062, .09375, .40625, .566406. Their integer equivalents are 17, 24, 104, 145 re-
spectively. Note that the second and third integers are not odd. They can be made
odd numbers after dividing them by eight. These four odd numbers constitute our set

C and they are tabulated with their CSD representations in TABLE 3.3. Note that c;
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TABLE 3.3 Common terms of Caglar’s quantized four-band system.

co | 17 | 00010001
c; | 3 | 00000101
c; | 13 | 00010101
¢z | 145 | 10010001

and c; also constitute Co. All formed sets are tabulated in TABLE 3.4. In this table,
the term #;cp50 represents that first two-term is shifted 0 times to left and appears in

second element of C.

' The mathematical model of this system can be easily formed using Equa.tioi:l

(3.8) and . TABLE 3.4 as follows:

min fr = min Y3, z
subject to
200 = 1,
210 =1,

201 + 211 + 212 = 1,
202+ 22+ 23 =1,

ZLO 20r — 20 2 0, 2,2-=o zir — 21 2 0,
Y2 ozor— 32050, X2 g2 — 321 X0,
za+211<1, zn+212<1, 200 +21251,
zo+2z2 <1, zu+2z:<l, z+zll

2z € BY, VteT,
2z, € B, VieT,VreR.

(3.9)

After solving this problem, the two-terms 17 and 3 are selected. Their used
replicas are ro,, To,, T1, @0d 71,. Single terms are Oy, and Os,. In the replicas, there
are no shifts. However, upscaling the constants requires & shifts. The number of total
additions is 4 which is found by Equation (3.1). This means that part of FIGURE 2.4(a)
can be realized using only 4 adders and 5 shifters for 8-bit quantization wordlength
if the scheduling and clocking is adjusted correctly. The analysis part is shown in
FIGURE 3.2 for illustration of typical implementation. Here, each adder is assumed
to have a unit delay and the data bus carrying the fractional part is eight-bit wide.
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TABLE 3.4 The sets formed using common terms of Gaglar’s quantized four-band _

system. The term ¢;c,50 represents that first term is shifted 0 times to left and

appears in second element of C.

¢ = {co, 1, ¢3,¢a} | = {17,3,13, 145}
Co = {cz, 3} = {13,145}
T = {to, tl, tz, ta} = {17, —3, 129, 9}
RtO = {7'00, 70y, 7'02} = {tOCOSO) t052307t0c330}
Rt; = {7‘10,7‘11,7'12} = {—t1clso,t16280, —-t16282
th = {7'20} = {tzCaSo} ’ :
Ry = {ra,} = {tacass}
Ry, =Ryo=Reu | = {7‘00} = {tocoso}
Rc; = Rcl 0= Rc1,2 = {rlo} = {—tlclso}
Rcz = {7'0117'1177'12} = {t06280,t16230, "t10282}
R0 = {ro,, 1, } = {toC250, t1C250}
Re, 2 ={ru,",} = {t1c250, —t1c252}
RC:.4 = {7'0117'12} = {t062301 —tlcész}
R, = {r0,,720, 730} | = {toc3so, tac3s0, t3casa}
Rey 0 = {ro, T2 } = {tocas0, t2cas0}
Ry = {ro,, T3} = {tocaso, tacass}
Rc;,? = {7‘20,7‘30} = {thsSo, t3C384}
ecz = {q2o7 a2, q22} = {Oa 2) 4}
O, = {q3o: q311q3z} = {0141 7}
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FIGURE 3.2. Realization of the analysis part of four-band wavelet transform pair.
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3.4. Greedy Method

Remembering that our aim is minimizing the number of adders and shifters, a

greedy method is developed to solve the problem. It, at least, produces an upper bound

on the system representation in a very short time. The main point of the method is

selecting the two-term which has the maximum number of replicas. The algorithm can

be described as follows:

1.

10.

11.

Quantize constants under consideration with the given wordlength or predeter-

mined output system error [78], [79].
Represent all quantized coefficients using CSD.

Obtain integer forms of all numbers and scale them so that they are odd numbers

to form C’ and Cp.

Initialize Tr = 0, Rp = 0 and O = (0 as the solution sets.

Form the sets T', © and R.
Calculate g = maxyer |Ry|.

Choose t such that |R;] = g. If there exists more than one t satisfying this
condition then choose the one which is formed by combining two nonzero terms
of different sign. If there is no or more than one t satisfying this condition,
then choose ¢ which is formed by combining the closest nonzero terms. These

additional conditions help minimization of the final chip area.

. {t}UTF — Tp.

. RtURF—-)RF.

Erase all + € R, from the CSD representation of all ¢ € C, i.e., c—r — ¢, Vr € Ry,
Vee C.

If there exists some c in C such that ¢ = 0 or 2' where [ is a non-nega.tivé
integer, then C \ {c} = C. Ifc =2 (i, c € Co), then I determines ¥, and
($}UOF —»Op.
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12. If C = 0, stop with Tr, Rp and O as the solution sets. Else, jump to step 5.

13. Reduce the number of shifts in the final result.

When compare the solution sets with the optimum ones, it is obvious that

|Tr| 2 |T*|, |RF| = |R*| and |OF| = |©*].

Proposition 3 Greedy algorithm developed for finding minimum number of two-terms

is a polynomial-time algorithm which produces the results in O (|0,]) time.

Proof: The algorithm runs |Tr| times to produce the results. There can be

at most ¥ ¢ [l—lj two-terms if each of them has no replicas according to

Corollary 3. Then

o< 2|5 < Dmgeiea= ey aao)

ceC

where |O,| is max.cc |O|.

After running the algorithm on the given example in the previous section, the
same two-terms are selected. Their used replicas are rq,, 7q,, 71, and 71,. Single terms
are the same. In the replicas, there are no shifts. However, 5 shifts have to be used
for upscaling the constants. The number of total additions and total shifts are again 4

and 5.

3.5. Iterative Method

Everything seems fine up to this point: A model is set up which can be gsed
to solve the problem optimally but in exponential time, and developed an algorithm
which solves the problem near-optimally but in linear time. In addition, both of them
run safely for all wordlengths. Yet, there is still an opportunity of reducing adders
furthermore. This is done by finding out higher order two-terms which are formed by

combining either a two-term and a single-term, or a pair of two-terms. The theoretical

base set in Section 3.2. is still valid.
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Now let’s illust‘ra.te the situation with a small example: Assume that there are
~ two numbers, a (= 1001010001) and b (= 0101010001). As it can be seen easily, after
running the two-term algorithm, only one two-term will be selected, i.e. 101, and there
will be five additions two realize the system. However the total number of additions will
be reduced if the numbers are rewritten using the found two-term as a = 100000001
and b = 010000001 where f stands for 101. ‘If the algorithm is rerun again, then
a second order two-term will be formed as f0001 and the system will be realized by
using four additions. There is no need to run the algorithm again because there is no
common two-term in both numbers. So iterative usage of the algorithm can reduce the
number of adders in a system further. |

It is evident that both single-run near-optimal and optimal methods can be
used iteratively until there is no common two-term in all numbers. The iterative
near-optimal one runs again in O (|@,|) time and the optimal one in exponential time.
However it should not be forgotten that iterative usage of the optimal method may not

yield an optimum solution for the overall system.

3.6. Refinements

The two-terms are formed by either adding two subterms, or subtracting two
subterms, or adding two negative subterms. The subtractions cover much more area
than adders. The effective adder.count is different than the adders/subtractors count.
In effective adder count, the cost of a subtraction or a negative addition is usually twice
than that of a negator or an adder and the cost of a negator is equivalent to that of an

adder. Therefore effective chip area will be less if the refinements are done:

" 1. Negative additions can be replaced by regular adders and inverting the sign of

the two-term in subsequent two-terms as shown in FIGURE 3.3.

2. If a two-term is a subtraction and it appears as a subtrahend more than it does
as a minuend in subsequent two-terms, then the inputs are switched and the sign

of the two-term in subsequent two-terms is inverted. This is shown in FIGURE
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'.t3=—t1'—t2 . %3=t1+t2

ta=to+i3 — t4=to—13

ts=to—t3 ?5=t0+t3

(a) (b)

FIGURE 3.3. Refinement 1: (a)Original form: cost=>5, (b)after the removal of
negative additions: cost=4. Each ¢, stands for a two-term or an input

3.4. This refinement process produces better results if the conversion starts from

the highest order two-terms.

3. Subtractions can be replaced by putting a negator at the output of the subtrahend
and converting the subtractor to an adder. This change produces very efficient

results if the subtrahend appears in more than one operation. This is shown in

FIGURE 3.5.

3.7. Experiments

The codes that generate the model and solve the problem near-optimally are
written in standard C. The programs are applied on the experiments shown in TABLE
3.5. In this table, org stands for original number of adders/ sﬁbtractors and shifters, opt
stands for the optimal solution of the model which can be solved either by a standard 0-
1 integer programming solver, nopt stands for the near-optimal solution Which-is found
by using the greedy algorithm described above, and :tnopt stands for the near-optimal
solution which is found by using the greedy algorithm iteratively. The terms DCT,
B4L0 and B2L3 stand for the one-dimensional eight-point DCT, the four-band wavelet



%3=t1—t2 %3:t2_t1

ta=to+13 t4=1to—13
ts=tg—13 - ts=1to+13
"t7=t6'—'t3 ?7=t6+t3

(a) (b)

FIGURE 3.4. Refinement 2: (a)Original form: cost=7, (b)after switching inputs:

cost=6. Each ¢, stands for a two-term or an input

v =negator

(8 (0)
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FIGURE 3.5. Refinement 3: (a)Original form: cost=4, (b)after refinement: cost=3.
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TABLE 3.5 Experimental Results: DCT-Discrete Cosine Transform, B4L0-Four Band
Wayvelet Transform, B2L3-Two Band Three Level Wavelet Transform

Ezample | # of bits # of shifts # of adders
| org | nopt | opt | itnopt | org | nopt | opt | itnopt
DCT 8 208 | 11 10 10 144 | 10 9 10

12 272 15 | 13 12 | 208 | 16 | 14 13
16 352 | 17 | 19 19 1288 | 19 | 18 19
24 544 | 26 | 30 28 480 31 | 31 29
B4L0 8 80 6 6 5 48 4 4 4
12 112 9 | 8 7 80 7 7 6
16 160 | 8 9 8 128 | 11 | 10 8
24 256 | 13 | 15 13 224 | 18 | 17 12
B2L3 8 108 | 7 7 7 72 6 6 5
12 180} 7 7 7 144 ) 11 | 11 8
16 234 15 | 18 13 (198 19 | 19 12
24 270} 19 | 22 12 | 234 | 22 | 22 12

transform whose coefficients are given in [51] and the two-band three-level wavelet
transform whose coefficients are given in [54], respectively. The number of adders and
shifters obtained by these algorithms is less than that of the previous methods. As it
can be observed in some of the examples, the results produced by the greedy algorithm
are exactly the same as the optimal results and iterative near-optimal method can
produce better results than both.

