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COMPUTER BASED MODELLING OF DDS WITH POLYNOMIAL
APPROXIMATION
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Abstract: The current paper presents an implementationredssbased direct digital synthesis for
underwater distance measurement with improved potyal coefficients and decreased number
of computation operations. A computer based masf@iesenting the real work of a digital signal
processor implementing the presented algorithm hiews. The results are analyzed and
compared. It is proven that the presented modsliigble for testing and implementing direct
digital synthesis algorithms.
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Ab6cmpaxm: Hactosmara cratus NpeacTaBs UMIUIEMEHTHPAHETO Ha JUPEKTEeH IUGPOB CUHTE3
0a3upaH Ha u3uucauTedeH pel. LleneBoTo mpuiiokeHne Ha JUPEKTHUAT LU(POB CHUHTE3 € B
aKycTU4YHa CHCTEeMa 3a M3MepBaHe Ha pas3cTosiHue. lIpeicraBeH e Mozaen Ha W3YHCIUTENHATa
IpoLeaypa Npy peaau3alusiTa i cbC CUrHaJIeH mnporecop. [loaydenure upe3 mojena pe3ynratu
ca aHanu3upaHu U cpaBHeHHU. [lokazaHo e ye Mojena € MoAXO/ I NPH UMILIEMEHTUPAHETO Ha
pasriiefjaHata cucteMa upe3 crenu(GUuH MUKPOKOHTPOJIEPU M CUTHAJIHU MPOLIECOPH.

Knrwouoeu oymu: nupexkter uudpoB cUHTE3, U3MEpPBAaHE Ha pa3cTosiHue, dpoBa 06paboTKa Ha
CUTHAJIA

Introduction

The Direct Digital Synthesis (DDS) is a technique fenerating a high quality sine wave
through a digitally defined frequency. The softwamglementation of DDS based on digital
signal processor has two main versions — using R@Me of the sine wave and series
approximation of the sine wave. The first one istremmmon and faster, but due to the restricted
ROM table size, the spurious free dynamic rangeD@Fof the spectrum of the synthesized
signal is also limited. The series based DDS howelieninates the restrictions of the ROM
table. A drawback is the bigger number of requineathematical operations, which results in
lower sampling frequency [1].

DDS is most commonly an integrated block of comptievices, i.e. underwater distance
measurement system [2,3]. Practically the impleatent of the complete system before
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studying the possibilities for optimization of thé&gorithms is not recommended. Therefore the
development of computer model and simulation ofgbssible results will reduce the cost and
time for implementation in the real device.

The current paper presents a generalized simaolatimdel of series based DDS with a 5th order
optimized polynomial.

Algorithm

Based on previous researches an optimized 5th palgnomial approximation is suggested in
[4, 5]. It may be represented by the following eoqua

sin@)=a-aa’+aa’ (1)

where @ i=3,5, are the coefficients of the sinus appration. The values of the coefficients are
determined by using optimization algorithms (stet@scent or genetic algorithms optimization).
The range of the argument ist]2, n/2] and thus the even-order components of the pohyal
are eliminated.

Based on the presented polynomial a simulation modesoftware DDS, representing the work
of a microcontroller or digital signal processorsigygested. The model includes the parameters
of the selected microprocessor and demonstrateslgioeithms implementation. In addition, the
model allows with minimum experimental data to udg the exact time of calculation and
extraction of each of the generated signal samplass the developed model can be easily
included in complex systems which will allow theedit evaluation of its parameters.

if(0=n/2) {b=-1};
if(o=-n/2) {b=1};

Fig. 1 Series based DDS with improved 5th order polynomial

Figure 1 represents a generalized block diagratheo$eries based DDS with improved 5th order
polynomial. The model is built from the followindogks:

1. Phase step forming — in this block, the phasp, et for the sine function, is defined. The
phase step is formed througin, where n defines the needed resolution of thegeed
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signal and it must be a number between 6 and 16 sfép may be with positive or negative
sign depending on the work of the phase accumulatssummation or subtraction

respectively. Thus in mode of summation the phteeisas positive sign for the interval [0,
n] and negative sign for the interval, [2r].

. Phase accumulation — the phase accumulator forenphase argument through which
the output signal based on the sine function igsh®gized. Depending of the sign of the
phase, it sums a number in the interval/?-n/2] and subtracts in the interval/, -/2].
For obtaining the needed output frequency, thegbtegp must be equal to:

p=—1t )

Thus the phase accumulator represents an integrétodimits [-n/2, n/2]. The limits are
defined by the block for sign alternation.

