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Abstract

Direct Digital Frequency Synthesis (DDFS) is a method of producing an 
analog waveform by generating a time-varying signal in digital form, succeeded by 
digital-to-analog reconstruction. 

At behavioral level the bit products with specified weights are used to generate the
sine wave. In representation of a sine wave both positive and negative weights are 
generated. Since negative weights are not desired in design, the negative weights are 
transformed to positive weights. To reduce the number of current sources and control 
signals, bit product signals of those current sources which cannot be switched on 
simultaneously and have equal weights are shared. After sharing weights, the control 
signals are reduced to from 59 to 43 and current sources from 207 to 145.

Different control words are used by the DDFS system in order to generate 
different frequencies. The control word is successively added to the previous value in 
a 20-bit accumulator. Nine most significant bits out of these twenty bits are used for 
the DAC. 

Since the Current Steering DAC architecture is suitable for high speed and 
high resolution purposes, so a 9-bit nonlinear current steering DAC is used to convert 
the output of bit products to the analog sine wave. Seven bits are used to generate one 
quarter of the sine wave. Eighth and ninth bits are used to generate the full sine wave. 

HCMOS 9 (130 nm) ST Microelectronics process is used by employing high 
speed NMOS and PMOS transistors. The bit products (control signals) are computed 
by using complementary static CMOS logic which then act as control signals for the 
current sources after passing through D-flip flops. 

Practical design issues of current sources and parts of digital logic were 
studied and implemented using the Cadence full-custom design environment. 
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Chapter 1

Introduction
1.1 Introduction of Direct Digital Frequency Synthesis

Direct Digital Frequency Synthesis (DDFS) is a method of producing an 

analog waveform by generating a time-varying signal in digital form and then 

performing a digital-to-analog conversion. DDFS system can produce a wide range of 

frequencies. It allows direct frequency and phase modulation in digital domain. It has 

higher frequency resolution and lower phase noise than PLL. The analog PLL-based 

synthesizers have the disadvantage that they multiply the phase noise present in their 

reference frequency [1]. 

High speed frequency synthesizers which can accurately produce and control 

waveforms of various frequencies with large tuning range and fine tuning steps have 

become the key requirements of industrial applications. For example, if a 32-bit 

accumulator is used with 2 GHz reference clock frequency, a tunable output 

resolution of 0.4656 Hz can be achieved. The output of the DDFS system is in phase-

continuous state during the transition to the new frequency. While PLL-based analog 

frequency synthesizers have output frequency tuning resolution of KHz. 

The cost, area and power consumption of commercially available DDFS 

devices are not more than conventional PLL-based synthesizers [1].

By virtue of DDFS, a single chip integrated circuit device can easily generate 

programmable analog output with fast frequency switching, high accuracy and 

resolution. Due to the improvements in the design and downsizing of the technology 

the cost and power consumption of these devices have considerably decreased.

1.2 Analog (PLL-Based) Frequency Synthesis and its draw backs

PLL-based frequency synthesizers are widely used in industry. The general 

block diagram of PLL is illustrated in Fig. 1.1. The Phase Frequency Detector 

compares the frequencies of two signals, i.e, input and reference signal, and produces 

an error signal which is proportional to the difference between the input frequencies. 
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The error signal is then low-pass filtered and used to drive a voltage-controlled 

oscillator (VCO) which creates an output frequency. The output frequency is fed 

through a frequency divider back to the input of the system, producing a negative 

feedback loop. If the output frequency drifts, the error signal will increase, driving the 

frequency in the opposite direction so as to reduce the error. Thus the output is locked 

to the frequency at the other input.  The reference input frequency is often derived 

from a crystal oscillator. Although the crystal oscillator has excellent frequency 

stability yet it has one major limitation that it can only be used for narrow band 

frequencies. It is difficult to achieve wide frequency range with PLL based frequency 

synthesizers.

A PLL has a negative feed back mechanism and it always take some time, 

between switching of frequencies, for the new phase to be locked, and therefore fast 

switching is not possible.  Stability of loop must be guaranteed by having certain 

conservative phase margin. These problems are eliminated by the digital frequency 

synthesizers.

Figure 1.1    General block diagram of PLL

1.3 Direct Digital Frequency Synthesis

Digital frequency synthesis is a way to produce fine frequency steps with good 

spectral purity and it does not have a feedback loop like traditional PLL frequency 

synthesis. In conventional DDFS a ROM lookup table is usually used to realize the 

mapping from digital phase to sine wave amplitude. Even with ROM compression 

techniques, the ROM and additional digital circuit for compressing the ROM can still 

consume significant power especially for higher phase resolutions since all digital 

circuits are required to operate at input clock rate [12]. To reduce the power 

consumption and the die area a DDFS architecture based on sum of weighted bit 
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products is presented in this thesis. The frequency control word is fed to the phase 

accumulator. The phase accumulator generates different phase values according to 

frequency control word. The phase values are mapped to sine function either using a 

ROM or some digital circuit. We replaced the ROM with a digital circuit. The bit 

products (Pj where j = 0….M) are multiplied with corresponding weights (cj        

where j = 0……M) to generate a function values. These function values are summed 

up and passed through current steering DAC. The concept is explained in Fig 1.2.

