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Abstract 

 The basic operation of Digital down Converter (DDC) in digital receiver was discussed 

in this design. Xilinx ISE 12 software was chosen to design each module of DDC. Then use the 

Modelsim 6.3 function simulation to verify the functionality correctness of the design. The 

output signal was simulated in Modelsim to analyze the results. A key requirement in most 

applications is the ability to generate and control waveforms at various accurate frequencies. 

Most common demands for such sources are industrial test setup boxes for providing frequency 

testing signals, communication equipment with low-noise requirements and medical testing 

devices. 

The DDC model in this project is based on orthogonal mixing. The first step of the DDC 

is to mix. Sampling data x (n) of ADC is mixed with a pair of output sequences of NCO 

respectively, and the two sequences have the same frequency and π /2 phase difference. So the 

digital mixer generates output signal with the sum and difference frequency components. 

Changing the frequency control words allows NCO output frequency to be modulated. The 

output signal from digital mixer section will be transmitted to the CIC filter, CIC Compensation 

Filters and the PFIR filter in turn.  

 

 

         

  

I.INTRODUCTION 

 The Direct Digital Synthesis (DDS) technique is getting wide popularity and requirement 

from the industrial community to achieve programmable analog outputs with accuracy and high 

resolution. The traditional Pulse-Width Modulation (PWM), which is commonly referred to as 

the poor man’s Digital-to-Analog Converter (DAC) was previously being used for this purpose 

instead of this. The PWM method has the disadvantage of generating arbitrary waveforms in 

low-frequency ranges, which can be overcome by using the proposed DDS technique. 
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This application focuses on the use of the Numerically Controlled Oscillator (NCO) module for 

designing a Sine Wave Generator. The NCO module uses the DDS technique for generating 

different waveforms with frequency variance, and is available on various PIC16F family and 

PIC10F320/322 family of MCUs (Micro Controller Units). 

 In the radar and communication system, receiver is the key component, and its 

performance characteristics will directly affect the whole system operation. Software defined 

radio (SDR) is a programmable radio whose functions are extensively defined in software, thus 

supporting multistandard or multiband radio communications. The software defined radio 

receiver consists of analogue front-end, A/D converter, DDC and digital signal processing 

processor or any digital systems like MCUs. Digital down Converter (DDC) is one of the key 

technology in the field of software define radio. It located in between the A/D converter and DSP 

processor. DDC consists of digital mixer, digital filtering part and decimation section. High bit-

rate digital signals can be transformed to low bit-rate digital signals with DDC technology, so it 

can be processed by DSP in real-time. As the FPGA device’s performance growing stronger and 

the costs reducing, it is practical and efficient to design synthesizable DDC based on FPGA. The 

DDC model in this project is designed based on orthogonal mixing.  

 The function of digital filtering section is to suppress both the image band signal due to 

frequency mixing and the noise residing in aliasing bands resulted from decimation and also to 

maximize the received signal-to-noise ratio (SNR). And the decimation is to reduce the sample 

rate further. 

 

II. BACKGROUND 

We use a digital frequency synthesizer in our system to generate the sampled sinusoidal 

wave of frequency FCW ± estimated carrier frequency offset. The major advantage of Digital 

Frequency Synthesizer is that its output frequency, phase and amplitude can be precisely and 

rapidly manipulated under the control of a DSP with the FCW input port. Other inherent DFS 

attributes also includes the ability to tune with extremely fine frequency and phase resolution and 

to rapidly “hop” between the frequencies. These combined characteristics have made this 

technology popular in radar and communications systems and also in military. Various 

techniques are available in the literature for quarter wave memory compression, such as Sine-

phase difference algorithm, Modified Sunderland Architecture, Taylor series expansion, 

Nicholas’ Architecture, CORDIC (Coordinate Rotation Digital Computer) Algorithm, etc. The 

implicit goal of these phase-to-sine conversion techniques is to reduce the maximum amplitude 

error for any phase angle, in effect mimicking the behavior of a LUT (Look Up Table). In 

pursuing this goal, all Architectures become complex in one way or the other. Also, the ROM 

size becomes fairly large as it grows exponentially with the width of the phase accumulator 

register, whereas a large phase accumulator width is desirable in order to achieve fine frequency 

tuning. Truncating the phase accumulator output, on the other hand, introduces spurious 

harmonics and unwanted components. 