The effective cost without refinements appears as noref column in TABLE 3.6.
The effective cost after applying Refinement 1 is the refl column, after applying
refinements 1 and 3 is the ref18 column, after applying all refinements is the refall
column and in the above-mentioned table. In this table, the combination addition
counts are also added. As it can be observed, refinement process produces better

results.
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TABLE 3.6 Effective adder counts for experiments: DCT-Discrete Cosine Transform,
B4L0-Four Band Wavelet Transform, B2L3-Two Band Three Level Wavelet

Transform
Ezample | # of bits | noref | refl | ref18 | refall
DCT 8 31 30 28 28
12 35 35 31 31
16 42 41 38 38
24 54 54 52 52
B4LO 8 20 20 20 20
12 24 24 24 22
16 29 29 28 26
24 34 34 31 29
B2L3 8 18 18 18 18
12 24 24 23 22
16 26 26 26 26
24 27 27 27 27

3.8. Determination of Nodal Wordlengths

After deéomposing all FIR-based nodes into adders and negators, the system is
now composed of adders, negators and multipliers and node set given in DFG file, N,
is transformed to the enhanced node set R. Now an FIR-based node is a supernode
consisting of ordinary nodes. Since this HLS tool is designed to handle fwo-input
operators, the nodal wordlengths can be determined as shown in TABLE 3.7. 'In
this table, the operator definition of ADD has the carry inforrria.tion at the input
inherently. The colon (:), stands for the fractional point in the operator. Therefore,

nodal wordlength, n;, for node n can be calculated as

= ny; +ny;, (3.11)

where subscript /; and [y are integer and fractional lengths, respectively. Note that
ADD operation requires an extra addition by 1which is necessary to adjust the value

of the carry bit for the correct calculation of signed numbers.



TABLE 3.7 Operator wordlength determination. I; stands for wordlength of the
integer part and I; stands for that of the fractional part.

| Type | Definition |  Operational Wordlength | Carry |
ADD | (i1: fi) + (32 : f2) | max (L, + L,) : max(ly, + ;) | YES
NEG (i:7) Li: 1y NO
MUL | (21 : f1) X (32 : f2) (L, +1,) : (I, +1g,) NO
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4. MODULE SELECTION AND SCHEDULING

Module selection requires an optimization process because of user-defined de-
sign objectives and constraints. This process selects and allocates both operators and
storage elements like registers and latches as described in Section 4.1. Then scheduling
is done by lifetime analysis and table search methods (Section 4.2.). Using lifetime
analysis, minimum number of registers in FIR-based nodes is determined. If the user-
defined constraints are not satisfied, new constraints are set and new modules are
selected. This process is repeated until the best result is found, whether feasible or

not.

4.1. Module Selection

Module selection is an N'P-complete problem [2]. Our aim is to realize the sys-
tem with the given libraries and system clock frequency so as to find at least a solution.
Therefore, exploitation of structural pipelining ([14], [15]) is unavoidable. As a result,
for each operation, the algorithm should handle selection, allocation and scheduling of
latches as well as those of arithmetic operation units. Therefore; modelling the sys-
tem is nearly impossible because all possible combinations of candidate arithmetic and
storage units must take place as variables in the model. This is why the development
of a heuristic method is preferred.

There can be several methods for optimal selection of modules. In this devel-
oped HLS tool, module selection is done optimally for each node, instead of making
selection for all nodes altogether. It is assumed that locally optimal solutions will yield
a general optimal solution. Since the modules have to be selected according to the user
defined strengths for final chip area, delay and power, i.e. {s4,s4,5p}, multiobjectivé
optimization seems to be the best method. HoWever a method utilizing a single objec-

tive with normalized variables and library values can also be used. This is explained



78

in Subsection 4.1.1. If the user sets upper bounds on area, delay and power®, module
selection must be done in such a way that each node will fit in those bounds. This
requires the determination of nodal constraints as 'explé.ined in Subsection 4.1.2. The

selection process of latches and arithmetic units (AU) is explained in Subsection 4.1.3.

4.1.1. Library Generation

The input file has to contain the technology; system clock frequency and 1ibrafy
information. The nodal AU libraries are formed as shown in TABLE A2. As it can
be seen in this table, the user can use AU libraries under specified technology both for
some and for all nodes. However, latch libraries are set only for all nodes. The format
of library elements is given in Appendix B. Two candidate libraries, A and @, are
formed separately for latches and AUs respectively for each node in such a way that
they only contain the modules operating at the system clock frequency or higher. For
example, if the node is a multiplier and system clock frequency is 300M Hz, then the
AU library must consist of the multipliers operating at 300M Hz or higher.

Then, maximum module area, power and delay of both libraries, {@max, @max; Pmax},

is searched:

Omax = MaXicAuQ i \
dmax = maXiepuq d; - (41)
Pmax = MaX;cAuQ Pi

All of the modules are scaled by these maximum values yielding a maximum value of 1
for each feature. Note that the normalized features are unitless. For example, if there
are two adders and a latch of areas 10pm?, 15um? and 20um?, then their values will

be 0.5, 0.75 and 1 respectively after normalization with a,,umm = 20pm?.
It must be noted that since the HLS tool works on bit-parallel-digit-serial ar-
chitectures, the modules in the libraries must be of this type. Otherwise, their format

convertor schemes must exist inherently in the libraries (Appendix B).

1The tool does not take routing and interconnect area, power and delay into consideration.
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4.1.2. Nodal Constraint Generation

As explained above, nodal constraints are generated if and only if there exist
system constraints specified by the user. Otherwise they are set to infinity, meaning

that they are unbounded:

Gp = 0
d, = o0 (4.2)
Pp =00

where {a,,-,?i,,,ﬁn} are maximum allowable area, delay and power for node n.
Nodal area and power constraints are generated according to the wordlength of
the operators. Nodal delay constraints are determined aécording to the longest path.
The area of an operator is proportional with its wordlength in bit-parallel ar-
chitectures. Even though there are several factors for the determination of power of
an operator, a rough but not incorrect assumption can be the same amount of power
dissipation for each bit processor. If there are |R| nodes in the system, then nodal

constraints can be written as

T =Tyl VRER,

nek (4.3)
Bo =Fnuyly SVnER,
neR

where @,y, and 7,,, stand for maximum allowable area and power for the system, n; is
the wordlength of the n’th nodé.

For calculating nodal delay constraints, an iterative method is preferred as
shown in FIGURE 4.1. In this figure, |¢;| is the number of nodes on path %;, d;
is the’ path delay for %;, and d,,, is the delay constraint for the system. The run-time
of this algorithm is O (|¥x|) where ¥y is the set of all possible pa.fhs from inputs to

outputs for the enhanced node set R.



80

DELAY _DISTRIBUTION (linked nodal list R) {
form paths from R such that 9 € ¥y, Ve R ;-
for Sach 1_# € ¥y

d¢ = dsys;
while ¢ £ 0 {
for each 9 € Wy if (|¢*| = maxyew, [¥]) {
for each n € ¥* {

dn = 555
for each ¢ € ¥y and o #¢*
if (ney){

remove n'th node from ;
dp = dy — dn;
}

}
il’n =¥ \{¢*}

FIGURE 4.1. Algorithm for nodal delay constraint generation

4.1.3. Latch and Arithmetic Unit Selection

If a node n is a multiplier then a multiplier of at least n; bits is selected as
shown in FIGURE 4.2. Note that n; is the nodal wordlength as calculated iﬁ Section
3.8. No latch selection is done for this type of nodes because multipliers usually have
built-in latches at their inputs.

In the selection of a.tdder-based nodes, i.e. adders and negators, latches and
- arithmetic units are selected simultaneously. Note that a negator is a bank of inverters
followed by an adder. Since the cost of an inverter is negligible compared to that of an
adder, the cost due to inverters can be ignored. Also the negator has a single input,
but an adder has two inputs. This means that the number of latches for the inputs of
the adder is much more than that of an inverter. For adders and negators, the schemes
of FIGURE 4.3 are proposed. The boxes stand for latches. Note that latch for the
carry bit, C, at the input is dashed, meaning that the latch does not appear if the
module is placed in the same time slot with its carry generator. Also the carry input is

1 if and only if the module is the least significant adder of the negator. For pipelined
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SELECT MULTIPLIER (n,{sa,5d; Sp} , {8max; @max, Pmax} , {Gn, dmpn} Q) {
for each g € @ ;

if(qr > ) {

_dg P
g9 . .
cost, —sa“ +3d doe +s Sppons )

exzcessy = level (“L—“—i) + level (d"—"-> + level ( — ) :

minezcess = minexcess, ;
9€Q
mincost = mlgcostq such that ezcess, = minezcess;
9€

select ¢* such that cost;« = mincost and excess,» = minezcess ;

}

FIGURE 4.2. Algorithm for selection of multipliers.

modules, none of the initial latches exist for adders, and an additional bank of latches
appear for inverters before adders for negators.

The algorithm for selection of adder based modules for each n € R is shown
in FIGURE 4.4 which calls the subroutine in FIGURE 4.8 for the selection of a non-
pipelined module and the subroutine in FIGURE 4.9 for the selection of a pipelined
module. This algorithm can be explained briefly for each n € R as follows: Current
wordlength is set to remaining wordlength which is initially n;. The node of length
curfent wordlength is realized using each element in both module and latch’ libraries.
Then the cost of each realization is calculated. If there exists no realization satisfying |
nodal constraints, the realization with minimum conétraint violation is picked. Other-
wise, the realization with minimum cost is picked. Even though the selected rea,liza.tioﬁ
may contain more than one module, one and only one module and latch combination is
picked and placed. The related cost is subtracted from the constraints. The remaining
wordlength is calculated by subtracting the wordlength of the module from the current
wordlength. The procedure continues until the remaining wordlength is negative or
zZero. . ,

In the algorithm SELECT_LATCH_AND_ADD, a data structure, M is formed
to allocate 7’th selected AU and latch in time slot 7. The functions level and check are

described as:
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C
| £
m; € ing Eli )
Yoo x |
Ri 515 23
1 L

C out C ouf

(& (b)

FIGURE 4.3. Proposed connection schemes for not-pipelined adder-based modules:
(a) An adder, (b) a negator.

u ,ifu>0
level(u) = (4.4)
0 ,else
| ,ifu>0
check(u)={ = " | (4.5)
: oo |, else .

An important statement of this algorithm is the realization of the system using
aX€Aandagqe Q for n;, < my for the (7,7)’th entry of M where n,; is the nodal
wordlength of node n. Assume that n;. < m.q; where m is an integer. There are two

cases for this operation:

4.1.3.1. Case 1: Module g is a non-pipelined adder. If m.d, + dy < clbck, then ¢.ny,

bits of A type latches and m number of q adders are needed to realize n;, bits of node
n in one clock period as seen in FIGURE 4.5. Note that ¢ is a scalar as defined in
FIGURE 4.4. The delay of this architecture, d,, is, of course, clock.

