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ABSTRACT 

A method to determine the word length required by 
implementations of Digital Signal Processing (DSP) 
algorithms is presented. The method uses a C/C++ fixed-point 
simulation tool to model the impact of finite word length on 
overall accuracy. It finds a combination of quasi-optimum bit 
resolutions in arbitrary data flow graphs by computing 
dissimilarities between fixed-point and floating-point 
simulation results. The selected algorithm minimizes these 
dissimilarities and finds a combination of word lengths that 
meets objectives specified by the user. This method is 
applicable to a wide range of DSP algorithms. It was tested on 
2 benchmarks, the fifth order elliptic filter and the Inverse 
Discrete Cosine Transform (IDCT), and arrived to known 
optimum solutions. 

1. INTRODUCTION 

Digital signal processing (DSP) algorithms are often expressed 
in floating operations or in 32-bit word length for convenience. 
Indeed, these data formats match those of existing commercial 
off-the-shelf processors. Yet in spite of a very significant 
growth of the performance of available processors, the 
requirements of many real-time applications in terms of pure 
performance or low power operation command the use of 
specialized hardware. Since the cost and power dissipation of 
hardware are highly dependent on the number of bits and on 
the use of floating-point operators, the problem of word length 
determination is important. This is especially true for the 
design of effective systems on a chip (SOC). 

This work is based on three assumptions: I )  Increasing the bit 
resolution improves the accuracy of the output of the DSP 
algorithm to be implemented, 2 )  increasing the bit resolution 
increases processing complexity and power dissipation for a 
given processing rate, and increases propagation delays, and 
3)  an exhaustive search to find the optimal solution for the 
sizing of operators in complex data paths is impractical. 
Related to the first assumption is the requirement for the DSP 
algorithm to be stable, that is. for a small change at the input to 
produce a small change at the output. If the algorithm is 
unstable, then any fast search for a quasi-optimal solution 
could get trapped in a local minimum in the search space. In 
this paper, a quasi-optimal solution is the best known solution, 
but exhaustive simulations are required to confirm that is 
optimal, which is impractical due to computational complexity. 

In the last I O  years, several techniques have been proposed to 
translate floating-point formulations into fixed-point 
formulations [1][2][3][4]. For instance [3][4] do it using an 
interpolation technique. This paper proposes another method to 
automatically determine the required word length for variables 
in DSP algorithms originally specified in floating-point format. 
This method, which is based on a target error specification, 
accelerates the development of hardware implementations and 
could be integrated in hardwarelsoftware codesign CAD 
toolboxes. 

The proposed method builds on a fixed-point simulation tool 
by W. Sung & al. [8,9.10]. Other fixed-point simulation tools 
are available such as the A R T  tool from Frontier Design [SI. 
SPW from Cadence [6]. Matlab form The Mathworks [7] and 
SystemC. The fixed-point simulation tool developed by W. 
Sung & al. was selected for four reasons. First. i t  can process 
bit resolutions in steps of 1 bit, compared to 8 bits for Matlab 
and SPW. Secondly, it accepts C language as input, which is a 
very popular language for DSP. The fact that C executes faster 
than Matlab is the third reason. Finally, the tool is free and the 
source code is available on the Internet [8][9]. 

For completeness, the tool is briefly described in the next 
section. The proposed method is introduced in Section 3. and 
applied on two benchmarks in Section 4. Finally, results are 
analyzed and compared with those obtained by W. Sung & al. 
in Section 5.  

2. FIXED-POINT SIMULATION TOOL 

The fixed-point simulation utility developed by W. Sung & al. 
[8.9,10] converts a floating-point DSP program written in C or 
C++ into a fixed-point equivalent description. The word length 
(WL). integer word length (IWL), sign. overflow handling 
scheme, and quantization mode of individual operands and 
constants can be assigned using comments in the floating-point 
program. These informations are processed by a floating-point 
simulation utility that extracts the peak and computes the mean 
and standard deviation of each individual operand and constant 
over some specified input data set. 

The operations associated with the fixed-point data type. such 
as *='. '+*. *-.. 'x' and '/' are defined at the class declaration. 
Then, fixed-point arithmetic operations. instead of floating- 
point arithmetic, are conducted automatically due to the 
operator overloading capability of the C++ language. Except 
for declaring the operands to belong to a fixed-point class type 
and adding a fixed-point header file, no other part of the 
original program is changed during the conversion process. 
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The fixed-point data format (or fixed-point C data class) 
employed in the fixed-point simulation tool is defined as 
follows: 

