
 

 

  
Abstract—The novel digital-to-analog conversion technique 

studied in this paper, is founded on the digital duty-cycle modulation 
principle.  It consists of a simple digital duty-cycle modulation 
program loaded in the flash memory of a microcontroller  and  an 
external analog low pass filter. Both pulse width and modulation 
period, simultaneously evolve according to the variation of the 
modulating input. Then, under the proposed modulation technique,  
high frequency harmonics with rank greater than a number  Nh, are 
significantly eliminated from the spectrum of the resulting modulated  
wave.  As a merit, the digital modulated wave to be filtered  is  
computed directly and very fast from its discrete Fourier series 
model. Thus, the related digital modulation and generation routines 
do not require an intermediary n-bit processing hardware logic. The 
predicted  and  experimental  results obtained when testing a 
prototyping  digital-to-analog conversion workbench driven by  a 
PIC30F6014A microcontroller, are presented and compared. These 
results show the feasibility and high quality of  digital-to-analog 
conversion  via digital duty-cycle  modulation. 
 
Keywords—Digital-to-analog conversion, digital duty-cycle 
modulation, fast Fourier series,  analog filter,   DsPIC30F6014A 
development kit. 

I. INTRODUCTION 
HE digital-to-analog (D/A) conversion is an 
instrumentation function,  allowing  the  transformation of 

a digital data flow  into an analog signal  using a mix of 
software and hardware processing  resources.  Although the 
first generations of D/A converters were  implemented in  
single function chips, most modern D/A  processes are 
embedded in microcontrollers ([1]-[4]). However, 
independently of the implementation  technology, a variety of 
D/A conversion techniques  have been invented over years, 
each of which being more suitable for a few  application areas.           
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These  techniques differ greatly depending on a number of 
characteristics  including  the signal-to-noise  ratio, the 
resolution,  the input bandwidth,  the output  range,  and  the 
building cost.   
     Architecturally speaking, the DAC (D/A conversion)  
devices  found in the market today,  fall into two main classes 
known as direct and indirect DAC as presented in Fig. 1.  
More details  about DAC  architectures could be found in [5]-
[6].  

 
 

 
Fig. 1:  DAC architecture types. 
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In direct DAC, the bits of the  input code are  processed  
simultaneously  (case of parallel DAC  in figure 1(a)),  or 
sequentially (case of sequential  DAC in figure 1(b)),  using a 
controlled switching logic  under a reference signal Ur. As an 
implication,  the analog output results from  mixing  the 
multilevel internal signals produced.   Although parallel DAC  
run fast, the related n-bit code to be converted simultaneously 
might lack synchronization and become unreliable under  high 
frequency inputs.  Conversely,  the merit of sequential DAC  
relies on the serial processing of  information for the sake of  
better reliability  at the expend of  a lower  bandwidth.   

In indirect DAC,  the n-bit input code is transformed into 
an intermediary quantity, before being  translated into an 
analog output. The  class of  indirect DAC consists of serial 
and modulation DAC. In  the case of serial DAC  (see  figure 
1(c)), the intermediary quantity is a custom serial code, in 
which case the original n-bit code should be translated into a 
target serial code by an external  host processor, before been 
processed  via  a serial-to-DAC transform with  an n-bit 
internal processing  logic  [7].  In the case of modulation  DAC 
(see  figure 1(d)), the value of the n-bit input is encapsulated in 
a modulated signal, then a terminal  analog filter is  used  to  
extract  the original modulating  signal.  Unlike  serial DAC,  
modulation DAC are widely used and implemented  from  
PWM (pulse width modulation) technique,  in modern PICs 
(programmable integrated circuits) and even in CPLD  
(Complex programmable logic devices).  The typical examples  
of such devices  are  PIC12F683, PIC17C42, PIC16C620, 
PIC18F87J60 and CPLD-Max II and TMS320F280x.  In 
addition, the great challenge brought by  a  pioneering work  
[8], has been the extension of  the standard single output 
DPWM-based technique   to  multiple output signals,   using a 
PIC18F8720 programmable integrated circuit connected to a 
host PC computer via a RS232 communication  link. 