If m.d, + dy > clock, the node n must be realized in more than one clock cycle.
Then there exists an integer & < m such that «x.d; +dy < clock. Then ny, bits of node

n can be realized in [%] clock cycles. The number of latches used can be determined
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SELECT _LATCH_AND-ADD (n,{sa, 34, 3} , {0max; Gmax, Pmaz} , clock, {@n, dn, 5n } , A, @) {
save d,, to ¢ and set d, = clock l
M =1+
form M ;
state = 0;
if nis an adder then ¢ = 2;
else ¢=1;

clock 3

foreach A c A
for each g € Q {
realize an h-level pipelined architecture of n;_ length
using m units of ¢ and m x n;_ units of A ;
calculate axq, dag, p;\q ;

Pag ;
COStAq - sﬂ'u + dd maz +, me-x

excessyg = level (b:&q.) + level (————d—"-‘l) + level (%) ;

}

minezcess = min ezcess)g ;
AGA)QGQ
mincost = min _costy, such that ezcess,, = minezcess;
A€A0EQ

select (A*,¢*) such that costy.,» = mincost and excessy-,- = minezcess ;
if (g3:petine = 0) NOT_PIPED (M, 3,5, X",q",5,m,);
else PIPED (M,1,3,X*,q%,¢,11,);
remove allocated latches’ and AU’s area and power costs from upper limits;
@, = check (a,);
dn, = check (d);
Pn = check (p,);
m, =m, =g ;
}until (n;, < 0);
if (state = 0)
if (¢ # co and d,, = c0){
4, = clock | 2z ;
state = state 4 1;

else state = 0;
}until (state # 0);

FIGURE 4.4. Algorithm for selection of adder-based modules.
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ny ing
nl* /rnl
]
c C 104
c 9 9 q

(@

FIGURE 4.5. Realization of node n using g;-length non-pipelined adders for n is (a)
an adder, (b) a negator if 3d,; + d. < clock. Note that i = j = 0 in this realization, i.e.
no selection is done up to that module.

like this:

1. There exist ny,.c bits of latches and « number of g at the first cycle.

2. For all other cycles, there exists £ number of g, and <. (n;, — ixq;) bits of latches
for the inputs, and n;+1—(ny. — ikq) bits of latches for the outputs. Since there

exist {%l — 1 such cycles, then the total number of latches for these cycles are

712

i1 (i, —ikg) + i+ 1 — (g, — tkq)
= ([2] -1) [52 (2. - [2] s@) + 7 1],

This phenomenon for an adder is illustrated in FIGURE 4.6. In this figure,

(4.6)

m =5 and k& = 2. There exists a previously allocated adder of g, length. The shaded
blocks stand for previously allocated blocks. A negator can also be implemented in the
similar way.

The delay of this architecture is calculated as

drg = [T] dlock. | ~ (4.7)

K

The area (or power) of both states, axg (or pag) can be calculated by multiplying the

number of latches in the architecture by ay (or ps) and adding a, (or pg).
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FIGURE 4.6. Realization of node n using g-length non-pipelined adders for n is (a)
an adder, (b) a negator if 5d, + d, > clock. Note that 2 =0 and j = 1 in this
realization, i.e. a module of length ¢, has already been selected. Previous allocations
are identified by shaded blocks.

4.1.3.2. Case 2: Module ¢ is a pipelined adder. Since g is pipelined, then the system

can be realized using m.gpipetine clock periods yielding a delay of

dxg = M.Gpipetineclock. T (4.8)
The number of latches in this system is calculated as follows:

1. For all time slots during the computation of x’th g, there exist gpipeline times

{ni — [n1, — (k — 1) qi]} bits of latches for the outputs.

2. For all time slots during the computation of &’th g, if n;. < kg there exist no
latches for the inputs. Otherwise there exist [¢. (1, — £q1)] gpipetine bits of latches

for the inputs.

This phenomenon is shown in FIGURE 4.7. In this figure, m = 3. The shaded
block stands for a previous allocation. A negator can also be implemented in a similar

way. Howéver, if 2 = 0, the inverters must exist at a separate time slot, implying that

d)‘q = (m.qp,-peu,,e + 1) clock. (49) v
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FIGURE 4.7. Realization of node n using qi-length three-level pipelined adders for n
is an adder. Note that = 7 # 0 in this realization, i.e. modules of n — b length g,
have already been selected in previous cycles. Previous allocations are identified by

shaded blocks.

The area (or power) of both states, ayg (or pag) can be calculated by multiplying
the number of latches in the architecture by ay (or pA) and adding a, (or pg).

After mentioning about the realization part for two cases, the final comment
on the algorithm shown in FIGURE 4.4 is that the check function removes the upper
bounds if the picked modules cause infeasibility so as to find at least a solution with
the given libraries, because the nodal upper bounds are not strict. The run-time of
this algorithm is determined by the dimension of libraries and the Wordlength of node
n, i.e. O (|A]]|Q|m).

The subroutines in FIGURE 4.8 and FIGURE 4.9 are quite straightforward.
The only thing that needs explanation is the word NULL, meaning that the required
parameter is not implemented. For example M;; (], g,1) = (A*, NULL,n;,) means that
no AU is placed in (%, 7)’th slot.



. NOT PIPED (My 5,7, A% 4%, 6, nlr) {
Mi; (Mg, )= (N6 ¢ q);
if (5 #0){
calculate delay, d in 7’th pipeline level;
if (d > clock){
M;ij (A, q,1) = (A\*s, NULL,n; );

t_in =d, — clock;
i=1+41;
=0
M (M q,0)=(\,NULL,ny — ny, + 1);
i=i+1
Mi; (A g, 1) = (N6, q7);
}.
jt+1;

j=
}
}

FIGURE 4.8. Algorithm for placement of a non-pipelined adder-based module.

PIPED(M,i,5,X",¢*,¢,m1.) {
if (there exists a g in ©’th slot or (i =0 and ¢ = 1)) {
M;; (%_’ g,0) = (A", NULL,n.,); ‘

dn = d,, — clock;
1=14+1;
if (1 > 0)
if (7=0)
for (m = [i,@iputine | ) Momg (\0,1) = (3", NULL iy — m,);
else : )
for (m = ['L +1, q;ipclin: + 7’]) Mmj (A! q, l) = (X‘a NULL: ny— nl,);
i=3+1

Mi; (M q,1) = (NULL,q", q});
dn =dn — q;ipelinCCIOCk;
if (m, >q7) {
i=ji+1;
for (m = [i, Gipeine + 1] ) Mimj (Ma,) = (36, NULL,m, — q7);

.. . .
1=+ qpipeline’

j=0;

M;; (A q,0) = (\*, NULL,m — mi, +q});
i=1

}

FIGURE 4.9. Algorithm for placement of pipelined adder-based modules
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4.2.‘ Scheduling

Scheduling is done by combining as-soon-as-possible (ASAP), as-late-as-possible
(ALAP) and table search methods. Before starting scheduling operation, output and
input rates of each node and operation order of each node in a fold (Subsection 4.2.1.)
is determined. Then scheduling tables are formed for all folds and nodes which do not
belong to a fold (Subsection 4.2.2.). For the scheduling of FIR based nodes, the target
architecture of FIGURE 1.8 is used as explained in Subsection 4.2.3. Scheduling of
other nodes are rather simple as explained in Subsection 4.2.4. The system scheduling

is completed by linking the tables (Subsection 4.2.5.).

4.2.1. Input-Output Rate Determination

The DFG file itself is used to determine the rates. Input and output nodes are
designated as sources and sinks respectively. A node’s input nodes are called ancestors
and output nodes afe called descendants. For example, in the DFG given in\FIGURE
4.10,  is the source, y is the sink and the ancestor of node wvdl is = and its descendant
is y. Note that this figure is the DFG form of FIGURE 2.4 with edge weights standing
for delay elements. Also the nodes are folded and the number of outputs is reduced to
one by using a switch of period 4.

Rate of a source, psource, i determined as

clock frequency of the system

(4.10)

Psource = frequency of the source

The output rate of a node n in node set N, poym,., 1s dependent on the output
rates and switching rates of its ancestors, Pswitch,., and the interpolation, I,, and

decimation, D,,, rates of the node n as follows:

Poumg Dn.
oumy, — - 411
P Pswitchan In (411)
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FIGURE 4.10. DFG of a four-band wavelet analysis structure using folding.

where subscript a stands for a node in ancestor node set of node n, i.e. A,. Note that
there can be more than one ancestor in A,. Then the ratio _’:,%: must be the same
for all @ in A,, to produce a unique result for poum,, -

After calculating output rates, the nodes existing in a fold must undergo a start
time analysis process to guarantee picking at most one and only oné node at each clock
as shown in FIGURE 4.11. In this process, the symbol Ny is the node set of fold f in
fold set F, and the symbol 4, is the start time of n’th node. Note that there are two
undesired exits, i.e. ERROR!!!. This means that nodes in fold f have rates such that
they cannot exist in a fold, i.e. there is no time slot to start the operation of a node in
N;.

Another important thing is the determination of start timé for handling each
ancestor. This is extremely important if the nodes with different ancestors exist in
the same fold as shown in FIGURE 4.12. Note that this figure is the DFG form
of FIGURE 2.3. Also the G and H nodes are separately folded. The algorithm is

presented in FIGURE 4.13. The symbol Ay, is the ancestor node set of fold f in fold
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OPERA TION_START_TIME_ANALYSIS (N;){
sort nodes in N; according to their poy:,;
form an integer array M of length |M];
for each n € N;
if there exists m € M such that m is empty and m < pyue,{
m is full;
0, = m;
t=m+ Poutn)
while (¢t < |M]|)if (tis empty){
t is full;
t=t+ Pouty

}
else ERROR!!

}
else ERROR!!

FIGURE 4.11. Algorithm for operation start time analysis in a fold.

set F', the symbol &,, is the edge weight between a’th ancestor and n’th node, and the
symbol o, is the start time of a’th ancestor. Note that there are two undesired exits,
i.e. ERRORI!!l. This means that nodes in fold f have rates such that they cannot exist
in a fold, i.e. there is no time slot to handle an ancestor in Ay,. The same algorithm
can be applied to handle ancestors at sinks. In this case, each sink will behave as a
fold. |

Both of these algorithms are linear-time algorithms.

Let us illustrate what is explained in this subsection with two examples: The
first one is FIGURE 4.10: Assume‘tha.t input frequency of z is 30M Hz and clock
frequency of the system is 30M Hz. Then pource = 1, Poutyrar = Poutyeas = Poutyyay =

Pouty,ss = 4 and pows, = 1. After running the algorithms, the following results are

obtained: awudl Cyudl = O 9wvd2 = OQyyd2 = 1 ourudS = Qwud3 = 2 0wud4 Clyvds = 3.

The second example is FIGURE 4.12: Assume that input frequency of z is 1I5M Hz and
clock frequency of the system is 30M Hz. Then psource = 2, Poutyeay = Poutweans = 4
Poutypais = Poutysans = 8 Poutwwas = Poutwsans = 16, and pouwr, = 2. After running the
algorithms, the following results are obtained: Ouvan = Qwvdn = Ouwvdhi = Quwam = 0,

owudIZ = Qyudl2 = ewuth = Quudh2 = ]-7 0wvdl3 = 0wvdh3 =2 and Clywydld = Quwydh3 = 3.
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......

FIGURE 4.12. DFG of a two-band three-level wavelet analysis structure using
folding.

AN CESTOR_PROCESS_START_-TIME_ANALYSIS (N;){

sort all ancestors a in A, according to their pouz,;

form an integer array M of length |M|;
for each a € Ay,

if there exists m € M such that

m is empty or m is preoccupied by the same node as a {
m is full;

Qg =m;
t= m + Pout,, ;

while (t < |M|) if (¢ is empty or m is preoccupied by the same node as a){
t is full;
t =14 pout,;
}

else ERROR!!!

else ERROR!!!

FIGURE 4.13. Algorithm for start time determination of ancestors in a fold.
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FIGURE 4.14. Scheduling table types for (a) FIR-based nodes, (b) two-input nodes
like adders, (c) single-input nodes like negators.