Figure 1.2 DDFS block diagram

1.4 General formulation of weighted bit products

Function approximation using a weighted sum of bit-products is explained in detail 

[2] as:

  Assume a function, f(X), where X is an integer composed of N bits, xi, so that the 

decimal values can be written as  

                         X = 




1

0

N

i
xi2

i    xi  {0,1}   (1.1)

Then there are 2N function values, f(X), where  .12X0 N    By rewriting the 

corresponding look-up table expression, the function values can be computed as a 

weighted (cj) sum of bit-products according to the relation:
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f(X) = f(0)… 012 x.x.x + f(1)... 012 x.x.x  +...+ f(2N -1) =

            f(0)(.........) + f(1)(........ 012 x.x.x  +.......+f(2N -1) (......)    =

            f(0)(.....) + f(1)((.....) )xxxxxxx( 0202010   +....  =

            f(0) + (- f(0) + f(1)) 0x + (- f(0) + f(2)) 1x +........  = 




1N2

0j
cjpj   (1.2)

Where X is used as address, cj denotes the weights  and pj the bit-products. 

The weights are differences of function values. Thus, the magnitude of the weights, 

and the efficiency of this method depends on the characteristics of the function. The 

bit-products can be formed by considering all possible combinations of the bits in the 

input argument. For example, there are 23 = 8 bit-products (1, x0, x1, x2, x1x0, x2x0, 

x2x1, and x2x1x0) for the three input bits(X = 4x2 + 2x1 + x0). First bit-product 

corresponds to the case where no binary variables are selected, i.e., the corresponding 

weight is a constant that is always included in the sum. Each bit-product, pj, is 

composed of the bits xi that is one in the binary representation of j. 

The bit-products can be computed using simple logic AND-operations, e.g., p25 = 

x4x3x0 corresponds to a 3-input AND gate. The weights, cj, are computed by vector 

multiplications.  

 cj=Qj
N .F =[qj,0 qj,1.........qj,2N-1].























12(f

......

)2(f

)1(f

)0(f

N

(1.3)

Where the weights  cj are also referred to as co-efficients, F is the column vector 

containing all function values and Qj
N is the jth row of the  2N x 2N matrix QN , which 

is obtained by equation 1.2. The method is further illustrated by example 1.1 [3].
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Example 1.1

. Consider the sequence of Fibonacci numbers as                 

f(X)=








 )2X(f)1X(f

5

3

        
7X2

1X

0X





 (1.5) 

where X is composed of N = 3 bits. 

c5 = -(f(1) – f(0)) + (f(5) – f(4)) = -2 + 13 = 11  (1.6)

The function can now be obtained as a weighted sum of bit-products according to 

(1.2) as

f(X) = 3 + 2x0 + 5x1  + 3 x1x0 + 18x2  + 11 x2x0 + 29x2 x1 + 18x2 x1 x0 (1.7)

The function values with bit products and co-efficient are derived by using equations 

1.2 and 1.3 and are presented in Table 1.1 [3]. 

J ai pj Qj
N f(X) Cj

0 000 1 1 0 0 0 0 0 0 0 3 3

1 001 x0 -1 1 0 0 0 0 0 0 5 2

2 010 x1 -1 0 1 0 0 0 0 0 8 5

3 011 x1x0 1 -1 -1 1 0 0 0 0 13 3

4 100 x2 -1 0 0 0 1 0 0 0 21 18

5 101 x2x0 1 -1 0 0 -1 1 0 0 34 11

6 110 x2x1 1 0 -1 0 -1 0 1 0 55 29

7 111 x2x1x0 -1 1 1 -1 1 -1 -1 1 89 18

Table 1.1 Computation of the coefficients for the example function

1.5 Functional description of DDFS System

The main blocks of the DDFS system are the Accumulator, the Control Logic 

and a Non-Linear Current steering DAC. (in our case ) as shown in Fig. 1.3.
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The frequency control word, adders and registers constitute the accumulator part. 

When second MSB becomes high, the conditional inverter inverts all the seven bits 

(the bits which are input to control logic), to construct the half cycle of the sine wave. 

Control Logic generates the control signals for DAC operation.  The MSB is utilized 

to swap the DAC differential outputs to construct the complete sine wave.

Figure 1.3     Functional description of DDFS system

1.6 Basic concept of sine wave generation

Sine wave oscillation can be visualized as a vector rotating around a phase 

circle. Each designated point on the phase wheel corresponds to the equivalent point 

on a cycle of a sine wave. As the vector rotates around the wheel, the sine of the angle 

generates a corresponding output sine wave. One revolution of the vector around the 

phase wheel at a constant speed results in one cycle of the sine wave. The digital 

phase wheel is shown in Fig. 1.4[4].