PWM-based  DAC  are characterized on by a an internal 
n-bit  input code, which is  processed  usually using   a micro-
hardware, consisting of  logic gates,  flip-flops, n-bit registers, 
m-bit up/down  counters and more.  Thus, although   PWM-
based  DAC  have been commonly used as a tradition in  
instrumentation engineering,  they still have  a number of 
weaknesses  including :  a)  the n-bit internal processing 
architecture per single channel,  b) the complexity of the 
processing hardware logic, and  c) the  greedy  frequency 
spectrum  of the modulated wave to be filtered, due to a fixed 
modulation frequency for all  modulation values.  Thus, a well 
tested  novel indirect DAC structure, founded on  duty-cycle 
modulation (DCM),   is  studied in depth in this paper. The 
DDCM (digital DCM) principle  is a discrete version of  an 
analog  instrumentation  technique  initiated  in [9], and could 
be taught off  as  the reversible process of  the class of  DCM-
based ADC (analog-to-digital conversion) systems recently  
initiated  in [10]-[12].   In  Section  II, the principle of DDM-
based DAC  is  presented, whereas its  numerical analysis is  
conducted in  Section III, in order to present the predicted 
results and  related performance.  Finally, section IV is 
devoted to both experimental studies and  results obtained 
when  implementing  the first realization of the novel DDCM-
based DAC using  a DsPIC30F6014A  development kit.    

II. PRINCIPLE OF DDCM-BASED  DAC 
      The proposed  DDCM-based  DAC  scheme  is presented 
in Fig. 2. The whole conversion process with digital 
modulating input x is presented in Fig. 2(a). Viewed at discrete 
time k,  the first stage consists of  a DDCM routine with output 
xM(k) as shown in Fig. 2(b). Then, the resulting  DDCM wave 
xM(k),  is transformed  into a sequence of 1-bit codes  bm(k) as 
indicated in  Fig. 2(c). Furthermore,  bm(k) is written to the 1-
bit output register of a microcontroller, and the resulting  
analog switching wave bm(t) shown in  Fig. 2(d), is processed 
by an external low pas filter in order to reconstruct the analog 
version  xa of  the digital  modulating input. 
 

 
Fig.  2 :  The  DDCM-based  D/A conversion  scheme. 

 
      Thus, the DDCM wave  xM(k), is characterized on by  the  
duty-cycle function,                                                           
        ),(/),(),( kxTkxTkxR monm =                       (1) 
and its  discrete Fourier series is given by : 
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where Ton(.)  and  Tof (.)  stand for the ON/OFF  time for  which  
xM(.)   is  E  or –E,  Tm(.) = Ton(.) + Tof(.) being the modulation 
period, with related frequency   fm(.) = 1/Tm(.).  It is important 
to mention that the relation (2) related to DCM is valid also for  
a standard PWM.  However, the difference between the two is 
dictated by their respective  duty-cycle structure (1). Following  
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our prior  works  on single  and multichannel ADC (analog-to-
digital conversion) via duty-cycle modulation [10]-[12],   the 
duty-cycle   Rm(.) and  the related modulating frequency  fm(.)  
= 1/Tm(.) in (2) are given under an admissible modulating 
range by: 
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In (3) and (4),  α1 = 1-α2 is a design parameter,  whereas E 
stands for the amplitude of the modulation wave, τ  being a 
given  time constant. In addition, it is easy to show from the 
derivative where of (4) that fm(x)  is convex over the  
modulating space with maximum  for  x = 0 volt (or Rm(x) = 
0.5 equivalently).  In order to understand  the   mayor  merit   
of the DCM technique,  it is necessary to compute and 
compare   the  normalized spectra  of both DCM and PWM 
waves computed from (2), given a fixed PWM frequency  
equal to  fm(0) in (4).   While  for DCM technique,  Rm(x) is 
computed from (3) given (4),  the equivalent quantity is equal 
to Pwm