4.2.2. Scheduling Table Formation

The set of scheduling tables is T. Scheduling tables are formed only for folded
nodes and the nodes that do not belong to a fold, i.e. the number of scheduling tables,

1], is
N\ { U Nf}
feF

Each row of the scheduling table is the clock time. The column number is determined

T = |F)+ (4.12)

according to the type of node as shown in FIGURE 4.14. As a result their scheduling
process is different. Note that FIR-based nodes or of type single-input-single-output,
their scheduling table is quite different than the other nodes’ of the same type, because
they are super-nodes, i.e. contain more than one operation. Each table element ¢;; is
a data structure which is composed of fields shown in TABLE 4.1. Here, subscripts 2

and j stand for the row and column information of the entry, respectively.
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TABLE 4.1 Fields of an entry ¢ in the scheduling table of an FIR-based node or fold.

| Field | Ezplanation |
- | soa | Start of computation

eoa | End of computation
eol End of life

For an FIR-based node or fold, each block shown in FIGURE 1.8 requires
a different type of schéduling. Basically, scheduling of chaling Adders and Com-
bination Adders blocks are done using ASAP scheduling [2]. Scheduling of Invert-
ing/Noninverting and Shifting block is done by using table search and a modified
version of ALAP scheduling. There are three types of super-columns for coefficients,
Inverting/Noninverting and Shifting block and Combination Adders block as shown in
FIGURE 4.14. Note that the column number separated for the coefficients is not nec-
essarily equal to the number of adders in Scaling Adders block. The ASAP scheduling
of Scaling Adder block determines the clock time for generating multiplications with
~ coeflicients. Therefore, the number of columns in the Coeflicients super-column is the
number of taps in the FIR-based node or fold, i.e. K. There must be as many columns
in the Inverting/Noninverting and Shifting super-column as the number of taps in the
FIR-based node or fold, i.e. K again, because that block is used for obtaining the real
values for FIR-based computations. Finally the number of columns in the Combination -
Adders super-column is equal to K — 1. Therefore, total number of columns in the
table of FIGURE 4.14(a) is 3K — 1.

For a node or fold with two inputs, the table shown in FIGURE 4.14(b) is used.
There is one super-column for the inputs. The other column is only for the adder.
Therefore, total number of columns in the table of FIGURE 4.14(b) is 3.

For a node or fold with a single inputs, the table shown in FIGURE 4.14(c)
is used. There are two columns, one for the addér, and one for the process delay.

Therefore, total number of columns in the table of FIGURE 4.14(c) is 2.



94

4.2.3. Scheduling of FIR-based Nodes

For each FIR-based node or fold the following steps are taken:

Scheduling of Scaling Adders in FIGURE 1.8 is done using ASAP scheduling.
Therefore the required time, ¢, for coefficient multiplication of k’th tap can be easily
known after this process.

~ Using the rates and start times that are calculated in Subsection 4.2.1., the
Coeflicients and Inverting/Noninverting and Shifting super-columns are filled for each
FIR-based node n and each of its ancestor a as follows: At first, the location of the entry
to be filled is searched. The row and column, ¢ and 7, of an entry in the Coefficients

super-column are calculated as

1= [0 + mM.pout, | (4.13)

m.Dy, — k — b,
I,

j =k, if and only if is an integer. (4.14)

where m is a natural number, & is the tap order in the FIR-based node and é,, is the
edge weight, i.e. the delay element between the ancestor a and node n. Then, each

entry §;; for k’th tap in Coefficients super-column is filled as follows:

(éijlouk)c — [(m.Dn—k;:'an)modK pr.| +om

Pswitchan

(Eitenny) g = (Giiuony ) o +

where subscript C stands for Coefficients super-column, and dj is the delay required

(4.15)

to realize the constant multiplication at the k’th tap. Each entry §&:; for k’th tap in

Inverting /Noninverting and Shifting super-column is filled as follows:

(&jm,‘) NI (Eij.,ak)c | ’ (4.16)
(o) a1 = (e gy

where dy, is the delay of k’th negator if the input scaled by the Scaling Adders must be
negated. Otherwise, dj is 0. For example, the coefficient .0664062 appears as it is at
the T°th tap and its negative form appears at the 0’th tap of node Gp in TABLE 3.2.
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This means that dy is the delay of zeroth negator as calculated in Section 4.1., and d is
0. The subscript I _NT stands for Inverting/Noninverting and Shifting super-column.
An important procedure starts after filling out Coefficient and Inﬁerting/ Non-
inverting and Shifting super-columns of the table T for all nodes in the fold: The aim
is maximizing the utilization of Shift Registers block in FIGURE 1.8. Since the Com-
bination Additions block is ASAP scheduled, the Inverting/Noninverting and Shifting
block must be scheduled ALAP to realize this aim. Therefore, (§;,,.); y; Which is
the end of computation of Inverting/Noninverting and Shifting block is calculated as

follows;

s = o (P () o (225 )
(4.17)
However, this is not usually sﬁfﬁcient because (¢;,,,); y for all 2 must be unique to
inhibit bus conflict. Therefore the algorithm shown in FIGURE 4.15 i1s proposed.
The function LCM is the well-known least-common-multiplication algorithm. After

determining (&;.,.); nr, the following computations are carried out as follows:

(&j’“k)I_NI = (&j"“k)I_NI + (éieaa)I_NI - (&j"“k)I_NI Vi, 3,k
(T P (7 IR (2 P Vi k  (418)
(500 ) 6 = (Eitens) 1y Mgk

Now that the computations in Inverting/Noninverting and Shifting block finish
at the same clock cycle, then Combination Adders block can be scheduled using ASAP.

To finish scheduling of FIR-based tables, the number and switching of Shift
Registers in FIGURE 1.8 block must be done. The number of registers is calculated
using the algorithm in [81]. This algorithm requires the period and the variables with
their birth times and life times.

The period of the table 7, 7., can be determined by finding a group of successive
rows in the Coefficient super-column: =, is initially set to 1, i.e. the second row of 7.
Starting from ., each row is searched whether each entry on the row is generated by
the same ancestor and coeficient as the initial row. The search stops if a mé.tching row
is found. Then the rows found between the initial and the (7, — 1)’th row are checked

in the intervals [, 27, — 1], [7r, 27, — 1], ...... ‘whether they really match. In case of
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SCHEDULE_INVERTING_NONINVERTING (7) {
: \M| = LCM (—"—u— vaEAN,);

Prwitchgy '
form an integer array M of length |M|;
for allie M, m; = 0;
for all i € M if(m; = (&,,.);_y; mod |M])
m =m;+ 1
for all i € M if (m; > 1){
- find a (§,..); vy such that m; = (§,..);_y; mod [M];
find a location £ in M such that m; = 0;

if (t > i) (gi-an)I_NI = (Eican)I_NI + t— i;
else (§i,..); v1 = (bivoa ) vy +1 — 2+ [M];
m; =m; — 15

my = 1;

FIGURE 4.15. Algorithm for scheduling of Inverting/Noninverting and Shifting
block.

a mismatch , the whole process starts again.

Throughout the table within the period 7, and Coefficients super-column, all en-
tries using the same ancestor and coefficient with the equivalent (6i5'°“h)c are grouped
to form the variable set ¥ and each group is treated as a variable, . Life time and
birth time of each variable, i.e. ¢iise and @piren respectively, are determined using all

elements g € ¢ as

Prife = MaXgey [(&j,o;,‘)c]g - [(&j.m,,)c]g Vo €.9,

4.19
Pbirth = [(éij.“h) C]g mod 7, ,Voeu, (£19)

However, the algorithm for register number calculation of [81] is modified in our
HLS tool: The original algorithm assumes that each variable must occupy at least a
register. In fact, this is not necessary because if a variable’s life time is 0, i.e. 5. = 0,
then it need not occupy a register. Therefore, during register number calculation,
the variables with 0 life time are omitted. This modification reduces the number of
registers. The algorithm forms a circular life time chart, i.e. a segmented wheel, of
period 7, and each variable is assumed as a piece of wire of s, length to be Woundi
around the wheel starting from (piren. After winding all wires, the number of wires on

each wheel segment is counted and the maximum number is taken to be the register
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number.

After calculating the number of registers, the scheduling of variables in regis-
ters are done by using a modified version of the forward-backward register allocation
algorithm [82]. The original algorithm suffers from the fact explained in the preced-
ing paragraph. In addition it assumes that each variable lives within a period, i.e.
Plife + Prirth < Tr. Finally, the algorithm forward allocates each variable until it is
dead, otherwise the variable must reach the last register. This produces incomplete
scheduling for variables with ¢iise + @piren > 7. Therefore, the algorithm is modified
as follows: The allocation of each variable is done such that it can cover maximum
number of consecutive forward registérs to minimize the number of switches meaning
that allocation of a variable does not necessarily end at the last register even if it is not
dead. It can handle variables with @;fe + @pirth > 7. The algorithm forward allocates
all variables with non zero life times within a period =, in a cyclic manner. If there
exists variables with incomplete allocation, it searches for available registers starting
from the last register (i.e. backward search) and forward allocation takes place. This
process is recursive and finishes after all variables are allocated.

After obtaining the register numbers in Shift Registers block, the type of regis-

ter, r, is determined by library search in register array R:
Ty =Tg=TcA = rré'ilril [(saar + spp,) such that d. < clock] | (4.20)

The wordlength of r, is determined by the maximum length adder and negator in
the Scaling Adder block. Note that there are also registers in Scaling Adders and
Combination Adders blocks due to ASAP scheduling, s and r¢,4 respectively. Their
wordlengths can be determined by the wordlength of the ancestor adder or negator to

an adder or negator.

4.2.4. Scheduling of Other Nodes

Scheduling of other nodes is similar to FIR-based nodes. The super-columns,

Inputs and Input in FIGURE 4.14(b) and (c) are treated as Coefficients super-column
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in FIGURE 4.14(a) with one exception which is that the coefficient of each entry is only
1. The super-columns, Adder and Processor in FIGURE 4.14(b) and (c) are treated
as Inverting/Noninverting and Shift super-column in FIGURE 4.14(a). Then register

count calculation and register allocation is done as explained on page 95.

4.2.5. Schedﬁling Between Tables

The scheduling of the system is completed after linking the tables of all nodes.
This is done by using the periods of the ancestor nodes’ table, 7., and the node’s
table, 7, and the input and output entries of tables, i.e. the first super-columns and
the last columns. The aim is generating period convertors which consist of registers

and switches only. The algorithms explained on page 95 are used to realized these data

convertors.

4.3. System Area, Delay and Power Calculation

After picking modules, scheduling the nodes by using tables, the delay, area and
power of each node is calculated. If they do not satisfy the constraints, the register
costs of tables are subtracted from the system constraints and module selection and
scheduling processes are repeated until no further recovery is obtained or constraints

are satisfied. This means that a result is obtained even though it may be infeasible.
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5. A DESIGN EXAMPLE

Let us design the system shown in FIGURE 4.10 with the coefficient set given
in [51]. In this figure, each G is an FIR filter. The oufput error for all paths is 0.45%.
All coefficients undergo an unscaled quantization. Also assume that the input signal z
consists of five bits for the integer part where the most significant bit indicates the sign
of the number. Assume that maximum area, latency and power are 50mm?, lus, and
30mW. The clock frequency 100M Hz and the system will be realized using ES2-0.8pm
technology. The input file of this system is shown in FIGURE A. 1.

After running the quantizer explained in [78), it is found that each node in the
fold must be quanti;zed using 9 bits, including the sign bit, and the output error is to
0.34%. The quantized system coefficients are tabulated in TABLE 3.2. Then the DFG
is transformed as shown in FIGURE 5.1 without edge delay information.

