
 
 

 
 

1 

 Emperor Journal of Education 

 

Emperor Journal of Education 

                     www.eje.mayas.info 

                   © Mayas Publication 

Volume - I                                          Issue – 4                               April - 2022 

 

Direct Digital Synthesis: Technology and Applications  

Vinod Kumar 
Department of Physics,  

Bharath Institute of Science and Technology, 

Selaiyur, Chennai, Tamil Nadu 600 073 

 
 
ABSTRACT  

With advancement in technology, automation is paving the way for many manual 
methods in industry and daily life. Voice control and synthesis is a important part of 
automation. A Direct Digital Synthesis (DDS) is a technology for digital  generation of human 
like speech.  DDS can create any  arbitrary waveforms using a single frequency clock source.  
The amplitude value of the waveform is stored in the memory. With DDS signals can be 
generated directly from the values stored in the memory. Different frequencies can be produced 
by using the sine, cosine look-up tables i.e. by varying the phase values. Machine voice is a 
fascinating field for application of DDS. IVRS (Interactive Voice Response System) is used in 
many fields of life. Currently the voice is generated by using analog means. The voice of a 
person is recorded for all possible phrases and replayed by computer control. The voice can be 
generated by digital means also especially customer care, announcements at public places, etc. 
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I. INTRODUCTION 
 

Direct Digital Synthesizer(DDS)  is basically a  frequency synthesizer which can 
generate waveforms of any frequencies, amplitudes and phases and can be controlled  digitally 
or using a computer. Frequency synthesizers are a critical part of modern communications 
systems.  A frequency synthesizer  generates a many frequencies using a  single clock frequency. 

 
Direct Digital Synthesis (DDS) can generate  a time varying, repeating or  single pulse 

of a waveform of a required shape, amplitude and phase.   A basic DDS is made up of three 
parts. The part which synchronises all the functionality is a frequency reference. A oscillator 
which is  digitally controlled  called a numerically controlled oscillator (NCO).  A  digital to 
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analog converter can finally convert the digital signal in to the required analog signal.  This 
analog signal contains the speech signal. 
 
The NCO is a digital waveform generator which can create a synchronized sinusoidal 
waveform[1].  

 
A highly accurate and temperature stable reference oscillator is used to provides a stable 

time base for the system.  The stability and accuracy of this oscillator  determines the accuracy 
of the DDS.  The NCO  is controlled by this clock signal to produce a digital version of the  
desired output waveform with control from the digital value contained in the control register.  
 

The Digital to Analog Converter (DAC) converts the digital data it receives in to 
corresponding analog signals. The suitability of a DAC for a particular application is determined 
by three main parameters : 
1. Resolution 
2. Maximum sampling frequency (The rate of conversion of digital value to analog signal) 
3. Accuracy 

 
 

 

Fig1.1: Internal diagram of a DDS.  
 

The digital signal generated can take any shape out of  sine, triangle, ramp or even  
arbitrary waveform. We can use a very high constant sampling frequency to generate all sorts of 
waveforms. The choice of a  DDS to generate or synthesize signals is due to following. 

i. The resolution of the signal can be user controlled. 
ii. Even  phase and resolution of the signal can be accurately controlled. 
iii. The control of the  of the waveform signal can be done using by even a eight bit 
microcontroller. 
iv. Any shape of waveform ramp, saw tooth, and even Gaussian white noise can be 
generated by using the correct digital value in the   control register 
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With the help of Direct Digital Synthesizers we can generate frequency greater than 400 MHz 
with 1 GHz clock frequency. Here we have very fine control over the frequency and the phase 
of the output signal. The DDS chips or the DDS ICS do have the control over the frequency 
and phase parameters. This replaces the whole discrete circuit. 

Traditionally to generate  high-frequency waveform a phase-locked-loop (PLL) is used. 
For low-frequency waveform a  slow speed digital-to-analog-converter (DAC) is used. 

But with DDS even the frequency generation requirements in both communication and 
industrial applications can be achieved. For DDS we have various types of single chip ICs which 
can be programmed to generate the analog output signal with high resolution. 

But there are some disadvantages of DDS too, like : 

 Occurrence of spurs (additional spikes) due to truncation effects in the Numerically 
Controlled Oscillator (NCO). 

 The non linearity of DAC and the quantization effect results in disturbed outputs. 