 The phase accumulator provides the equally spaced angular values, 

accompanying the vector’s linear rotation around the phase wheel. The contents of the 

phase accumulator correspond to the discrete points on the cycle of the output sine 

wave [4]. 
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Figure 1.4    Digital phase wheel

The phase accumulator is actually a modulo-M counter that increments its 

stored number each time it receives a clock pulse. The magnitude of the increment is 

determined by the binary-coded input control word (M). This word forms the phase 

step size between the reference-clock updates. It effectively sets how many points to 

skip around the phase wheel. The larger the jump size, the faster the phase 

accumulator overflows and completes its sine-wave cycle. The number of discrete 

phase points contained in the wheel is determined by the resolution of the phase 

accumulator, which determines the tuning resolution of the Direct Digital Frequency 

Synthesizers. For a 20-bit phase accumulator, an M value of “0000...0001” would 

result in the phase accumulator overflowing after 220 reference-clock cycles 

(increments). If the M value is changed to “0111...1111”, the phase accumulator will 

overflow after only 2 reference-clock cycles [5]. This relationship is given below.

fO = 
n
C

2

f.M
                                            (1.6)

Where fO is the output frequency of the DDFS, M is binary tuning word, fC is internal 

reference clock frequency (system clock) and n is length of the phase accumulator 
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(accumulator bits). As the output frequency is increased, the number of samples per 

cycle is decreased [5].

1.7 Nonlinear DAC

Nonlinear DAC is used to perform digital to analogue conversion. Current 

steering architecture is used for high speed operation. A nonlinear weighted array of 

current cells is used to convert digital inputs to analogue output. The output current 

from each current cell should represent a change in amplitude for each change in the 

corresponding phase. Using a Sum of Weighted Bit technique we designed a ROM-

less DDFS system. The non-linear DAC in the design consists of 145 current cells.
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Chapter 2

Behavioral level implementation

2.1 Bit products generation using Matlab

The concept of generation of weighted sum of bit-products is explained in 

Section 1.3. At behavioral level it is implemented in Matlab. Matlab implementation 

for generation of weighted bit products for sine wave is mentioned in Appendix-A. 

The Matlab script to plot a quarter of a sine wave of 128 discrete points is given 

below:

a=128*sin(((0:127)+0.5)*pi/256);
 aq=round(a);
 plot(aq)

Since we are using seven bits to plot the quarter sine wave, there are 27=128 possible 

outcomes of bit products. The quarter of the sine wave of 128 discrete points is 

plotted in Fig. 2.1.

Figure 2.1    Quarter sine wave plot of 128 discrete points sine function
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2.2 Transformation of negative weights to positive weights

A behavioral level algorithm is developed in Matlab to transform the negative 

weights into positive weights. There are two ways to transform the negative weights 

to positive weights. In the first approach, the weights of current sources are reduced to 

as minimum as possible but the disadvantage is that number of control signals is 

increased. In the second approach, the number of control signals are reduced but the 

weights of current sources are increased. We used the first approach. The 

corresponding Matlab code is given Appendix-B.  The algorithm transforms the 

negative weights is illustrated in example2.1.

  Example 2.1

Suppose we have two expressions “ 467 aaa24 ” and “ 5467 aaaa24 ”, Both 

have the same absolute weight (24) but one is positive and the other is negative. These 

two expressions can be simplified to form the expression “ )a1(aaa24 5467  ”, which 

can be written as “ 5467 aaaa24 ”. In this expression (“ 5467 aaaa24 ”) the negative 

weight (–24) is eliminated and the difference bit (a5) is complemented. Similarly, if 

two or more than two bits are different between the expressions, they are 

complemented. Using this approach all the negative weights are eliminated. The 

complete list of expressions obtained after removal of negative weights is illustrated 

in tabulated form (Table-B) in Appendix B.

2.3 Generation and simplification of equations

After removal of negative weights, an equation is generated comprising of a 

weighted sum of bit products. Each logic expression of the equation contains 

information about the weights of the current sources and the bit products. 

Accumulator generates various input values according to increment steps which then 

become inputs of the bit products. Hence, the signals produced by bit products are 

inputs to the current source switch of specified weight.  The Matlab code for the 

generation of equation form weighted bit products is given in Appendix-C. 

In order to reduce the number of current sources, the equation is simplified 

such that the current sources can be shared. For example, two current sources having 
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equal weights can only be shared when one the current sources can be switched on at 

the same time. This is algorithm is illustrated in example 2.2. We used this technique 

to reduce the number of control signals from 51 to 43 and the number of current 

sources from 207 to 145. However, the maximum number of current sources that will 

be on at a time is 128.  Although, it is difficult to find such appropriate logic 

expressions which can be shared to reduce the number of the current sources to 128, 

yet it is possible and can be implemented in future. This approach is useful in 

minimizing the complexity of the logic circuit, number of current sources, chip area 

and hence the power consumption.