When CSD representation is used instead of ordinary binary representation, the
. quantizing wordlength drops to 8 bits. Now, the node shown by F can undergo the
process as described in [77] for multiplierless realization of coefficient multiplications.
Note that the two-terms and replicas obtained by this process constitute the Scaling
Adders of FIGURE 1.8 as shown in FIGURE 5.2. ‘ '

The Inverting/Noninverting and Shifting, and Combination Adders biocks are
the other important parts in enhanced node set ® and thej are shown in FIGURE 5.3.

- After the enhanced node set R is obtained, the wordlength of operators and
constraints on each node are determined. Using the library sets given in FIGURE B.

2 and FIGURE B. 1, the selected modules are shown in FIGURE 5.4 and FIGURE

X T F" — },‘

FIGURE 5.1. New DFG formed after replacing fold F in place of FOLD in FIGURE
4.10.
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FIGURE 5.2. Scaling Adders block of node F.

out

FIGURE 5.3. Inverting/Noninverting and Shifting, and Combination Adders blocks
of node F.
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FIGURE 5.4. Scaling Adders block of node F after module selection.

5.5 with their appropriate wordlengths. After running the scheduler, we finally obtain
the layout shown in FIGURE 5.6. Its structural and behavioral .output files are shown
in FIGURE C. 4 and FIGURE C. 1 respectively. The timing of the circuit is given in
TABLE 5.1, TABLE 5.2, TABLE 5.3, TABLE 5.4 and TABLE 5.5.‘ In all these tables,
C stands for the absolute clock time. The delay column in the last table represents
the propagation delay in terms of clock cycle. The.Exp. column in the same table
represents the instance at the output of the node. For example, wvdl; is the first
instance at the output of the node wvdl.

Upon investigation of scheduling tables, it is evident that at each clock cycle,
different instances of the inpuf stream are processed at different levéls of the operators.
Therefore the initial claim that the tool produces fully pipelined architectures is proved.
Additionally, note that each clock cycle is fully utilized. This means that even though
there are redundant cycles in the original DFG due to decimation, this redundancy is

removed by our tool by reorganizing the scaling process and appropriately scheduling
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FIGURE 5.5. Inverting/Noninverting and Shifting, and Combination Adders blocks
of node F after module selection.
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TABLE 5.1 Timing table of the design example (Table 1 of 5)

Scaling Adders

Cl x| a2 a3 a5 a6 {n7 | Rsl | Rs2 | Rs3 | Rs4
OREORRORECORIO)

01 8

14 ff 8 8

2 f 1 ff 8

3|3 8.8 fl f ff 8

4 || fc | ff.4 | fl.ef id 3 f | ff 8

5 |5 0.18 | 0.ff 4 fc 3 f ff

6 || fe | f£.98 | 0.33 48 | b 15 fc 3 f

7T || ff | £b8 |[ffbc| 3.4 | ff.6f | 2 fe 5 fc 3

8 ||f7| 06 |ff.45 | f£98 | 87f | 1 ff fe 5 fc

9 || f|1.08 |ff.de| 6.18 | 1.b3 | 9 7 ff fe 5

10 6 | 0.3 | ff.ef | 1.38 | fd.bc | 1 f 7 ff fe

11 || f2 | 0.18 | .67 | fe.6 | 9.c5 | fa 6 f 7 ff

12 710d8 | O.ff [fb.88 | fede | e 2 6 f f7

13 || fb | fe.98 | 0.66 | ff.3 | f.6f | 19 7 2 6 f

14 ffr |12 | f£.98 | fae7 | 5 b 7 12 6

15 1.5 | 0.77 | fc.58 | 8.7f fb 7 2

16 ff.58 | ff.ab | 6.18 | 3.66 ib | 7

17 0.78 2.7 | £8.12 ib

18 fa.5 | 3.7

19 2.d8 | 1d.2b

20 1d.f8
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TABLE 5.2 Timing table of the design example (Table 2 of 5)

Registers
C|I| Rl | R2| R3| R4 | R5|R6| RT| R8 | R9 | R10
4 . 8.8
5 || flef | ff4 8.8
6 || Off | flief | ff4
7 0ff | flef | ff4 fe.98
8 34 0ff | flef | £.4 | ffbc ff.b8 | fe.98
9 || ff45 | 0.6 | 8.7f | OfFf | flief | ff.4 | ff.bc 8.8 | ff.b8
10 || fi.de | f£45 | 0.6 | 8.7 | O.ff | flef | ff.4 | 6.18 8.8
11 - | fide | ff45 | 0.6 | 8.7f | Off | ffef | ff.4 | 0.3 | 1.38
12 || fe.6 fi.de | ff.45 [ 0.6 | ff.67 | 0.ff | ff.ef | 0.18 | 0.3
13 0.ff | 0.d8 | fe.de | ff.de | f£.45 | 0.6 | f£.67 | O.ff | ff.bc | 0.18
14 1| 0.66 | 0ff | 0.d8 | fe.de | ff.de | ff.45 | 0.6 | f£.3 | O.ff | ff.bc
15 0.66 | 0.ff | 0.d8 | fe.de | f.de | ff.45 | 0.6 | f£.7 | f£.98
16 || {c.58 0.66 | Off | 0.d8 | 0.77 | ff.de | ff.45 | 1.5 | f£.7
17 || ff.ab | f£.58 | 3.66 | 0.66 | O.ff | 0.d8 | 0.77 | fi.de | f£.67 | 1.5
18 ff.ab | .58 | 3.66 | 0.66 | 0.ff | 0.d8 | 2.7 | ff.de | f£.67
19 ff.ab | £.58 | 3.66 | 0.66 | 0.ff | 0.d8 fa.5
20 || 2.d8 fl.ab | ff.58 0.66 | 0.ff
21 ff.ab | f£.58 0.66 | 0.77
22 ff.ab | .58 0.66 | 0.77
23 ‘| ff.ab | f£.58
24 ff.ab
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TABLE 5.3 Timing table of the design example (Table 3 of 5)

Registers

C | R11 | R12 | R13 | R14 | R15 | R16
6 8.8

7T || 4.88 8.8

8 4.88 fi.6f | 8.8
9 || {e.98 4.88 3.4 | ff.6f
10 || f£.b8 | 1€.98 | ff.bc | ff.6f

11 || fd.bc | ff.b8 | fe.98 | ffi.bc | fI.6f

12 || 1.38 | fd.bc | f£.b8 | fe.98 | 19.c6 | ff.bc
134 0.3 | 1.38 | fd.bc | b8 | fe.6 | 19.cH
14 || 0.18 | 0.3 | f£.67 | £9.c5 | ff.b8

15 || fa.e7 | 0.18 | 0.3 | ff.67 | 9.c5 | ff.b8
16 || £.98 | fa.e7 | 0.18 | 0.3 | 8.7 | .67
17 || ff.7 | £.98 | fa.e7 | 0.18 | fc.58 | 8.7f
18 1.5 | f£.7 | 0.77 | 8.7 | 0.18

19 3f7 | 1.5 | f£7 | 0.77 | 8.7 | 0.18
20 {| fa.5 | 3.£7 | 1.6 | f£.7 | 1d.2b§ 0.77
21 fa.5 | 37 | 1.5 | 2.d8 | 1d.2b
22 fd.2b | 1.5

23 11d.2b| 1.5
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TABLE 5.4 Timing table of the design example (Table 4 of 5)

Inverting/Noninverting and Shifting

C || nb8 | nb9 | nb10 | nb11 | nb12 | nb13 | nb14 | nbl5
(0/1) | (/1) | (o/1) | (/1) | (0/1) | (o1 | (0/1) | (0/1)

5 I {7.8

6 || 0.11 | ff4 :

7 || fe.98 | 0.11 | 4.88

8 || f.b8 | 0 | ff.6f 3.4

9| 044 | 0.48 | 6.18 | ff.6f | 4.88

10| 0.bb | 0.6 1.38 | £7.81 | fi.6f | fc.c

11|l 0.3 | 0.bb | fd.bc | fe.c8 | 9.e8 | f.6f 7.8

12 | 0.18 | fi.de | f9.¢c6 | fe.6 | fe.c8 | £7.81 | 0.11 0.c

131 099 | ffie8 | f£.3 | f9.¢5 | fd.bc | 1.38 | 1.68 | 0.11

14 || £.01 | 0.d8 | f£.98 | 1.22 | f9.¢5 | 1l.a 0.48 0.ff

15| f£7 | f£.01 | fa.e7 | 0.68 0.d | f9.c5 | 0.44 | f.b8

16| 1.5 | 0.66 | 8.7f | fc.58 | 0.68 | 1.22 | 0.bb | ff.a

17 || £.89 | fe.b 2.7 8.7 | fae7 | £198 | ffid | 0.bb

18 || 0.55 | f£.58 | fa.b | fc.9a | 8.7f | ‘3.a8 | ff.e8 | ff.de

19 0.59 | 3.47 5.b id9 | 8.7f | 0.99 | 0.18

20 id.2b | 2.d8 5b | fc.9a | f£.01 | 0.28

21 fd.2b [ 3.7 | fa.5 18.9 | f.01

22 fd.2b | d.28 | fe.a | 0.66

23 : id.2b | f£.89 1.5

24 0.55 | 0.a8

25 0.55
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TABLE 5.5 Timing table of the design example (Table 5 of 5)

Combination Adders -
C | al6 | al7 | al8 | al9 | a20 | a21 | a22 | Rout | y | delay | Exp.

OEREORNOREORROREORNC ~

15 || ff.f6 | £8.25 | £6.49 | 0.d1
16 || 0.81 | 18.15 | fe.f4 | 1.79
17 || f£.d9 | 0.ba | fb.65 | 1.47

18 || fe.71 | fb.4f | fa.95 | fl.fc | 18.1b | {7.1a
19 || 1.b6 | 4.d7 | 1.8a | 0.5b | 9.76 | 0.6d

20 || fe.39 | a.ef | fa.7f | 0.8b | 0.93 | fc.ac

21 || fl.ad | f6.ea | ¢.27 | ff.c6 | £9.c0 | fa.91 | ef.35 ef.35 21 wvd2_1
22 6.8d | 1.e5 | 19.e3

23 9.28 | fb.0a | £d.3f | £9.e3 | fd.3f 21 wvddg
24 16.97 | b.ed | f4.51 | 19.e3 } £9.e3 23 wvdl_1
25 : 8.72 | f4.51 | 8.72 21 wvd2g
26 432 | f4.51 | f4.51 23 wvd3g
27 2.84 | 432 | 2.84 21 wvdd,

28 4.32 | 4.32 23 | wudlg

them at the input of the Inverting/Noninverting and Shifting block. Note that the
original architecture requires two separate clocks: one for capturing the input and
processing in the FIR filters and one for decimation process. On the other hand, the
architecture produced by the new HLS tool requires a single clock to realize both of
the processes simultaneously. This is easily done by folding FIR-based nodes, which is
a brand-new feature of this newly developed tool. . A

The Exp. column in TABLE 5.5 requires additional exﬁlana.tion. It should
be noted that an output is produced at each clock cycle as it is ordered by the user.
However, a careful reader will easily see that there is a frame-shift at the output for this
design. This is completely dependent on the available library elements, optimization
criteria and the output switching instances determined by the user.