 A lookup table stored in the RAM of the device  may give rise to jitter when the 
frequency of the clock and the outpur DAC does not match. 

So, one have to minimize the possibilities of these errors to occur so as to get the better 
resolution of the signal.  

Programmable DDS ICS 
The continuous increase in the technology of Direct Digital Synthesis has made the 

frequency synthesis cheaper, agile and less power consuming. 
Some of the DDS based programmable waveform generators are: 

 AD9830 

 AD9831 

 AD9832 

 AD9833 

 AD9850 

 AD9956 

 AD9912 

 Etc 

All these DDS devices have different parameters and are used in a variety of signal 
processing, GSPS and communication systems. 

Through these DDS devices one can generate not only sinusoidal waveforms but also 
triangular and square waveforms. Also it is possible to generate arbitrary waveforms by 
programming these DDS devices.  

 

The figure below shows the sinusoidal and square waveforms generated by AD9850.  
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Fig1.2: Digital signals generated by a DDS.  

The amplitude values are first stored in the memory and then it controls the  the 
generated waveform. The phase of the signal can be changed according to the users need. 
Because of this advantage we can have a variety of signals through digital means with less 
fluctuation in the frequency of the signal. The frequency generated is completely under the 
user’s control.  

The decrease of  digital noise in the output signal makes the Direct Digital Synthesis more useful 
than even DSP for these applications. 

 

IVRS (Interactive Voice Response System) 
 
IVR is a technology which use a computer or intelligent system to interact with a 

human  using recorded speech and DTMF (Dual-tone multi-frequency signaling) tones input. 
IVR systems can resolve customer queries using prerecorded human voice in response to 
DTMF generated by a phone keypad. The purpose of an IVR is to interact with the customer 
and resolve the queries without any human intervention. 

 
Interactive voice response system can be used in call center operation to answer simple 

questions related to account balances or pre-recorded information without need of any human 
operator. So, Direct Digital Synthesis has its importance in the IVRS technology. The 
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information to be stored in the Interactive Voice Response system can be stored digitally using 
DDS technique. 

 
Here is a typical diagram decrypting IVRS technique. 
 
 

 
Fig1.3: Applications of IVRS.  

 
 

HISTORY:  
Interactive Voice Response (IVR) technology  was developed during the 1970s  to 

replace human operators from mundane task in call centers[5].  It was was considered a  complex 
and expensive technology to be used  for automating tasks. In reality early IVR systems were 
made up of complex and expensive Digital Signal Processors (DSP) In the early 1980s,  the DSP 
based system was replaced by Leon Ferber's Perception Technology which used digitally 
recorded speech on digital hard drives. At this time hard drive technology had become very 
lucrative compared to the DSP based IVR system. This had happened due the the faster 
read/write and  random-access speeds of the stored digitized voice data  stored on the  Hard 
Drive.  Even today majority of IVR systems use some variant of this system which used to read 
the stored digital data on a hard disk to play the  recorder speech or message according to the 
users DTMF response. Presently IVR systems have become pivotal to most customer  support 
call systems 
 
APPLICATIONS:  

IVR systems service  a large amount of calls at  considerably lower cost compared to 
human workers. This system allows very easy resolutions to customer queries. If the customer is 
not satisfied then the call can be transferred to a call center employee.  This approach can allow 
a single call center employee to handle about hundreds of customers per day.  
 
A good IVR system can handle calls for thousands of customers ,  with dedicated phone lines 
and prerecorded speech.  
Used in: Banking, Medical, Surveying, etc. 

 

 Auto Receptionist: IVRS  can be used to attend customer calls 24X7. It  can divert the 
call to particular special departments or to the desired person. It can also record 
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customer’s response , queries and complaints, which can be forwarded later to the 
desired person or department for resolution.  

 Customer Care Automation: IVRS can provide 24x7 customer support, at 
comparatively lower costs. It also breaks down the language barrier by providing  
multiple language at the touch of a button, thus providing true 24X7 globally. 

 Reservations:  it can be used in  booking  tickets at movie theaters, seats at hotels and 
restauents,  seats in airlines. With the advent of speech synthesis,  IVRS gives a 
convenient and cost-effective  way to book tickets or spaces  at user’s convenience.  

 Status Information: these application can be used for informing customer  of the  
current status, of their application, train ticket,  flight status, project status and many 
more. 