( WL. IWL, "t , , t2 . t j*q ) 

where the characters " t l , t g j "  define the type of fixed-point 
operand. The first character, t l ,  defines the sign attribute of the 
operand, which can either be unsigned ('U') or two's 
complement ('t'). The two's complement sign format requires 
one additional bit, which is the Most Significant Bit (MSB) in 
the fractional format. The overflow-processing mode, declared 
in I?.  specifies whether no treatment ('0') or saturation ('s') is 
applied. Finally. the quantization mode is specified in t3. It can 
be set either to rounding ('r') or truncation ('t'). A fixed-point 
format of ( 10.2. "tsr" ) corresponds to a word length of 10 bits 
(including an eventual sign bit). integer word length of 2 bits 
(excluding an eventual sign bit), two's complement 
representation, saturation upon overflow, and rounding for 
word length reduction. A IO-bit binary data 0101000000 in the 
above format should be interpreted as 010.1000000. which 
corresponds to a real value of 2.5. 

t 

3. PROPOSED METHOD 

t 

The proposed method is composed of six steps, as shown in 
Figure 1. 

I I I  

1 - J  
Figure 1. Proposed method for the automatic determination of 

bit resolutions 

Test bench generation 

Test benches representing the conditions of operation 
must be generated. They must stimulate all operands Oi, 
i=O, I,.... ( N - I ) ,  and significant data paths. The method 
considers N user-specified operands and produces quasi- 
optimal bit resolutions for each of them. Each test bench 
is thus a file containing inputs to stimulate the algorithm 
the user wishes to analyze. 

Floating-point simulation 

A floating-point simulation of the DSP algorithm is 
performed. The minimum, O p ,  maximum. O y  , 

and the sign value. Si, where Si=O if the operand is always 
positive or S,=l otherwise, are extracted for each 
operand Oi, i=O. I,..., ( N - I ) .  Also, results produced by 
the floating-point simulation for each test bench 
generated in Step 1 are stored in a file. These simulations 
are considered as the reference model. 

Determination of the operand format for the fixed-point 
simulation tool 

In Step 3, IWLi, WLi and the operand type are determined 
from the Oimln , Olmax and Si extracted in Step 2 .  IWL, i,s 

defined to be IWI,=log2(max(abs(~]abs(O,"))) . The 

sign attribute @ is defined to be q = ' u '  if S id ,  

and @ ='t' otherwise. By default, the overflow mode and 

the quantization mode are respectively q2='o '  and 

='t' to reflect the simplest way to implement an 
operand in hardware. Finally, WL,=IWL,+S,+FWL, , where 
FWLi stands for the Fraction Word Length of operand i, 
is initialized by the minimization algorithm. For example, 
the minimization algorithm can initialize every FWLi to 0 
bit. Alternatively, it can set FWLi=32-IWLi-S, bits. 

Fixed-point simulation 

In this step, a fixed-point simulation for each test bench 
is performed. Results are stored in a file. 

Errors computation 

Results of the floating-point simulation stored in Step 2 
and fixed-point simulation stored in Step 4 are used to 
compute various errors (max peak error, mean error, 
mean square error). This step computes the dissimilarities 
between the simulations for each test bench generated in 
Step 1. The mean and mean square errors are used for 
selecting the next operand whose precision should be 
modified. The max peak error is used to compare the 
solution to the application specification. The three 
criteria used to quantify the error are useful but other 
critera could equally be used to guide the search of a 
quasi-optimal solution. 

Minimization algorithm 

A minimization algorithm tries to find the global system 
solution (word length combination) that meets the 
specifications of the application while keeping hardware 
cost as low as possible. 

In this work, four minimization algorithms are examined. 

a)  An e.Y/?ausfive procedure tries all the word length 
combinations, and keeps the one that meets tht: 
specifications, while minimizing the hardware cost 
defined as follows: 

where WLi is the word length of the i th operand and x, is 
the corresponding hardware cost per bit defined in the 

range [O, I]. Each 3: is fixed by the user. Other definitions 
of the hardware cost may be more appropriate and will bt: 
explored in the future. An exhaustive procedure is rapidly 
prohibitive for real life problems, but it is useful on small 
size problem, as well as to obtain the true optimum for a 
given problem formulation. Knowing the true optimum 
allows to assess the quality of solutions produced by 
faster heuristic methods. 
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A mill i I bit procedure which proceeds in three 
execution phases. The first phase finds, for each operand 
0,, i=O, I ,..., ( N - I ) ,  the minimum bit resolution that 
satisfies the specifications when all other operands 0,, 
j=O, I ,  ..., (N-I ) ,  ja', have an arbitrarily long word length 
(or floating-point format). The second phase sets the 
resolution of each operand to the value found in the first 
phase. The third phase is an iterative competition 
between the operands to gain one bit. A bit is temporarily 
assigned to each operand, and the one for which the error 
is minimized wins the right to keep the bit. This repeated 
until the error specifications are met. 