A newly-developed similar tool {10] uses folding in multirate systems like we
do, but they fold simple operations like multipliers and adders, but we fold composite -
nodes like FIR-based nodes. Therefore a direct comparison cannot be done. However
it is felt that their tool also minimizes redundant clock cycles. They also use a single
clock to realize mﬁltira.te systems. Finally the core chip area and power are found to

be 2.91mm? and 28.82mW respectively. The propagation delay is 230ns.
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6. CONCLUSION

In this thesis, a silicon compiler is developed to reduce design time for the
hardware realization of FIR-based multirate DSP algorithms for bit-parallel-digit-serial
architectures. This tool is developed on FIR-based multirate systems because it is
proved that an FIR-based cascaded multirate system is nearly as efficient as an IIR-
based cascaded system FIGURE 1.5. This is a completely novel study, becé,use there
does not exist a silicon compiler of this type at our knowledge.

Specifications of many HLS tools are investigated as shown in TABLE 1.1. All
of these tools can handle multirate digital systems as well as ours, but efficiency of our
system is much higher than that of the other systems as our compiler reduces the idle
cycles in multirate systems by allowing folding [18], [19]. As a result a multirate system
can be realized using a single clock signal at a much smaller area, power consumption
and latency.

There is a recent study which synthesizes multirate systems by Denk and Parhi
[10] which also ﬁses folding. However, this study does not handle FIR filters as a single
node which is the real improvement in our compiler. They use multipliers for constant
multiplications at the taps of the FIR filters, but our compiler decomposes FIR-based
nodes into multiplierless nodes, reducing the nodes’ areas significantly without sacri-
ficing from system quality. In short, their synthesis tool folds sirpple nodes, but our
compiler folds composite nodes like FIR filters, FIR filters followed by a decimator or
FIR filters following an interpolator.

Our tool has a capability of quantizing filter tap coefficients given the output
error of the system. Data bus-width can be controlled by the user throughout the
system between nodes. The tool also calculates the path errors. This feature reduces
the design time of a design engineer, because this service is gifren by the tool itself.

The module selection and scheduling is a rather important pfocess in our silicon
compiler as usual. The module selection process is done by library search in a such a
way that the throughput is maximized. Structural pipelining is used to realize this aim.
The formation of folding sets by the user really effects the throughput of the system. A

cost-optimized algorithm for selecting slow components on non-critical paths and fast
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TABLE 6.1 Some experimental results for 8-bit coefficient quantization

Ezperiment Registers | Adders
FIGURE 2.4 (a) | 24 37
FIGURE 2.3 (a) | 69 84

components-on critical paths has also been developed for high-performance pipelines.
A similar study has been carried out by [13]. The main difference between their and
our algorithms is that their algorithm carries out selection for one pipe throughout all
nodes at each stage but our algorithm makes selection for each node separately under
some user defined constraints and optimization scales. Scheduling is done by the table
search method to pick idle cycles and place an operation at that cycle if its rate allows.
The compiler uses a two-level scheduler, one for scheduling the operations in a node or
a fold, and one for scheduling the data flow between nodes or folds.

The run-time of the compiler is basically dependent on the libraries, because
every sub algorithm runs in linear time except the wordlength estimation in FIR-based
filters. Depending on the nodes and folding sets in the DFG, the estimation process may
take longer than library search. For small systems like FIGURE 2.4(2) and FIGURE
2.3(a), the results are shown in TABLE 6.1.

The basic flow of the algorithm is presented in FIGURE 1.6 and FIGURE 1.7.
This tool accepts an enhanced version of data flow graph (DFG) as the input file.
Previously designed modules ca,ﬁ be easily used if they appear as user-defined modules
in the input file. The arithmetic unit modules can be set not only for all nodes but

also for a group of nodes as well.

6.1. Future Research

The tool handles decimation process more successfully than the interpolation
process due to the single output of the target architecture as shown in FIGURE 1.8.

This architecture is poor at handling missing cycles of the interpolation because it
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FIGURE 6.1. Target architecture for utilizing missing cycles in interpolation.

allows a single output at a time. However if there are multiple outputs, then the missing
cycles will be filled with the concurrent operations. So the proposed architecture for
fully utilizing missing cycles of interpolation process is shown in FIGURE 6;‘1.

The tool also allows folding process to reduce effective chip area and power.
However, the folds are determined by the user. This is a good point for user-interaction,
but the user cannot be sure which folding will produce a more effective result. For
example if a comparison is made between FIGURE 4.12 and FIGURE 6.2, it will be
seen that the first one requires a clock at least two times faster than the input u for
correct operation while the second one can operate at the same frequency as the input
u. Therefore, an automatic fold estimation strategy must be developed so as to find
the best result which is FIGURE 6.2 in our example.

Finally, the tool produces an output file of switching bit- parallel—dlglt ser1a.1
architectures. However, this file cannot be processed by layout generators. The output
format of the file must be changed to synthesizable VHDL for a more general use of

application.
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FIGURE 6.2. A different folding scheme for the analysis part of the two-band-three-

level wavelet transform.
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APPENDIX A.

USER MANUAL

A. 1. Usage

To use this program, type

word filename

The filename must be the dfg file in the format explained in Section A. 2. Then
the program asks the user to enter the input file(s) if the system described in dfg file
has one(s). Note that if the input data is an image file, it must be in raw format with
an extension of ”.raw”. If it is a data file, then it must consist of only integer numbers
and it must have an ”.dat” extension.

”

It generates "out.dat” where the wordlength of modules and buses are deter-

mined.

A. 2. Input file format

The input file consists of a DFG part, and GenSpecs paﬂ: as the minimum
requirement. It can also have Folds and NodeSpecs parts. An input file must begin

with the DFG part with the following lines:
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TABLE A. 1 Types of nodes that must exist in DFG part.

:Adder

:Decimator

:FIR

:Interpolator

:Multiplier

:Negator

:A user defined module

wvd | :Decimating FIR (FIR followed by an decimator)
wvi | :Interpolating FIR (FIR following an interpolator)
e :Input

y :Output

=Sl e
=

SRR N e

Number of Edges=N :Number of all edges that exist in a dfg. N is

a positive integer. :
Number of Vertices=N :Number of all vertices that exist in a dfg. N

is a positive integer.

Then as many lines as determined by the Number of Edges must be entered in
the following format by using all vertices whose number is given by the the Number of
Vertices:

SOUTCEname SOUTCCterminal LATGELpame 1aT JELterminal delay switchperiod SWilChime

Node names can start with the strings shown in TABLE A. 1 for the description
of their operational behaviors. Note that one can implement any multirate system by
using all these node definitions. After the nodal system definitions, the following cards

exists:

Folding Sets : This optional card is followed By lines that are in the format M
nodename; ......... nodenameys where M is the number of nodes in that
fold, nodenameys is the name of M’th node in the fold. Note that the
folds must not overlap, i.e. no node can exist in more than one fold.

This card must finish with a 0.
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: Specifications are valid all over the system. This is a necessary card
that must exist. Some of the commands must exist for the operation of

the system. These are

clockfreq : Clock frequency in MHz.
tech : Technology of the system.

Optional commands binding all nodes are listed as follows

maxarea : Maximum allowable chip area in pm?.

maxdelay : Maximum allowable chip delay in ns.

maxpower: Maximum allowable chip power in mW.

reglib: N libname; libname, ..... libnamey
: Use N number of latch libraries that are specified. Default
is ALL, meaning the usage of all libraries of the specified
technology. libname; is the name of the first library file.

See Appendix B. 1 for details.
uselib: N libname; libname, ..... libnamepy

: Use N number of module libraries that are specified. De-
fault is ALL, meaning the usage of all libraries of the speci-
fied technology. libname; is the name of the first library file.

See Appendix B. 1 for details.
genlib: N Libname; libname; ..... libnamey

: Generate N number of module libraries that are specified.
Default is ALL, meaning the generation of all libraries of
the specified technology. libname; is the name of the first

library file. See Appendix B. 2 for details.
bvall : Variable data bus. This is the default option, but if it is

specifically written as a command then it cannot be overrid-

den by single-node commands. _
bvtall: L : Truncated data bus which can be at most L bits wide. It

cannot be overridden by single-node commands.

bvrall: L : Rounded data bus which can be at most L bits wide. It

cannot be overridden by single-node commands.
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bftall: L : Truncated data bus which is L bits wide. It cannot be

overridden by single-node commands.

bfrall: L : Rounded data bus which is L bits wide. "It cannot be

overridden by single-node commands.

Optional commands binding some nodes (i.e. group nodes) are listed
below. Their difference from the commands for all nodes is that they can
be overridden by single-node commands. Therefore all nodes except the
ones that are singularly described by single-node commands are subject

to the constraints defined by these commands.

bvn : Variable data bus.

bvtn: L : Truncated data bus which can be at most L bits wide.
bvrn: L : Rounded data bus which can be at most L bits wide.
bftn: L : Truncated data bus which is L bits wide.

bfrn: L : Rounded data bus which is L bits wide.

: This card is necessary if FIR-based and user- defined nodes are used.
It is followed by lines that give detailed information about each node.

The specifications for all nodes are single-line commands. Its format is

nodename spec, : exTp;...SPECK : ETPK
where speck is the K’th specification and ezpg is the explanation for
K’th specification. Each command field is separated either by a comma

or by a space. These are listed as follows:

e : A floating number that gives the error of the output node.

It is the error at that output for the worst-case path.

end : End of input file.

ib : Number of integer bits for inputs. (Sign bit must be in-
cluded). '

fb : Number of fractional bits for inputs.

freq : Input(s) and output(s) frequencies in MHz. Cannot be

higher than clockfreq.



cf: L
cv: L
cs: F
bv
bvt: L
bvr: L
bft: L
bfr: L
bs: F
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: The coeflicient quantization is done by L bits. This com-
mand is used for FIR-based nodes. If cf and cv are both

used, then the last written overrides the previous one.

: The coefficient quantization is done by at most L bits.
This command is used for FIR-based nodes. If cf and cv are

both used, then the last written overrides the previous omne.
: A positive-definite scaling coefficient for the node. It is 1.0

by default. The higher it is, the bigger the importance of

the node in the optimization process.
: Variable bus at the output of the node.

: Truncated bus which can be at most L bits wide at the

output of the node.
: Rounded bus which can be at most L bits wide at the

output of the node.
: Truncated bus which is L bits wide at the output of the

node. :
: Rounded bus which is L bits wide at the output of th

node. :
: A positive scaling coeflicient for the output bus of the

node. It is 0.0 by default. The higher it is, the bigger the

importance of the bus in the optimization process.

cfile: filename

. The data file full with constants of the node, e.g. tap
coefficients of an FIR filter.

g-type: C: If C is U, then it means unit quantization which is the

.su: L

sd: L

direct conversion of the constants to their binary forms. If
it is S, then it means scaled conversion which exploits the

whole binary range for increasing noise immunity. Default

is U.
: Interpolated by L, an integer. Default is 1.