 Reminder System: these  systems are being used as reminder service for meeting and 
important deadlines in corporate systems.  This application can be  integrating it with 
the digital calendar to give early reminders for meeting or special occasions .  A  very 
important area for this type of application is reminders to pay bills, greetings and 
appointments. Automated  announcement systems are another application of such 
systems. These systems can be configured not only for time but also for ethnicity of the 
place these are deployed at.  

Now lets discuss  the theory of Operation and its implementation, sine look up table and the 
computer program used for the generation of the waveform.  

II. METHODOLOGY 

Theory of Operation and Implementation 
 
A DDS system is composed of the following important building blocks [6][7][8] :  

 

 The accumulator: a  digital signal generator which can output a phase value from a 
lookup table and is controlled by a input clock signal.. 

 The output stage:  A digital to analog converter  which gives the desired DDS signal. 

The DDS  system depends upon high speed digital arithmetic.  

Let the size of the accumulator be Nb. If the repeatation rate of  signal is 2π rad, then the 
maximum phase is given by 2N.  

Let us denote the phase increment related to the desired output Fo frequency by  ∆ ACC.  The 
integer number with N−1b denotes this number . 

To =   
1

F o
 = 

2
N

TS

∆ACC
   --------------------------------------- (1) 

Fo= Fo(∆ACC)=
FS

2
N
∆ACC   ------------------------- (2)  



 

 

 

Vinod Kumar 
 

  s 7 

 Emperor Journal of Education 

 

 

basic equation for any DDS system  ∆ ACC rounded off to nearest integer is, 

∆ ACC =  Fo

2
N

FS

+0.5
 --------------------------------------- (3)   

The smallest increment in the frequency of the output signal that the DDS can achieve is 
given by, 

∆Fomin
= Fo(∆¿¿ACC+1)¿ - Fo(∆ACC)  =  

FS

2
N (∆ACC+1− ∆ACC)   

                   =
FS

2
N   ------------------------------------------------ (4)  

From equation (4) we can choose the desired no. of bits. Here N = frequency tuning word 
length. 

If the Fomax is the maximum frequency a DDS can generate, therefore we have, from uniform 
or Nyquist–Shannon - sampling theorem 

Fomax = 
FS

2   ------------------------------------------------- (6)  

In the field of digital signal processing, the sampling theorem is a determines the rate of 
sampling a analog value to be faithfully reproduced as digital value or vice versa.  

Practically, Fomax =  
FS

4  , this means that a lower value of Fomax,  makes it easier to 

reconstruct the  analog signal using a low-pass filter. 

 

 

 

 

 

Fig1.3:  Fundamental DDS proces 
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Generating sine wave with a DDS device : 
 

Let’s first consider the internal circuit or structure of a DDS device[6]  which is shown 
below.  As already discussed in ntroduction, the main components are phase accumulator, a 
lookup table (here sine lookup table) and the corresponding binary number file which is to be 
programmed into the frequency register. 

 
The phase accumulator is usually a a fixed length digital counter, incrementing with   

each clock pulse[6].   The input to the phase accumulator is the particular binary number file 
stored in the frequency register. So as to generate the sine wave, the amplitudes or the phase 
values are stored in the frequency generator which is then fed to the phase accumulator.  
 

The phase generator (accumulator) uses the look up table values to compute the phase 
angle.  The digital value of amplitude of the sine  at the given phase angle is given to the DAC 
input [6].  The DAC then converts the corresponding digital values to the analog ones like into 
analog voltage or current. 

 
 
 

 
 
 
 
 
 
 
 
 
 
 

Fig1.4: Signal pathways inside  a DDS.  
 

Now to generate the sine wave we have to add a constant value to the phase generator 
(accumulator) clocked with the input clock. This addition of a constant value is called phase 
increment.  

If this phase increment is large then we get a high frequency sine wave. This is because 
with the large phase increment the phase accumulator will take large step. 
Similarly, if the phase increment is small then we get a slower waveform as the accumulator will 
take small steps. 
 
Sine Lookup Table : 

 
A lookup table, also known as LUT, is an array used in computer programming that 

holds values which would otherwise need to be calculated.   
 