Example 2.2

If we have expressions “a7(1-a6)” and “a6”,  one expression will be true at a 

time (either “a7(1-a6)” will be true or “a6”  will be true), i.e., they are mutually 

exclusive. So instead of using two current sources, one for “a7(1-a6)” and the other for 

“a6”, we can logically “OR” these signals to form the expression “a7 +a6” (a7 OR a6) 

and thus use one current source. This approach is used to reduce the number of 

control signals and the current sources and also to minimize the logic to the same 

extent.  

2.4 SFDR and SNR calculations

Spurious Free Dynamic Range (SFDR) is defined as the ratio of the 

fundamental amplitude to the maximum spur amplitude. A basic method to reduce the 

Phase to Sine Mapper (PSM) size of a DDFS is to truncate the accumulator's word 

length from L to W, where L > W. This truncation causes a significant reduction in 

the SFDR of output signal. Theoretical upper bound of SFDR of a DDFS with a 

truncated phase is given below[6]:

SFDR = 20log10

 




























 










 

L

L

W

2
sin

2

12
sin

(2.1)

While L is the word length of accumulator and W is the DAC input bits. In our 

project L is 20 and W is 9.The phase truncation is not the only source of unwanted 
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spurs in the output spectrum. Quantization of the output sinusoidal signal due to 

arbitrary PSM non idealities cause another set of spurs in the output spectrum [6].  

If the only source of non idealities in the PSM is quantization error, then SNR 

of output sinusoid can be computed as below:

SNR = (6D + 1.76) dBc (2.2)

We computed the SFDR and SNR for various vertical and horizontal values and 
summarized in Table 2.1. 

Vertical Value
128
(128 current sources)

256 
(256 current sources)

512 
(512-current 
sources)

Horizontal
Value

Increment 
Steps

211 5133 211 5133 321 5133

SFDR(dB) 54.20 54.06 54.57 54.15 54.19 54.11128
 (7-bits)

SNR(dB) 43.49 43.68 45.16 45.5 45.78 46.10
SFDR(dB) Impractical* Impractical 60.47 60.65 60.27 60.73256

 (8-bits)
SNR(dB) Impractical Impractical 49.48 50.30 51.24 52.54
SFDR(dB) Impractical Impractical Impractical Impractical  65.45 67.20512

 (9-bits)
SNR(dB) Impractical Impractical Impractical Impractical 55.70 55.82

Table 2.1    SFDR and SNR values

Note: Impractical * Difficult to get rid of all current sources with negative weights.

The horizontal value is the number of discrete points on horizontal axis and 

the vertical value is the number of vertical discrete points on vertical axis to plot the 

quarter sine wave. By increasing the number of vertical and horizontal points we can 

increase the resolution of output sine wave which will also improve SFDR and SNR 

of sine wave.
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Output sine wave generated with accumulator size of 20-bit and increment 

step of 5133 is shown in Fig. 2.2. The corresponding FFT plot is shown in Fig. 2.3.  

The fundamental signal amplitude is 90.03 dB and the maximum spur amplitude is 

40.97 dB. Hence the SFDR is 54.06 dB. 

Figure 2.2   Output sine wave
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Figure 2.3   FFT plot of sine wave for SFDR measurement
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Chapter 3

Circuit level implementation
We used a non-linear current steering DAC as a digital sine wave generator 

and phase to amplitude converter.

The frequency control word is fed to the accumulator to control the output 

frequency of the synthesized sine wave. The output of the accumulator is truncated to 

the nine most significant bits. Two most significant bits (a9 and a8) are used to 

determine the quadrant of sine wave while the remaining 7 bits (a7, a6, a5, a4, a3, a2, a1) 

go through logic circuit to generate the control signals for the DAC. These control 

signals are latched and they switch the current sources at the edge of the arriving 

clock pulse. The second MSB (a19) is used to invert the remaining seven bits for the 

second and the fourth quadrants of sine wave. The MSB (a20) is utilized to properly 

mirror the sine wave about the π phase point by swapping the DAC differential 

outputs. The complete circuit is divided into  accumulator, control logic, register, and 

current steering DAC sub-blocks. The block diagram of DDFS system implemented at 

circuit level is shown in Fig. 3.1

Figure 3.1   Block diagram of DDFS system implemented at circuit level



16

3.1 Accumulator

A 20-bit accumulator is used with a 13-bit control word to alter the frequency of a 

sine wave. Currently, we are using parallel loading of the control word register. 