Direct Digital Synthesis is a technique of generating an analog waveform, generally of sinusoidal 

wave shape from a time varying signal in its digital form. 

 The NCO module operates on the principle of DDS by repeatedly adding a fixed value to 

the phase accumulator. The accumulator is 20 bits in length and additions occur at the input 

clock rate, which can be up to a maximum of about 16 MHz’s. The accumulator register will 

overflow with a carry bit set periodically, and this will produce a transition in the output of the 

NCO module. 
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 The NCO module can be operated in two modes: fixed duty cycle PWM and frequency 

controlled Pulse mode. With such an arrangement, the response will be very linear across a wide 

range of frequencies, ranging from 0 kHz up to 500 kHz using a clock of 16 MHz. The frequency 

resolution that can be obtained is precise and is in steps of 15 Hz across this entire frequency 

range. The linear frequency control and the increased frequency resolution are the key 

distinguishing factors when compared to the traditional PWM-based frequency control. 

 This section describes the look-up table (LUT) method for sine wave generation. This is 

one of the most basic fundamental and popular methods of sine wave generation. In this method, 

the values used to approximate a sine wave stored in memory. 

 

There are three subsets in the look-up table method: 

•The first method involves the synthesis of sine waves with frequencies which are 

multiples of the fundamental frequency for which table elements are calculated. 

•The second method involves the synthesis of sine waves with frequencies which are 

fractional multiples of the fundamental frequency for which the table elements may 

calculated. In this method, the frequencies are not integer multiples of the fundamental 

table frequency, and have substantially high Total Harmonic Distortion (THD). 

•In the third method, the synthesis can be done for sine waves of non-integer multiples 

and also maintain a low THD by using the interpolation. 
 

 When the look-up table-based implementations are done, the entire energy of the 

generated sine waves will not only be at the fundamental frequency, but a small amount of 

energy will also be spread out at frequencies other than the fundamental frequency. These 

frequencies can be both harmonic and sub-harmonic frequency components. The presence of 

these frequencies will create a certain amount of distortion in the resultant waveform. 

 The harmonic distortions in the resulting waveform can be attributed to two factors: 

sampling errors and quantization. The sine table elements are stored in data memory and have 

definite word length such as 8 bits, 10 bits, 16 bits, and so on. Therefore, the values of these 

elements cannot be exactly represented and might result in quantization errors which are related 

to the word length. When dealing with frequencies which are non-integer multiples of the 

fundamental table frequency, the sample values between the two table entries must be estimated. 

These calculations would introduce sampling errors. Because these estimations inherently use the 

table values for calculation purpose. Due to this the resulting values will have quantization errors 

embedded in them, and the sampling errors will always be more than the quantization errors. 

 In order to reduce the quantization and sampling errors, a combination of the look-up 

table (LUT) method along with interpolation must be used. This will reduce the distortions 

significantly. By using the interpolation, the sine values between the values of table elements can 

be represented more precisely. Linear Interpolation method is used mostly, for ease of 

implementation. In this method, the values between any two table entries are assumed to be lie 

on a straight line. 
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III. METHOLOGY 

IMPLEMENTATION OF COMBINATIONAL NCO IN TRADITIONAL MIXER 

Architecture of NCO: 

 

 Instead of a ROM LUT, a simple hardware-optimized phase-to-sine amplitude converter 

approximates the first quadrant of the sine function with eight equal-length piecewise linear 

segments. The main goal is to maintain low system complexity and reduce power consumption 

and also chip area requirements. The second aim is to achieve a specified spectral purity, which 

is defined as the ratio of the power in the desired frequency to the power in the greatest harmonic 

(frequency), across the synthesizer’s tuning bandwidth. Spectral purity is an essential design 

parameter for the synthesizer used in communication systems, ensuring that undesired in-band 

signals remain below a given threshold and are not detected. In order to achieve the first goal, we 

approximate a sinusoid as a series of eight equal-length piecewise continuous linear segments, 