: Downsampled by L, an integer. Default is 1.

uselib: N libname; libnames, ..... libnamey
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: Overrides the general uselib specified by GenSpecs. N is 0
by default. For detailed information, see the Table TABLE

A. 2.
genlib: N libname, libname, ..... libnamey

: Overrides the general genlib specified by GenSpecs. N is 0
by default. For detailed information, see the Table TABLE

A. 2.
adduselib: N libname; libname, ..... libnamen

: Appends the general uselib specified by GenSpecs. N is 0
by default. For detailed information, see the Table TABLE

A 2
addgenlib: N libname; libname, ..... libnamey

: Appends the general genlib specified by GenSpecs. N is 0
by default. For detailed information, see the Table TABLE

A. 2
u_file: filename

: The file which covers the information about the user de-
fined nodes. Each user defined nodes must have such files
for an errorprone operation. The commands that must be

found in this file are
area : the area of the node in pm?.

clockfreq : clock frequency in MHz.

power : the power of the node in mW.
in_ibit  : Input integer bits (inc. sign bit).
in_fbit : Input fractional bits.

out_ibit : Output integer bits (inc. sign bit).
out_fbit : Output fractional bits.

.endmod : End of spebiﬁcations. .

Optional commands are:
e : Mean-squared error that will be added to sys-
tem error by the inclusion of this node. It is 0

by default.
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TABLE A. 2 Nodal effects when uselib in GenSpecs is used with uselib and adduselib
* in NodeSpecs. The same table applies to genlib also . SPEC means anything other

than ALL. :
GenSpecs NodeSpec Nodal Results

uselib uselib ‘ adduselib

ALL N=0| N=0 uselibgenSpecs

ALL N=0}| N>0 useltbgenSpecs

ALL N>0| N=0 useltbyodeSpecs

ALL N>0| N>0 error !l
SPEC(N>0)|N=0| N=0 uselibgenspecs
SPEC(N=0)|N=0| N=0 error !!
SPEC(N>0)| N=0| N >0 | uselibgenspecs + adduselib
SPEC(N=0)|N=0| N>0 error !!

SPEC N>0| N=0 uselibyodespecs

SPEC N>0| N>0 error !!

pipeline : The level of pipelining. Default is 0, meaning

no pipeline.

su: L : Interpolated by L, an integer. Default is 1.
sd: L : Downsampled by L, an integer. Default is 1.
.end : End of user input file

A typical input file is presented in FIGURE A. 1. It implements FIGURE 2.4(a)
with ES2 technology at the clock frequency of 10M Hz.



Number of Edges= 8
Number of Vertices= 6
x0wvd1 000
x0wvd2010
x0wvd3020
x0wvd4 030

wvdl 0y 004l
wvd2 0y 0 0 4141
wvd3 0y 0 0 4142
wvd4 0y 0 0 4143
Folds=

4 wvdl wvd2 wvd3 wvd4
0

GenSpecs=
clockfreq:100
tech:es2
maxarea:50000000
maxdelay:1
maxpower:30
uselib:1

libl

reglib:1

reglib

NodeSpecs=

x ib:5 freq:100

wvdl c.file:caglar_1.dat q_type:UNIT, sd:4
wvd2 c.file:caglar_2.dat q_type:UNIT, sd:4
wvd3 c_file:caglar_3.dat q.type:UNIT, sd:4
wvd4 c_file:caglar_4.dat q_type:UNIT, sd:4

v €:0.0045
end

FIGURE A. 1. A typical input file for a four-band analysis structure

1120
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APPENDIX B.

LIBRARY FORMAT

B. 1. For reglib, uselib and adduselib Commands

The HLS tool can use the modules that exist in files under LIB\tech\ under
work directory. For example, in FIGURE A. 1, the tech is specified as es2. This means
that the library files must exist under LIB\es2\. For each module in the library, the

necessary specifications can be listed as follows:

clockfreq:Clockirequency in M Hz.

area :The area of the module in pm?.

pdwer :The power of the module in mW.

name  :Name of the module. Must be unique for correct operation
type :Type of the module. (see Table TABLE B. 1) ‘
length :Wordlength bf the module. It must be set to 1 for a register.

.endmod :End of specifications.

There exists only one optional card:
pipeline:Pipelining level of the operator. Default is 0, meaning that there is

no pipelining.

Each library file must end with an .endlib card. A sample library is shown in
Figure FIGURE B. 1. If clockfreq of a module is lower than the operating system fre-

quency, than it is automatically dropped during library generation (see Section 4.1.1.).
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TABLE B. 1 Types of nodes that must in a user defined library.

ADD | :Adder
MUL | :Multiplier
REG | :Register, latch

name:ADD_1 type:ADD length:4 area:28340 clockfreq:120 power:0.6 .endmod
name:ADD_2 type:ADD length:18 area:90900 clockfreq:400 power:0.297 pipeline:3 .endmod
name:ADD_3 type:ADD length:6 area:45630 clockfreq:400 power:0.75 .endmod
name:ADD 4 type:ADD length:8 area:54440 clockfreq:350 power:0.36 .endmod
name:ADD._5 type:ADD length:4 area:28000 clockfreq:7.5 power:0.04 .endmod
name:MUL_3 type:MUL length:4 area:10 clockfreq:450 power:5.6 .endmod

.endlib

FIGURE B. 1. A typical library used by uselib and adduselib commands.

For example, if this library is l2bl of Figure FIGURE A. 1, then ADD_5 will not be
selected during library generation due to the operating system frequency, 100M Hz.
Note that MUL.3 will not be selected in spite of satisfying the frequency ériterioﬁ,
because a multiplying node does not exist in DFG of the same ﬁgure.

A typical register library is presented in Figure FIGURE B. 2. Note that each
length is set to 1.

B. 2. For genlib and addgenlib Commands

The HLS tool can generate the libraries of TABLE B. 3. These names are

reserved for library generation. The rules of library generation is shown in TABLE

name:REG_01 type:REG length:1 area:2824 clockfreq:120 power:0.06 .endmod -
name:REG_02 type:REG length:1 area:2020 clockfreq:400 power:0.066 .endmod
name:REG_03 type:REG length:1 area:4563 clockfreq:4560 power:0.075 .endmod
name:REG_04 type:REG length:1 area:4896 clockfreq:350 power:0.033 .endmod
.endlib

FIGURE B. 2. A typical library used by the reglib command.
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TABLE B. 2 Types of adders that can be generated using genlib and addgenlib
comments.

Name | Type

RCA | Ripple Carry Adder
CSA | Carry Select Adder
CSkA | Carry Skip Adder

CLA | Carry Look-ahead Adder
MCA | Manchester Chain Adder

TABLE B. 3 Style of adder generation.

Name | Type

ALL | Generate all adders of all bits

ALL.b | Generate all adders of b bits

CSA | Generate Carry Skip Adders of all bits
CSA_b | Generate a Carry Skip Adder of b bits

B. 2 for CSA. The same rules are valid for all adders of TABLE B. 3. For example
_to generate a CLA of 5 bits, it is sufficient to write CLA_5. The details of library
generation can be picked from [83] and [84].
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APPENDIX C.
FORMAT FOR THE OUTPUT FILES

There are two output files: BEHAVE.DAT and STRUCT.DAT. These two files
gives the behavioral and structural information about the newly formed system by the
compiler. In both files, the nodes in FIR-based nodes and folds have the literals as
shown in TABLE C. 1. |

Both files consist of the new DFG and the information about the nodes in the
new DFG except inputs and outputs.

Each line in the new DFG is underlined. If theré exists a plain line in the new
DFG (i.e., it is not underlined), then this means that it is the explanation line for the
nearest underlined line before the plain line.

'The nodes in m’th fold in the input file are represented by the new node
FOLD_m.

The symbols «— or — stand for the data-flow. The head of the arrow points
at the target and the tail of the arrow is at the source.

The information within square brackets stands for the wordlength of the module.

Here, the ”:” character is the indicator for the place of the fractional point. For example

TABLE C. 1 Types of nodes existing in FIR-based nqdes and folds

| Name | Type |
a adder
b buffer
n negator

nb | negator or buffer in composite form
R . register
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a2[2:5] means that a2 is a seven bit adder which has two bits for the integer and five

. bits for the fractonal parts.

C. 1. Format of BEHAVE.DAT

This file contains the behavioral information about the final system.

The information within square brackets stands for the wordlength of the module.
Here, the ”:” character is the indicator for the place of the fractional point. For example
a2[2:5] means that a2 is a seven bit adder which has two bits for the integer and five
bits for the fractional parts.

The information within paranthesis stands for equivalent nodes of a node. Here,
the ”:” character is the separator of different nodes. For example nb8=(n8:b8) means
that nb8 is either n8 or b8.

The information within curly brackets stands for the latched data whose clocking
instances are determined by the inital value given before the brackets. If there exists
an ”@” symbol, this means that the data is fetched at the clock instance and period
following the symbol. For example, "a6 @ 41+2 — {R17 R18 R19}” means that data
at the output of ab is latched to R17 at 414-2 where 4 is the clocking period and 2 is the
clocking instance. Then the output of R17 is latched to R18 at 4143 and the output
of R18 is latched to R19 at 4l and so on.

A typical BEHAVE.DAT is shown in FIGURE C. 1, FIGURE C. 2 and FIGURE
C. 3. It is the behavioral description of the circuit given by FIGURE A. 1.

C. 2. Format of STRUCT.DAT

The STRUCT.DAT contains the structural information about the final system.
It begins with the technical information like clock frequency, technology of the system,



New DFG

x -> FOLD_O

F OLD_0-> y

Registers:1 of wordlength [8:8]
FOLD_O @ 41+0 -> {Rout Rout}

FOLD_O @ 41+2 -> {Rout Rout}

y <-
y <
y <-
y <

Rout
FOLD_
Rout
FOLD_

@ 41+0
0 @ 41+1
Q 4142
0 @ 41+3

FOLD_0( in[5:0], out[8:8] )

Scaling Ad

ders

a2[3:5] <-
a3[2:8] <-
ab[3:5] <-
a6[5:8] <-
n7[5:0] <-
Registers:

a3
a2
ab
ab
aé
ab
a2
a3
a3
ab
aé
a2

Q

000000 O 0000

41+3
41+3
41+1
41+3
41+2
41+2
41+2
41+0
41+1
41+3
41+0
41+0

(in -> 1R[5:01)>>5 + n7>>3

in>>8 + in>>4

a2 + (in -> 4R[5:0])>>1

a3 + (in -> 3R[5:01)>>1

in

16 of wordlength [5:8]
-> { R6 R7 R13 R14 R16 R9 R10 }
-> { R9 R10 Ri1 R12 R13 R14 R15 R16 }
-> { R8 }
-> { R15 R16 R14 Ri5 }
-> { R11 R12 R13 }
-> { R10 R11 R12 }
-> { R9 R10 R11 R12 R13 R14 }
-> { Rt R2 R3 R4 R5 R6 R7 R8 }
-> { R1 R2 R3 R4 R5 R6 R7 R8 RO }
-> { R1 R15 }
-> { R3 R4 RE }
-> { R2 R3 R4 R5 R6 R7 R8 }

FIGURE C. 1. A typical BEHAVE.DAT (Figure 1 of 3)
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Inverting,

Noninverting and Shiffing

nb8[3:8]

nb9[3:8]

nb10[5:8]
nb11[5:8]
nbi12[5:8]
nb13[5:8]
nb14[3:8]
nb15[3:8]

(n8:b8)

(n9:b9)
(n10:b10)
(n11:b11)
(n12:b12)
(n13:b13)
(n14:b14)
(n15:b15)

n8 <- R6 @ 41+0
n9 <~ R9 @ 41+0

10 <-
bil <-
bi2 <-
b13 <-
ni4 <-
nis <-

ab @ 41+1
R16 @ 41+1
R13 @ 41+1
R12 @ 41+1
R14 @ 41+0
R8 Q 41+0

b8 <~ R9 @ 41+0
b9 <~ R3 Q@ 41+0

bi10 <-
bii <-
nil2 <-
ni3 <-
ni4 <-
nis <-

R15 @ 41+0
R1i @ 41+0
R10 Q 41+3
R5 @ 41+3
R7 @ 4143
R8 @ 41+3

b8 <~ R9 Q@ 41+3
n9 <- R2 Q@ 41+2

b10 <-
nil <-
ni2 <-
b13 <-
ni4 <-
bi15 <-

Ril @ 41+3
ab @ 41+2
R8 Q@ 41+2
R15 @ 41+3
R10 @ 41+2
R16 @ 41+3

n8 <- R1 Q@ 41+1
b9 <- R3 Q@ 41+2

b10 <-
nil <-
b12 <-
ni3 <-
ni4 <-
bis <-

ab Q@ 41+2
R3 @ 41+1
Ri14 Q@ 41+2
R15 @ 41+1
Ri4 @ 41+1
R9 @ 41+2

FIGURE C. 2. A typical BEHAVE.DAT (Figure 2 of 3)
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Combination Adders

a16[4:8] <- nb8 + nb9
a17[6:8] <- nb10 + mnbil
a18[6:8] <- nb12 + nbi3
a19[4:8] <- nbi4 + nbis
a20[7:8] <~ ai6 + ai7
a21[7:8] <- a18 + al9
a22[8:8] <- a20 + a2i
out = a22

FIGURE C. 3. A typical BEHAVE.DAT (Figure 3 of 3)

the register libraries and final system specifications like area, delay and power.