However, a serial interface can be used to reduce the number of I/O pads and save the 

chip area. Thirteen Full Adders (FAs) and seven Half Adders (HAs) are used to add 

the current value of accumulator with the control word. It stores new value back to 

accumulator register. D-Flip flops are used both in accumulator and control word 

registers to store the accumulator word and the control word respectively. The block 

diagram of the accumulator is shown in Fig. 3.2.

Figure 3.2   Accumulator block diagram

3.2 Control logic

The logic expressions are minimized by using Boolean Algebra and Karnaugh

map as explained in section 2.3. The logic expression of each control signal is 

mentioned in Table 3.1. The “+” sign between two expressions given in Table 3.1 is 

logical “OR” operation. The control logic is implemented using complementary static 

CMOS logic design. In order to avoid glitches at output it is required that rise and fall 

time of all control signals should be equal. This can be achieved by proper sizing of 

the NMOS and PMOS driving transistors.
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Sr # Weight of 
current 
source

Logic expression Simplified logic expression

1. 21 a7(1-a6) + a6 a7 + a6

2. 9 a7(1-a5) + a5 a7 + a5

3. 4 a7(1-a4)  + a4 a7 + a4

4. 3 a6(1-a5) + a5 a6 + a5

5. 2 a4(1-a3a1)  + a7a4a3a1 a4 ((1-a3a1) + a7 )

6. 2 a6(1-a5a4a3a1)  + a5a4a3a1 a6 + a5a4a3a1

7. 2 a7(1-a3)  +  a3 a7 + a3

8. 1 a6(1-a5a2) +  a6a5a2a1 a6((1-a5a2) +  a1)

9. 1 a6(1-a4a1)+  a6a5a4a1 a6((1-a4a1) + a5)

10. 1 a6(1-a5a4) + a6a5a4a3 a6((1-a5a4) + a3)

11. 1 a6(1-a4a3a2a1) + a6a5a4a3a2a1 a6((1-a4a3a2a1) + a5)

12. 1 a7(1-a6a2) + a7a6a5a4a2 a7((1-a6a2) + a5a4)

13. 1 a7(1-a6a3) +  a7a6a5a4a3a2a1 a7((1-a6a3) +  a5a4a2a1)

14. 1 a6(1-a4a3) + a6a4a3a1 a6((1-a4a3) + a1)

15. 1 a7(1-a6a4a3a1) + a6a4a3a1 a7 + a6a4a3a1

16. 1 a7(1-a4a1) + a7a6a4a1 a7((1-a4a1) + a6)

17. 1 a7(1-a5a4) + a7a5a4a1 a7((1-a5a4) + a1)

18. 1 a7(1-a5a3)  + a7a5a4a3 a7((1-a5a3)  + a4)

19. 1 a5(1-a3a1)  + a3a1 a5 + a3a1

20. 1 a5(1-a4a1) + a4a1 a5 + a4a1

21. 1 a5(1-a4a3) + a4a3 a5 + a4a3

22. 1 a6(1-a3) + a3 a6 + a3

23. 1 a6(1-a4) + a4 a6 + a4

24. 1 a7(1-a3a1) + a7a5a3a1 a7((1-a3a1) + a5)

25. 1 a7(1-a2) + a2 a7+ a2

26. 1 a7(1-a5a2a1) + a7a5a3a2a1 a7((1-a5a2a1) + a3)

27. 6 a7(1-a6a5) a7(1-a6a5)

28. 3 a7(1-a6a4) a7(1-a6a4)

29. 2 a7(1-a5a4a3a1) a7(1-a5a4a3a1)
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30. 1 a7(1-a5a4) a7(1-a5a4)

31. 1 a7(1-a6a1) a7(1-a6a1)

32. 1 a7(1-a4a3) a7(1-a4a3)

33. 1 a6(1-a5a4a2a1) a6(1-a5a4a2a1)

34. 1 a7(1-a5a4a3a2) a7(1-a5a4a3a2)

35. 1 a7(1-a6a5a3a2a1) a7(1-a6a5a3a2a1)

36. 29 a7 a7

37. 15 a6 a6

38. 10 a5 a5

39. 5 a4 a4

40. 3 a3 a3

41. 2 a2 a2

42. 1 a1 a1

43. 1 

Total 145

Table 3.1 Simplified expressions for control logic

3.3 Registers

The outputs of the control logic are passed through 43 D flip flops to keep 

them stable during one clock cycle. It is also very important to guarantee a very low 

skew of the clock. For this purpose a clock distribution scheme is implemented as 

explained in section 3.3.1.  