mR = - xu osc ))2/(1( + 0.5  in the PWM case, where 
uosc stands for  the amplitude of the triangular oscillator from 
which the PWM wave  might be generated.  For the sake of 
numerical simulation  needs,  the parameters used are as 
follows :   τ = 33 μs,   a1 = 0.2495,  a2 = 0.7505,   E = 9  volts,  
and uosc = 6 volts.  The respective spectra obtained are 
presented in Fig.  3. The quality of the PWM spectrum  shown 
in Fig. 3(a),  is widely  better than that of the standard PWM 
observed on  Fig. 3(b).   The potential discovery behind this 
results is that,  the fact of using a constant   modulation 
frequency over the whole modulating space  as in a standard 
PWM, is a great weakness with negative effects on the spectral 
behavior of the modulated wave to be filtered.  Conversely, the 
Fourier series (2) given (3) and (4) could be thought  off  as a 
virtual FFS (Fast Fourier Series)  transform from Fig. 3(b) to 
Fig. 3(a). Thus, under DCM control, the first 10  harmonics of 
(2)  are sufficient for a direct and very rapid reconstruction of  
the discrete DCM wave to be filtered.  This potential discovery

 indicates that under  DCM, a real time processing  of (2) could 
be very fast while it might be intractable  from  standard PWM  
controls. 

III. NUMERICAL ANALYSIS OF DDCM-BASED DAC 
      The numerical simulation process  conducted in this 
Section using Matlab software, could be thought off  as a 
virtual demonstration  of  the  DDCM-based  DAC described 
in  figure 2.   The  parameters   used  for   the simulation of  
DDCM  are  E = 9  volts,  fm (0)  =  fpwm = 29 kHz   in   (3),   
a1 = 0.2495 = 1-a2,  τ = 33 μs, Nh =10 (10 first 10 harmonics), 
fe = 1/Tech = 500 kHz (sampling frequency),  fclock = 20 MHz 

    

Fig. 3:  Normalized spectrum  DCM and PWM  waves. 
 
(clock source), Np = 4 or 5 (number of modulating periods 
required for a each  simulation sequence),  xm = 4 volts  
(amplitude of the modulating wave to be processed), and  fBW 
= 200 Hz (modulating bandwidth). In addition, the  the low-
pass  filter  considered in this study for  analog  demodulation 
is characterized on by a transfer function : 

        
10000692.30002754.0

12764)( 2 ++
=
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sG        (5) 

a static gain  Kf = 1.2764,  and a cut off frequency fc = 1 kHz.   
The same set of data will be used further for  a real time 
implementation of a  prototyping DDCM-based  DAC using  a 
DsPIC30F6014A  development kit.  
       The digital simulation results obtained under a sampling 
frequency fe = 500 kHz, are presented in Fig. 4 for different 
types of  modulating signals :  100 Hz sine wave (Fig. 4(a)), 
200 Hz sine wave (Fig. 4(b)), 100 Hz triangle (Fig. 4(c)) and 
200 Hz triangular wave (Fig. 4(d)).  In each case,  the graph of 
the DDCM  wave xM(k) resulting from the FFS  (2)  given (3) 
and (4) is shown, followed by  the comparison of the graphs of 
the modulating signal x  and that of the overall response  xa 
available at the filter output. In all cases,  the overall analog 
output xa is a rigorous copy of the modulating  x. Hence, at 
this stage of the analysis,  the feasibility of the novel DDCM-
based DAC is proven, at least in the virtual word.  In addition,  
a few parameters  required for  the  performance   analysis are 
denoted  as follows :  fclock   (main   clock frequency),   fm(x)  
(DCM  frequency),   Am (amplitude of the DCM  signal)   and  
Arip  (amplitude  of  the  analog  output   ripple).  Given   these  
parameters,  the performance of the DDCM-based DAC  is 
dictated by the following uncertain quantities : )(xm∆ (DCM 

voltage uncertainty),  )(xrip∆   (ripple  voltage uncertainty) ,  

)(x∆ (overall  uncertainty)   and  N(x) (DAC resolution   in 
bits).   
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Fig. 4:  Numerical simulation results for  DDCM-based D/A conversion.

 
 
These quantities are defined  as  follows   [13]  :   
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     Table 1 presents a summary of the numerical  analysis 
results, obtained from computing  uncertain quantities  (6)-(9) 
for  Rm (x)  in  (3)  and  fm(x) in (4)  for  fclock = 20 Mhz,   Am  = 
E = 9 V,   x ϵ [-6.70   6.70]  with  fs = 100 Hz.  
 

 
         Table 1 :  Numerical analysis of the performance  of  
                         DDCM-based DAC. 