For each node and fold, the arithmetic unit libraries appear after the name of
the node and fold.

The information within curly brackets stands for the structural explanation of
a node. Each clock instance is described by ”pipe” word. For example ”pipel” is the
first clock cycle in the adder. The modules latched at a clock instance are separated

» I”

via symbols as follows :

m *x register : n, module : n, (C.1)

Here, m is the number of registers of type register of n, bits, and there exists only one
arithmetic unit of type module of n, bits. If "EMPTY” appears instead of module
or register types, this means that it is not implemented. For example if "EMPTY”
appears in place of register, then there does not exist a register for this entry.

A typical STRUCT.DAT is shown in FIGURE C. 4 and FIGURE C. 5. It is
the structural description of the circuit given by FIGURE A. 1.



Technology: ES2

Clock Frequency: 100MHz
Area: 2.91e6 um2

Delay: 0.23 us

Power: 28.82 mW

Register Libraries: reglib

New DFG

x => FOLD_O

F OLD_0-> y

Registers:1 REG_02:16

FOLD_o( in[5:0], ou£[8:8] )

Aritmetic Module Libraries: 1libl
Scaling Adders

Registers:4 REG_02:5
a2[3:58] = {

pipel: O*EMPTY:0 ADD_02:18
pipe2: O+EMPTY:0 EMPTY:O
pipe3: O*EMPTY:0 EMPTY:0 1}
a3[2:8] = {

pipei: O*EMPTY:0 ADD_02:18
pipe2: O*EMPTY:0 EMPTY:O
pipe3: O*EMPTY:0 EMPTY:0 }
ab[5:5] = {

pipel: O*EMPTY:0 ADD_02:18
pipe2: O*EMPTY:0 EMPTY:0
pipe3: O*EMPTY:0 EMPTY:0 }
a6(5:8] = {

pipel: O*EMPTY:0 ADD_02:18
pipe2: O*EMPTY:0 EMPTY:0
pipe3: OXEMPTY:0 EMPTY:0 1}
n7[56:0] = {

pipei: 1%REG_04:5 ADD_04:8 1}

Registers:16 REG_02:13

FIGURE C. 4. A typical STRUCT.DAT (Figure 1 of 2)
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Inverting, Noninverting and Shifting

nbs8[3

:8] = {

pipel: 1*REG_04:8 ADD_04:8

nb9 [3
pipel

18] = {
: 1*REG_04

nb10[5:8] = {

pipel

: 1*REG_04

nb11[5:83 = {

pipel

: 1*xREG_04

nb12[5:8] = {

pipei

: 1*REG_04

nb13[6:8] = {

pipel

¢ 1+REG_04

nb14[3:8] = {

pipel

: 1*REG_04

nb15[3:8] = {

pipel

: 1*REG_04

:8 ADD_04:8
:8 ADD_04:8
:8 ADD_04:8
:8 ADD_04:8
:8 ADD_04:8
:8 ADD_04:8

:8 ADD_04:8

Combination Adders

ai6f4

pipel:
pipe2:
pipe3:

ai7l6

pipel:
pipe2:
pipe3:

aig[e6

pipel:
pipe2:
pipe3:

a19[4

pipel:
pipe2:
pipe3:

a20[7

pipel:
pipe2:
pipe3:

a21[7

pipel:
pipe2:
pipe3:

a22[s

pipei:
pipe2:
pipe3:

:8]1 = {

O*EMPTY:
O*EMPTY:
O*EMPTY:
:8] = {

O*EMPTY:
O*EMPTY:
O*EMPTY:
:8] = {

O*EMPTY:
O*EMPTY:
O*EMPTY:
:8] = {

O*EMPTY:
O*EMPTY:
‘0*%EMPTY:
:8] = {

O*EMPTY:
O*EMPTY:
O+EMPTY:
:8] = {

O*EMPTY:
O*EMPTY:
O*EMPTY:
:8] = {

O*EMPTY:
O*EMPTY
O*EMPTY:

FIGURE C. 5. A typical STRUCT.DAT (Figure 2 of 2)

0 ADD_02:18
0 EMPTY:O
0 EMPTY:0 }

0 ADD_02:18
0 EMPTY:0
0 EMPTY:0 }

0 ADD_02:18
0 EMPTY:O
0 EMPTY:0 1}

0 ADD_02:18
0 EMPTY:0
0 EMPTY:0 I}

0 ADD_02:18
0 EMPTY:0
0 EMPTY:0 1}

0 ADD_02:18
0 EMPTY:0
0 EMPTY:0 }

0 ADD_02:18
:0 EMPTY:0
0 EMPTY:0 }

1*REG_04:
1*REG_04:
1*REG_04:
1*REG_04:
1*REG_04:
1*#REG_04:
1*¥REG_04:

1*REG_04:

ADD_04:
ADD_04:
ADD_04:
ADD_04:
ADD_04:
ADD_04:
ADD_04:

ADD_04:
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APPENDIX D.

'ERROR CODES

The HLS tool stops operating at the conditions which cause the following error

codes:

ERROR: Cannot open filename.
Trouble: A file named filename does not exist in the working directory.

Solution: Be sure that the file named filename really exists in the working directory.

ERROR: Invalid format in filename.

Trouble: Two different bus specifications exist for the system.

Solution: See bus specification comments of GenSpecs card in Appendix A.

Trouble: A node that does not exist in DFG part appears in one of the folds or under

NodeSpecscard.
Solutions: 1. Check names of all nodes used in folds and under NodeSpecs card

appear in DFG part (see Appendix A. ).
2. Check that the number of edges and vertices are correct.
ERROR: Invalid node in filename.

Trouble: The type of a node in filename cannot be identified. .
Solutions: 1. Check that all nodes in filename begin with one of the strings specified

in Table TABLE A. 1.

2. Check that the number of edges and vertices are correct.
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ERROR: Invalid, unmatching. or unspecified features for nodename.

. Troubles: 1.

2.

8.

e command exists at nodename which is not an output.
u_filecommand exists at nodename which is not a user-defined module.

Some or all of ib, fb, freq commands exist at nodename which is not

an input.

. If nodename is an input, then its frequency is higher than the system

clock frequency.

. Some or all of cf, cv, cs, c_file, g_type commands exist for nodename

which is not an FIR-based node.

. Bus specifications of nodename does not match with the system’s.

Some or all of adduselib, uselib, addgenlib, genlib commands exist

at nodename which is an input, or an output, or a user-defined module.

If nodename is an input, it does not have both ib and fb commands.

Solution: Correct specifications of nodename under NodeSpecs card.

Trouble: Libraries of nodename does not match libraries of GenSpecs part.

Solution: See Table TABLE A. 2 to correct errors.

Troubles: If nodename is a user-defined module, then it

1.

does not have a specific name for layout generation.

. has an undefined specification.

does not have area and power specifications.
does not have input bits or output bits.

either does not have an operation .frequency or has an operation fre-

quency lower than the system clock frequency.

Solution: See u_file command in Appendix A to correct errors.

Troubles: If nodename is a module in a latch or arithmetic unit library, then it



Solution:

ERROR:

Trouble:

Solution:

ERROR:

Trouble:

Solution:

ERROR:

Trouble:

Solution:

ERROR
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1. does not have a specific name for layout generation
2. has an undefined specification.

3. does not have area and power specifications.

4. does not have a wordlength.

5. does not have an operation frequency.

6. either does not have a type or has an undefined type.

See Appendix B to correct errors.

Clock frequency is unspecified.
System clock frequency is not specified.

Enter the system clock frequency as described in GenSpecs part in Appendix
A.

Technology is unspecified.
System technology is not specified. ‘
Enter the system technology as described in GenSpecs part in Appendix A.

Insufficient memory!
Memory is not sufficient to open an internal array.

Increase the effective memory in the system.

m and n cannot exist in the same fold.
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Troubles: 1. m and n have different libraries.

2. m and n have different values of fixed bus (coefficient) quantization.

3. One of them has a fixed value of bus (coefficient) quantization and the
other one has an upper bound which is lower than the fixed value on

variable bus (coefficient) quantization.
4. One of them has a fixed bus, the other one has a rounded bus.
5. m and n have different values of fixed bus or coefficient quantization.

6. Cannot schedule m and n in the same fold with the given switching

periods, or input and system clock frequency.
7. m is a user-defined node and

(2) n has a c_file command.
(b) = has library commands.
(c) su and/or sd values are not equal.

(d) both nodes have different e values.

Solution: Either separate the nodes or change the specifications.

ERROR: Infeasible solution space. ‘ ‘
Trouble: Fixed errors or upper bounds on quantization bits cause infeasibility.

Solution: See Section 2.3..

ERROR: Wrong inputs or outputs for nodename.
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Troubles: 1. nodename is an input and appears as a targét.
2. nodename is an output and appears as a source.

- 3. nodename is an adder or a multiplier but its number of sources is less

than two or it has no target.

4. nodename is an FIR-based node, or a negator, or a decimator or an

interpolator but it has no source or no target.
Solution: Correct the DFG part.

ERROR: No latches are available to satisfy the given system.
Trouble: The latches given in the latch libraries are too slow to realize the system with

the given clock frequency (see clockfreq in Appendix A. ).
Solutions: 1. Change the used latch libraries so that there exist latches that can

operate at the given clock frequency.

2. Decrease the clock frequency.

ERROR: No library elements are available to satisfy the given system.
Trouble: The elements given in the arithmetic unit libraries are too slow to realize the

system with the given clock frequency (see clockfreq in Appendix A. ).

Solutions: 1. Change the used arithmetic unit libraries so that there exist modules

that can operate at the given clock frequency.
2. Decrease the clock frequency.
ERROR: Rate mismatch at the input of node nodename.

Troubles: 1. The sources of nodename appear at the input of nodename at different

rates.

2. nodename is an output and sources to the output cannot be scheduled.

Solution: Check rate of each source.
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