. Overflow check— here the program statemen¢imed using C programing language:
f(a=2)=1if(a="7) =1 @)

The statement is true when the phase argumbas reached/2 or /2, which changes the
value of local variable b to —1 or 1.

. Phase to signal converter - formed through tbekbl, 2 and 3 phase angles set to the
block for calculating the sine function trough pabynial approximation. Here the preferred
polynomial for calculating the output sine signalused (in the present case the function
(2)). The output of this block is the preferrednsibyl. These four blocks represent the ideal
implementation of the series based DDS algorithmarter to account for the effects of the
microcontroller parameters block 5, 6, 7 and Saalded.

. Sample and hold block — its purpose is to hb&ldutput value for the time corresponding
to the number of cycles a microprocessor needsdtmulating and leading out the output
sample of the signal. The delay time is formedlotk 6 of the presented model.

. Period set — this block sets the time for whtidck 5 will hold the last calculated value of
the signal y. The time is formed by the following equation:

m m
T:_1+_2 4
£ 4)

Where:

-y is the number of instructions needed for calcntabne sample
- f,is the frequency with which the microprocessoculdtes the samples
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-y is the number of instructions for leading out ¥iakue to the output port
- f,is the working frequency of the peripheral devieésr the common microcontrollers
f1 = f,, but for the digital signal processors ofter fo.

7. Block for equating the level of the output signéth the level of the digital to analogue
converter — the calculated value y2 is multiplieithwhe reference voltage of the digital to
analogue converter. Thus the output signal y3risiéal.

8. Block for quantizing the output signal - here tutput value is quantized the number of
samples is reduced to the number available fronuslee digital to analogue converter.

Implementations
1. MATLAB model

The presented model is implemented in Simulink, MAB as is shown in figure 2. The blocks

corresponding to the scheme in figure 1 are smetifis follows: phase step forming; phase
accumulator, which includes the phase accumulablogk and the overflow check; phase to
signal converter in which is also included and pleeiod set block; sample and hold; digital to
analogue converter (DAC).
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Fig. 2 Smulink model of digital signal processor for series based DDSwith optimized 5th order
polynomial

In the phase to signal converter the polynomiakaxmation of the sine function is defined. In
the current paper the equation (1) is implementigd the following coefficients a3=0.16585470;
ab5=0.00758128. These coefficients allow a generaifoa sine wave with SFDR of 91,4dB [5]
without considering the influence of the DAC.

2. Simulation results
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An example of the operation of the developed masieepresented below. Figure 3 shows the
phase accumulation. Together with Figure 4 theggmethe work of the DDS with the influence
of the signal processor or DAC. Figure 5 represémesprocessing of the generated signal by
including the working frequency of the microproagsswhich is 80MHz. The time for
instruction execution and leading out the valueth&output port is experimentally defined to be
1ps for microcontroller PIC32MX460F512L. The SFDRLhis case is 56dB and is presented in
figure 7a.
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Fig. 5 Sgnal processing with a working frequency of the microprocessor of 80MHz
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Figure 6 presents the work of the model when time tis lower than the needed for calculating
and leading out the output signal. In this casedifined time is 10 ps, experimentally defined
for the working frequency of 8MHz for PIC32MX460FA1L

The frequency spectrum of the output signal isudated and the dynamic range is defined to be
34,5dB (figure 7b).
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Fig. 7 Spectrum of the output signal using microprocessor with working frequency of a) 80MHz

and b) 8MHz respectively.

Running the simulation with DAC resolution of 12sdbgives a SFDR of the output signal 70dB.

Increasing of the DAC resolution from 6 to 16 Hit® quantization error in the output signal

decreases all together with the level of the spiegsa components with resides in higher SDFR.
However due to restrictions in the implementatiob always a high working frequency and high

DAC resolution can be used.

Conclusions

The current paper presents a dedicated computexd basdel for implementing series based
DDS algorithms. The model is tested on simulatiddesed on experimentally obtained
microcontroller data. The obtained results suggestthe model can be useful when testing and
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evaluating the parameters of different algoriththallows the analyzing of the signal processing
in the DDS implemented so a conclusion about the&kviar the chosen microcontroller could be
made.
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