    
     The last colon of Table 1 indicates that the effective overall 
(input-output)  resolution of the DDCM-based D/A conversion 
technique,  is 8 bits for any admissible modulating input  x. 

fclock = 20 MHz,   Am  = 9 V  and   fs  =  100 Hz   for   x 
     x   
(Volt) 

  
Rm(x) 

 

fm (x) 
 (kHz)   dcm∆  

(10-3) 
rip∆  

(10-3) 

  m∆  

(10-3) 

Nm     
(bits) 

-6.70 0.2013 18.888 0.944 2.6 3.544 8.140 
-6.00 0.2343 21.153 1.100 2.3 3.400 8.200 
-5.00 0.2802 23.850 1.200 2.0 3.200 8.277 
-4.00 0.3248 25.997 1.300 1.9 3.200 8.288 
-2.0 0.4128 28.800 1.400 1.7 3.100 8.288 
0.0 0.5000 29.723 1.500 1.6 3.100 8.288 
2.0 0.5872 28.800 1.400 1.7 3.100 8.288 
4.0 0.6752 25.997 1.300 1.9 3.200 8.277 
5.0 0.7199 23.850 1.200 2.0 3.200 8.277 
6.0 0.7657 21.153 1.100 2.3 3.400 8.200 

6.70 0.7987 18.888 0.944 2.6 3.500 8.140 
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This information is important since an 8-bit resolution within 
the DCM amplitude range  [-E    E]  with E = 9 volts, appears 
to be suitable for most  low precision  applications in 
instrumentation engineering. 

The real time DDCM  program could be   implemented  
using  one  of  the algorithms shown in Fig. 5, where  C0(x) = 
(2 Rm(x) - 1) E  and  Cn(x) = (4 E/π) sin(n π Rm(x))/n.   In 
figure  5(a),  the DDCM signals is computed offline, before 
being  used sequentially in  real time mode. This  first mode 
requires  a  storage memory with higher  capacity.  In Fig. 
5(b),  as soon as  each sample of the DDCM is computed, it is  

 

                                 
Fig. 5 (a) :   Offline DDCM  algorithm.                       

                 .            

 
                      Fig. 5 (b) :   Offline DDCM  algorithm.          
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immediately applied to the 1-bit output register of the 
microcontroller; before being filtered.  The  second  mode  
might be  more suitable in a  digital feedback control loop. 
However,  it requires  a high  frequency clock source.   In this 
section,   the algorithm presented in Fig. 5(a) is used  for  real 
time implementation  of  DDCM routines.  The  source codes 
of DDCM  routines, are provided  in the Appendix for   
interested readers  in  C  programming  language. 

 
IV.    EXPERIMENTAL TEST OF DDCM-BASED DAC 

 
       The experimental workbench used built to test the realistic 
nature of  the proposed DDCM-based   DAC  is  presented in 
Fig. 6.  It consist of :  a PC with  the installed  Microchip 
MPLAB X IDE and XC16 compiler, a DsPIC30F6014A 
development  Kit (with a 20 MHz clock source) connected to a 
PC via an USB uploaded link, an external  analog filter  with 
transfer function (5), and a LW2042C digital storage 
oscilloscope with 40 MHz bandwidth  for the measurement 
and monitoring of the analog output  xa.   

 
Fig. 6:  Workbench for   DDCM-based DAC. 
 
Following the set of data used in previous numerical 

simulations,  the sampling  loop is driven by a 500 kHz Timer, 
while the FFS loop is limited to the first Nh = 10 harmonics in 
(2). It is important to recall  that the  tive filter used in figure 6 
might be replaced by a second order RC filter as it is usually 
the case for most low precision PWM-based  DAC [13].     

The predicted results shown previously in Section III (see 
Fig. 4), and the related experimental results obtained when 
processing  identical  digital modulating signals,  are compared  
in Figs. 7, 8 and 9. In each case, the graph of the predicted 

output  xa  is displayed at the bottom of the experimental 
response observed on the digital oscilloscope screen.  Both  
predicted and experimental  graphs have been set up to 
identical  scales  for that sake of  visual comparison clarity. 

 

 
                                (a)   100 Hz         (b) 200 Hz   
     Fig.  7:  Predicted and experimental results of the DDCM- 
                   based DAC of  sine signals. 