3.3.1 Clock distribution for registers
As we have 43 flip flops in our design, it is better to use some proper clock 

distribution scheme. Many algorithms and heuristics have been proposed. H tree is 

one of the options but it is only used for regular and symmetric structures. We used a 

multilevel clock tree. While generating the layout, the metal width of different level 

can be adjusted to minimize the delay and skew [7].  The depth of clock tree is up-to 

six levels and it adds the propagation delay of 92.8 pico seconds. The clock tree 

circuit is shown in Fig. 3.3
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Figure 3.3   Mult-level clock tree

3.4 Current steering DAC 

                           The control signals after passing through a 43-bit register become 

input of the differential current steering DAC. The current steering DAC comprises a 

total of 145 unit current source cells. Out of these 145 unit current sources a 

maximum of 128 current sources will be summed up at the output. The unit current 

source is explained in Section 3.4.1.

The output currents (I_out and I_outbar) are terminated by a pair of 50 Ohm resistors 

to convert the current into voltage.  Differential analog outputs are generated at the 

output of DAC. The DAC differential outputs are swapped to properly mirror sine 

wave about the π phase point to plot the complete sine wave. The block diagram of

the  DAC is shown in Fig. 3.4
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Figure 3.4  Block diagram of DAC

3.4.1 Unit current source

                           A unit current source consists of a pair of differential current 

switches and a current mirror. We used an NMOS transistor as a switch. The sizes 

(both length and width) of the transistors used as current switch are chosen to be the 

minimum to achieve the fastest switching speed, minimum power consumption and 

minimum capacitance at the common node of two differential transistors. 

The wide swing current mirror is used to enhance the output voltage swing. It 

provides a large output voltage swing while maintaining cascode type precision and 

output impedance [8]. Cascode transistors are operated in saturation region to 

maintain high precision and high output impedance over a wide operating range. The 

biasing scheme of wide swing cascode current mirror is further explained in Section 

3.5.4 and the schematic diagram is shown in Fig 3.12.

The schematic diagram of a unit current source is shown in Fig 3.4.  
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Figure 3.5  Unit current source schematic

3.5 Design issues of DAC

3.5.1 Switching signals and trip point

 We have to ensure that if the current source is completely switched off 

by the current switch, This will force the potential at output of the current source to 

drift towards power supply voltage [9]. To avoid this we have to make sure that the 

current sources are not completely turned off at any time. Otherwise, when they will 

switch on again, the difference of potential between the DAC output and the outputs 

of the current sources will be large and this will produce a glitch. To avoid this, 

switching signals have to be properly matched. Since we used NMOS switch, the 

desired switching signals (D_in and D_inbar) are illustrated in Fig. 3.6.
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Figure 3.6  Ideal wave form of differential control signal at the input of DAC

We generated the switching signals by control logic then passed through D-

flip flops. In order to overlap the control signal we adjusted the required delay by 

using additional inverters at the output of D flip flops. We used 1.2 Volts supply 

voltage and the trip point of control signals is about 720 mV. The generated control 

signals at the differential inputs of DAC are shown in Fig. 3.7.

Figure 3.7   Actual wave form of differential control signal at the input of DAC

3.5.2 Effect of jitter on sampling clock 

Clock jitter refers to temporal variation of clock period at a given time, i.e.,

clock period can reduce or expand on cycle by cycle basis. For high sampling speed 

DACs, their sampling clock jitter effects become crucial [10].

Ideally the sampling clock operates with a period of Ts for every cycle, . If we denote 

jitter as εn, then the n-th sampling time of clock is nTs+εn instead of nTs. Since the 

jitter εn is sufficiently smaller than the sampling period of Ts, in most of practical 

situations, we assume that  
2

T

2

T s
n

s  . The jitter in ideal clock is shown in 

Fig. 3.8 [10].
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Figure 3.8   Jitter in ideal clock

The outputs of DAC with an ideal clock (without jitter) and an actual clock 

(with jitter) is shown in Fig. 3.9 [10] while the DAC output error due to jitter is shown 

in Fig. 3.10 [10].

Figure 3.9     DAC outputs with an ideal clock and an actual clock

Figure  3.10    DAC output error due to jitter
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When the total noise power outside and inside the signal band is taken into 

account, the DAC SNR remains almost constant regardless of the sampling jitter. 

However, when an analog lowpass filter follows the DAC and only the noise power 

inside the signal band is considered, the DAC SNR degrades as the jitter increases and 

the input signal frequency becomes higher. Thus, the sampling clock jitter is serious 

for the high speed DAC [10].

3.5.3 Output impedance

An ideal current source should have infinite output impedance while a real 

current source has limited output impedance. Cascoded NMOS or PMOS transistors 

are used to increase the impedance of current sources [8]. The output impedance of 

the current sources should be high enough to avoid leakage of current larger than an 

LSB[9]. In our case the distortion in the output from the current sources must not 

larger than SFDR ( 54 dB). Therefore the following relation can be used.

Zmin / Zload > 54 dB at desired frequency of operation 

Where Zmin is the lowest output impedance with maximum number of current sources 

connected to output. Zload is is the load resistance/impedance.

Since we have 7 bit DAC and 128 current sources connected in parallel terminating 

over a load of 50 Ω the output impedance for a unit current source should be:

Zunit /128. 54dB  => Zunit = 5 MΩ.