The table may be manually populated when the program is written, or the program may 
populate the table with values as it calculates them. The sine lookup table contains the amplitude 
or phase values of the sine function. To generate the sine lookup table we need the amplitude 

https://www.computerhope.com/jargon/a/array.htm
https://www.computerhope.com/jargon/p/progming.htm
https://www.computerhope.com/jargon/v/value.htm
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values that are to be stored in the RAM. These amplitude values are then used to create the sine 
waveform.  A typical sine lookup table is shown below. The table is generated in the MS Excel 
sheet. The waveform generated from the lookup table is also shown below. 

With reference to the Excel sheet or the sine lookup table, in the first column the values 
corresponding to x-axis are mentioned.   Column second gives the amplitude values using the 
formula sin (2πx/n), where x are the values given in the first column and n is the total no. of 
values. (Here n = 16).  Since the DAC in the DDS module cannot take negative values, 
therefore the third column contains the positive amplitude values by adding 2 to the values in 
the second column. Fourth column have the amplitude values with step size 0.02.  

Table 1: A Typical Sine Lookup Table 

 

Now we know that the DAC will not accept the decimal or fractional values. Therefore, 
in the fifth column the integer values are rounded off to zero decimal point. In the last column 
the rounded off values are converted to hexadecimal. These are values are then served to DAC 
as the amplitude of the sine wave. The sine waveform generated through this lookup table is 
shown below. 

DDS SYSTEM USING A MICROCONTROLLER (USING ARDUINO) 

A detailed circuit of a DDS system is shown below. It contains the following modules.   

AD9850 DDS Module : 
 

The AD9850 chip is manufactured by analog devices. The DDS Module which 
incorporates some essential circuitry along with the chip readily available with many vendors. 
Analog devices also has a design reference file for application of this integrated circuit.    
 

The required frequency can be set by clocking data to the DATA pin. The module is 
connected to a arduino for digitally controlling the frequency, phase and amplitude.  
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The  ATmega328  on the arduino board is  connected to the RESET, DATA, FQ_UD 

and W_CLK of the AD9850 Module. The outputs of the sine waveform are available from the 
pins 10 and 7 of AD9850 Module.  A rotary encoder may be connected to interrupt pins of the 
Arduino to control the frequency.  The frequency can be RESET by pushing the rotary 
encoder’s button. 
 
Another rotary encoder is used to set the steps and is connected to the pins A2 and A3 of the 
ATmega328.  Any frequency from 1Hz to 500KHz can be controlled using the rotary encoder 
in  various steps.  A small 64X132 pixel TFT display is to be connected to the I2C pins of the 
Arduino 

 
. Fig1.5:  A DDS generator using AD9850 module.  

Fig1.5:  A DDS generator using AD9850 module.  

 

CURRENT RESEARCH AND THE FUTURE ASPECTS OF DIRECT DIGITAL 
SYNTHESIS 

Usually DDS can be augmented by modulators which can modulate a given white-noise signals 
into the required speech of complex signal required by he system   

Variable Interpolator : 
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A variable interpolator can modulate a given digital vlaue signal to produce the desired 
analog signal.  An interpolator is a digital or computational  tool that can be given the time series 
as input and it can process the mathematical equation and give the time varying signal required.  
If we use sampling rates which are not integral multiples of the clock signal it can be used as a 
variable interpolator.  This can enable to generate variable frequency, and modulated signal 
according to requirement.  
 
Implementation of interpolation filters using IIR filters : 

One more interesting field of research in DDS technology is the use of  interpolation 
filters using infinite impulse response filters. A digital filter which can produce a number of 
signals from a given signal frequency signal  is called  infinite impulse response (IIR) filter . 
These IIR filters are characterized by high stop band attenuation and a narrow transmission 
band.  Usually the phase response of IIR filters is not very linear which may cause distortions 
due to parasitic oscillations.  But recently a new class of IIR filters have been developed which 
have phase response approximate to linear equations.  
 

III. CONCLUSION AND RESULTS 

From the above discussion it is concluded that Direct Digital Synthesis has replaced the 
function generators and is far better than the analog synthesizers.  

With the addition of various functions to the function generators have increased their 
cost and have complicated their design.  

Therefore with the help of DDS we can have high frequency resolution. Therefore all 
the functions handled by the function generators can now be handled in a clean way by the 
DDS. 

Also, with the technology advancement in the field of ROM and DACS, Direct Digital 
Synthesis is achieving a great acceptance and is a viable technology for function generator 
applications. 
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