 
 Fig. 7 presents the results related to the DDCM-based 

DAC of 100 Hz (see Fig. 7(a)) and 200 Hz (see Fig. 7(b)) sine  
signals, whereas  the results obtained for 200 Hz (see Fig. 
7(b)) triangle  signals are presented in Fig. 8. Furthermore, 
even  100 Hz and  200 Hz  square signals involving  wider 
frequency spectra that those of a triangle wave, have been 
converted almost successfully as shown  in  Fig.  9. 
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                                (a)   100 Hz         (b) 200 Hz            
     Fig.  8:  Predicted and experimental results of the DDCM- 
                   based DAC of  triangle signals. 
 

 
 
                       (a)   100 Hz         (b) 200 Hz   
Fig.  9:  Predicted and experimental results of the DDCM- 
                   based DAC of  square  signals. 
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The predicted and experimental results obtained and presented 
in Figs. 7, 8 and  9,  show  the realistic nature as  well as  the 
high quality of the novel  DDCM-based DAC technique  
initiated in this paper. 
 

V.  CONCLUSION 
The  feasibility and quality  of the  novel  DDCM-based  

DAC technique presented  in this paper, have been  shown 
using a mix of analytical reasoning, numerical analysis  and 
experimentation. It would be interesting to find optimal 
parameters  related to  both  the embedded DDCM  code  and 
the analog filter. In addition,  the 1-bit nature of intermediary  
digital processing steps,  might facilitate its extension to the n-
channel D/A conversion via  a single digital word consisting of 
of n DDCM  bits.  It  would be also  a challenge  to  implement 
multichannel DDCM DAC,  from  parallel computing 
technology, in order to extend their use to wide bandwidth 
application areas.  These problems remains unsolved  and  
might  be  explored  in   future  research opportunities. 

APPENDIX   
C    routines   for   DDCM-based  DAC 

void  parameter (void)   // Constant parameters  
{   Fe = 500000.0;         //  Sampling frequency 
     Fs = 200.0;               //  Modulating frequency 
    Te = 1 / Fe;                //  Modulating  period 
     E = 9.0;                    //  Dcm  amplitude               
           a1 = 0.2495;      a2 = 0.7505;  // Dcm Constants 
         C1  =  (1 - a1) * E;     C2 = (1 + a1) * E;     
            G = pow(C2, 2);       H  =  pow(C1,2);   
} 
 
float  Xm(float u, unsigned long  m)  //  DDCM of 
{                                                      //  u  Vout, m  i 
    int  n;   floats P;   float A; 
   A = a2 * u;    A = pow(A, 2);  A = log((A - G) / (A - H)); 
  Rm  =  0.04352379875*u  +  0.5;   //  Linear  model.  
   P  =  10000 * 0.000000033 * A; 
                     s =  0; 
   for  (n = 1; n < 11;  n++)      // Nh = 1 
    {   1 
        s = s + (4 * E / (n * 3.14))   *  (Sin(3.14 * n * Rm)) * 
            (Cos(n * 2 * 3.14 * m * Te / P)); 
    } 
        s = s + 2 * E * Rm - E;      return( s ); 
 } 
 
void  Modula(float u,  unsigned  long  num) 
{      If (Xm (u, num)  >  0)  // Call   DDCM  
      {                     //  for  u  Vout,  num   i 
             bmTab[num]  =  1;   // offline  high state 
       } 
     else {bmTab[num] = 0;  } // offline  low state   
} 
 
void Sinus(void) //  e.g., case of Sine wave 
{      float Ampl, offset, Vout; 
       Ampl = 4.0; offset = 0.0;  
       Nech = Fe / Fs; // Number of sample  
  for(i = 0; i < Nech; i++) 
  { 
     Vout = offset + Ampl *   Sin(2 * 3.14 * Fs *   i * (1 / Fe));  //        

     Modula(Vout, i); // Call for DDCM  of each   Vout, i          
   } 
} 
 
void Generat(void) // DDCM generation   
  {  while(1) // Infinite outer loop 
      {   for(i = 0; i < Nech; i++) // DDCM loop 
           { 
                PORTB = bmTab[i]; // 1-bit output 
    _Delay_cycles(38); // Sampling interval 20MHz/38 = 500kHZ 
            } 
       } 
} 
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