The relation of output impedance and output frequency of a unit current source is 

illustrated in Fig 3.11. 
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Figure 3.11   Plot output of output impedance versus frequency

3.5.4 Bias current and output voltage Swing

         Matching of the biasing scheme is very important. For the biasing of the 

transistors in the unit current sources, we used current mirrors. For the low-voltage 

DACs a wide swing current mirror is suitable. A stable supply voltage for all unit 

current sources should be guaranteed [9]. Schematic diagram of wide swing current 

mirror is given in Fig. 3.12. 



26

Figure 3.12    Schematic diagram of wide swing current mirror

For an output voltage swing of 200 mV the minimum output current is calculated as:                                          

Iout  = 
Load

Swing

R

V

 In our design Rload is 50 Ω to match the input impedance of most of the high 

frequency communication equipments. In our design the bias current (I_Bias1 = 

I_Bias2) is 50 µA and output current (I_out = I_ref) is 30 µA.
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Chapter 4 

Simulation results and future work

4.1 Corner analysis using Ocean Script

By default all processes are not accurate; they spread a lot with 

different temperature, different voltage conditions and currents. We have to validate 

the circuit over corners. Ocean script using SKILL language is used to run the 

simulation from batch/shell instead of running it from cadence environment. This 

avoids locking the tool when running longer simulations. SKILL programming 

language customizes and extends the design environment. SKILL provides a safe, 

high level programming environment that automatically handles many traditional 

system programming operations, such as memory management. SKILL programs can 

be immediately run in Virtoso environment [11].

SKILL is rapid for prototyping. One can incrementally validate the steps of 

algorithm before incorporating them in larger program. SKILL allows access and 

control of all the components of cadence environment. One can loosely couple 

proprietary design tools as separate processes with SKILL's inter-process 

communication facilities [11].    

4.2 Chip area measurements 

Area acquired by the main modules of DDFS system is estimated below.

4.2.1 Control logic module

We estimated that accumulator acquires about 450 square µm area and the 
control logic acquires about 375 square µm area. 

4.2.2 Registers module

Forty three flip flops are used in a 43-bit register, the area recquired by one 

flip flop is approximately 196 square µm so the total area required by register will be  
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8430 square µm. The layout floorplan view of one D flip flop is shown in Fig. 4.1

(blocks yet to be routed and optimized).

Figure 4.1   Lay out of one D-flip flop

4.2.3 Current sources matrix

It is required to arrange unit current sources in array. Area acquired by a unit 

current source is approximately 100 square µm and there are total 145 current source 

so 14500 square µm area will be required for current matrix.   Layout of unit current 

source is given in Fig. 4.2.

Figure 4.2    Lay out of unit current source

                             

  4.3 Floorplan
The floorplan strategy of complete DDFS system is outlined in Fig. 4.3. 

Starting from the left we have accumulator, conditional inversion and control logic 
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modules, flip flops, current source array and multiplexer (used to swap differential 

outputs of DAC to form complete sine wave). Control logic has been implemented in 

complementary static logic style. Control signals are applied to D type flip flops for 

synchronization and generation of control signals suitable for driving the differential 

current switches. Current sources are placed in block in the right part of Fig. 4.3. 

Figure 4.3  Floorplan of DDFS system

The total area computed for the whole system including input output pads is 

approximately 0.8 square mm.

4.4 Simulation results

We used power supply voltage of 1.2 and power dissipated at schematic level 

is approximately 1 mW.  For an increment step of 5133, clock frequency of 2 GHz 

and 20-bit accumulator, the frequency of output wave is 10 MHz. The output 

sinusoidal wave form of 10 MHz frequency is shown in Fig. 4.4.
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Figure 4.4    Output sinusoidal wave form for clock frequency 2 G Hz

We used 20 bits accumulator and computed the SFDR by varying the clock frequency 

and increment step. As mentioned in section 1.5, the output frequency of sine wave

can be increased by either increasing the clock frequency or increasing the step size of 

the accumulator word. The SFDR as a function of output frequency sine waves is in 

illustrated  in Fig. 4.5.
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Figure 4. 5 SFDR as a function of output frequency

4.5 Future work

4.5.1 Return to zero code

To reduce the effect of memory function due to capacitive element, return to 

zero code can be applied. The signal controlling the switch is reset during each 
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clock period. We have to design high speed DAC so the requirement of setting 

time will increase. 

4.5.2 Equalizing of rise and fall time for all control signals

There occur some glitches at output because rise and fall time of all control 

signal are not equal. In order to eliminate these glitches more precise sizing the 

transistor and equalizing of delay in different path of control signals is required.

4.5.3 DAC resolution

Currently we have generated the sine wave for 128 vertical and horizontal 

discrete points. By increasing both horizontal and vertical discrete points the 

SFDR and SNR of the output sine wave increases as mentioned in Table 2.1. The 

DAC resolution will also increase.