 

   si(x)=mi (x - 
𝑖

8
)+yi       where   i [0:7] 

 

Where mi is the slope of the each segment and is carefully selected to eliminate the requirement 

for multiplication by representing each one as a sum of at the most two powers of two. This is 

well known and often used technique. We also may restrict the precision of slope representation, 

i.e., the difference between the smallest and the largest powers of two used; in effect putting an 

upper bound on the adder’s width. Equal length segments are selected to reduce control system 

circuitry costs. In order to achieve the desired spectral purity, different sets of mi and yi 

coefficients are evaluated and the best one meeting the requirements is selected.  

   

 

The new DFS architecture is shown in Fig 2. It corresponds to a set of coefficients 

yielding 60dB purity. The coefficients are given in Table2.1. The phase to sine amplitude 

converter block includes a 1’scomplement to exploit quarter wave symmetry, as previously seen 

in other structures. Clearly, this architecture is significantly less complex than those of other 

architectures. 

 
 

 

It does not include a ROM (memory cells). Even no multipliers or squaring circuits are 

required. Equal length segments are used to simplify control circuitry. Only three integers need 

      Fig 2 DFS combinational architecture  
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to be added and multiplexers shown in Fig 2 have been optimized combining similar inputs and 

implemented in combinational logic. The phase accumulator is 20 bits wide, truncated to 12 bits. 

The two MSBs are used for the quadrant symmetry. The next three bits are to identify the 

segment. The remaining seven bits identify the different sub-angles. The two upper multiplexers 

shift these remaining seven bits according to the slopes mi listed in Table 2.1. In Fig 2, the 

notation {>>n} signifies a right shift by n bits, or equivalently, division by 2n. The lower 

multiplexer selects the appropriate yi approximation. The output from these multiplexers is 13 

bits wide, to account for the whole dynamic range of possible values. The three-operand adder 

sums the multiplexer outputs together and rounds the result to 7 bits. 

 

The CIC filter 

 It is easy to understand the CIC filter in the frequency domain. As shown in below figure 

4.1, the CIC filter is a cascade of digital integrators followed by a cascade of combs (digital 

differentiators) in equal number. Between the integrators and combs there is a digital switch or 

decimator, used to lower the sampling frequency of the combs signal with respect to the 

sampling frequency of the integrators. 

 

 

 
 

 

Each integrator contributes to the CIC transfer function with a pole. Each comb section 

contributes with a zero of order D, where D is the frequency decimation ratio. The CIC transfer 

function in the Z-plane becomes: 
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Fig: CIC filter for N=1 

Fig: Magnitude response of 5 stage CIC filter 
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We must be careful here because we have two sampling frequencies in the system, related by D. 

If we evaluate the z-transference at the output sampling frequency z=exp (j2πfs/D), the 

transference becomes 

 

 
      1

sin
.

/sin

sin
)(  Dfor

f

f
D

Df

f
fA

NN







  

 

 

RESULTS 

 Xilinx ISE 12 software was chosen to design each module of DDC. Then use the 

Modelsim 6.3 function simulation to verify the functionality correctness of the design.. The 

spectrum was obtained by taking the simulation of one grand repetition of the system output 

data. It can be easily seen that all the spurs are at least approx. 60 dB below the fundamental. 

Spectra for other odd frequency control words are similar, with spurs no greater than those 

shown here. It has been shown that the spectrum corresponding to frequency control words that 

are relatively high accuracy. 

 

 

 
 

 

 
 

 

 

 

Fig 5.2 Applied digital input to RF port of mixer 

Fig 5.3 NCO output waveform applied to LO port of mixer 
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                     IV. CONCLUSIONS 

 

 The paper discussed about the design of down converter to reduce the data rate 

with the combinational hardware of NCO can also be called as software defined radio or 

demodulator block   
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Fig 5.3 Waveforms across IF port showing In-phase & q-phase signals 

Fig 5.3 Resultant Output waveforms of Digital down converter  (DDC) 
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