A mar - I bit procedure starts with the maximum bit 
resolution allowed by the fixed-point simulation tool for 
all operands, which is 32 bits in our case. Then the 
operands compete to loose their bits as follows. One bit 
is temporarily removed from each operand 0,. i=O, I,.... 
( N - I ) ,  while all other operands 0,. j=O, 1 ,.... ( N - I ) ,  j d ,  
remain unchanged. The operand 0, for which the error is 
minimized wins the right to loose a bit. The process is 
repeated for another bit, as long as the error 
specifications are not met. 

An ridrrtiiv procedure starts with all operands having 
floating-point precision. The bit resolution of a first 
operand, say 0,, is set to 0 and gradually increased until 
the system meets the specifications of the application. 
The value of WL, is then fixed, while a second operand is 
analyzed in the same way. The user determines the order 
in which the operands are processed. This step is repeated 
until all UT, are fixed. 

4. BENCHMARKS 

proposed method was applied on two well-known DSP . .  .. 
benchmarks: the fifth order elliptic filter and the lnverse 
Discrete Cosine Transform (IDCT). These ? benchmarks were 
already implemented in the simulation system of W. Sung & al. 
These authors also provided optimum bit resolutions found by 
a manual procedure. The provided solution demonstrates the 
potential to reduce implementation cost while satisfying the 
error specifications. 

4.1 IDCT 

The Discrete Cosine Transform (DCT) is an effective transform 
coding technique for still images and video compression. It is 
used in the JPEG and MPEG standards. An Inverse Discrete 
Cosine Transform (IDCT) is used to convert transform-domain 
data back into the spatial domain. 

A multiplier-adder based architecture that supports 
computation of the IDCT is illustrated in Figure 2 [ I  1 .I 2.131. 
Its optimum word length combination for 5 operands (Adder], 
Coeffl. ID-out, Adder? and CoefE) was found by W. Sung & 
al. Pseudo random inputs. error computation method, and other 
specifications are defined by the IEEE standards specifications 
in [14]. 

Row-wise ID IDCT Unit - 

Figure 2. Multiplier-Adder based architecture for the 2D IDCT 
algorithm 

4.2 Fifth order elliptic filter 

The second benchmark is the 51'~ order elliptic filter. This low 
pass filter uses coefficients defined in [ 151 and white noise in 
the range [-2Ii,2l5] for input signals. The signal to noise ratio 
of the output signal is set to 40 dB for evaluating dissimilarities 
between obtained and desired frequency responses. The 
elliptic filter is shown in Figure 3. 

Figure 3. Elliptic filter 

5. RESULTS 
The results obtained by W. Sung & al. for the elliptic filter and 
the IDCT [11][13]. as well as those obtained with our 
optimization procedures are reported in Table 1 ..together with 
the bit resolutions from existing implemented realizations 
[ 15][ 161. These results show that the proposed optimization 
procedures either reach the optimum solution or come very 
close. 

As shown in Figure 3. several adders and multipliers are 
needed in the elliptic filter architecture. The 10-1 1 and 10-12 in 
Table I .  mean that to meet the error specification some adders 
end up with I O  bits. while others have 1 1  and I ? .  

Table 2 presents a comparison of the different optimization 
algorithms based on the number of iterations to reach a 
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solution. Also, the table includes the resulting hardware cost 
when all are set to 1. 

Table 1. Bit resolutions for the IDCT and elliptic filter 

IDCT 

Number of Implenientation 
iterations cost 
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Exhaustive 

Min + I bit 

Max- I bit 

I I I I I I  I I 

~~ 

860 1600 79 3?36 N.A. 

40 79 1964 286 

440 80 29306 303 

Realization1 14 1 28 I 16 I 14 I 33 I 20 I 20 I 

Evolutive 

I 

30 79 

30 80 
N.A. 1 N.A. 1 

Min+ 1 bit1 12 I19 115 1 13 I20 1 10-11 I I 1  I 
I 

Max- 1 bit/ 13 I 19 I 15 I 11 122 I 10-12 I I I  
I I I I I I  I 

The e.~-hnus~iiw algorithm finds the optimal solution for the 
IDCT. but its use is prohibitive on the elliptic filter. 

The evolrrtiw algorithm is the one that requires the smallest 
number of iterations. However, the optimum solution is not 
always reached because it is the user that decides in which 
order the operands are processed, and this greatly influences 
the results. In some instances, the procedure does not converge 
to a solution. 

The rnar - I bit algorithm always finds a solution. albeit not 
always the optimal one. However. the number of iterations i t  
uses is high compared to the others algorithms. 

The rniri + I bit algorithm appears to be good at rapidly 
reaching a quasi-optimum bit resolution combination. 

6. CONCLUSION 

A method for the automatic determination of optimum word 
length in fixed-point implementations of DSP algorithms has 
been proposed. This method has been applied on 2 well-known 
benchmarks. the fifth order elliptic filter and the IDCT. Based 
on a comparison of four minimization algorithms from the 
standpoints of the number of iterations and implementation 
cost. fast searches appear promising for rapidly finding quasi- 
optimum word length combinations. 
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