4.5.4 Chip implementation

Finally a chip can be assembled after making a good layout after solving the 

design issues like using standard cells for digital part, proper placement of current 

sources, mismatches in current sources,  matching of biasing scheme, electrostatic 

discharge protect etc.
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Appendix-A

Matlab implementation is done for the generation of the sequence according to 
equation below

F =  f(0) +

      (- f(0) + f(1)) 0x + 

        (- f(0) + f(2)) 1x +........  = 




1N2

0j
cjpj

The output of the above equation given below
F =
 1     0     0     0     0     0     0     0  -> F0
-1     1     0     0     0     0     0     0  ->-F0 + F1
-1     0     1     0     0     0     0     0  ->-F0 + F2
 1    -1    -1     1     0     0     0     0  -> F0 - F1 - F2 + F3
-1     0     0     0     1     0     0     0  ->-F0 + F4
 1    -1     0     0    -1     1     0     0  -> F0 - F1 - F4 + F5
 1     0    -1     0    -1     0     1     0  -> F0 - F2 - F4 + F6
-1     1     1    -1     1    -1    -1     1  ->-F0 + F1 + F2 - F3 + F4 - F5 - F6 + F7

% F0    F1    F2    F3    F4    F5    F6    F7

 Code for Multiplication of generated format vector “C” with sine values vector “aq” 
to get bit products with  corresponding weights is given below

vval=128;           % Vertical points

hval=128;           % Horizontal points

dbits=9;            % Total DAC bits

% Standard quarter sine wave from 128 discrete points 

a=vval*sin(((0:(hval-1))+0.5)*pi/(2*hval)); 

aq=round(a);

% two MSB's are used for symmetry

C=genFmat(dbits-2);                       

% Bit products with corresponding weights(Both positive and negative)

s=[C*aq' dec2bin(0:(hval-1))-48]; 

The output vector “s” generated by the above mentioned Matlab code is given in 

tabulated form in Table A. It consists of list of bit products and corresponding 

weights for the generation of sine wave. It is a look-up table for sine wave 

generated by 128 horizontal and vertical points. In case of sine wave both positive 
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and negative weights are generated. Table A shows both positive and negative 

weight along with their bit products and logic expressions.

Table A

Sr No. Weight of 
current 
source (Cj)

Bit Product (Pj) Logic Expression

1. 1 0 0 0 0 0 0 0

2 1 0 0 0 0 0 0 1 a1

3 3 0 0 0 0 0 1 0 a2

4. 6 0 0 0 0 1 0 0 a3

5. 1 0 0 0 0 1 0 1 a3a1

6. 12 0 0 0 1 0 0 0 a4

7. 1 0 0 0 1 0 0 1 a4a1

8. 1 0 0 0 1 1 0 0 a4a3

9. -2 0 0 0 1 1 0 1 a4a3a1

10. 25 0 0 1 0 0 0 0 a5

11. -1 0 0 1 0 1 0 1 a5a3a1

12. -1 0 0 1 1 0 0 1 a5a4a1

13. -1 0 0 1 1 1 0 0 a5a4a3

14. 2 0 0 1 1 1 0 1 a5a4a3a1

15. 49 0 1 0 0 0 0 0 a6

16. -1 0 1 0 0 1 0 0 a6a3

17. -1 0 1 0 1 0 0 0 a6a4

18. -1 0 1 0 1 0 0 1 a6a4a1

19. -1 0 1 0 1 1 0 0 a6a4a3

20. 2 0 1 0 1 1 0 1 a6a4a3a1

21. -1 0 1 0 1 1 1 1 a6a4a3a2a1

22. -3 0 1 1 0 0 0 0 a6a5

23. -1 0 1 1 0 0 1 0 a6a5a2

24. 1 0 1 1 0 0 1 1 a6a5a2a1

25. -1 0 1 1 1 0 0 0 a6a5a4

26. 1 0 1 1 1 0 0 1 a6a5a4a1

27. -1 0 1 1 1 0 1 1 a6a5a4a2a1
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28. 1 0 1 1 1 1 0 0 a6a5a4a3

29. -2 0 1 1 1 1 0 1 a6a5a4a3a1

30. 1 0 1 1 1 1 1 1 a6a5a4a3a2a1

31. 90 1 0 0 0 0 0 0 a7

32. -1 1 0 0 0 0 1 0 a7a2

33. -2 1 0 0 0 1 0 0 a7a3

34. -1 1 0 0 0 1 0 1 a7a3a1

35. -4 1 0 0 1 0 0 0 a7a4

36. -1 1 0 0 1 0 0 1 a7a4a1

37. -1 1 0 0 1 1 0 0 a7a4a3

38. 2 1 0 0 1 1 0 1 a7a4a3a1

39. -9 1 0 1 0 0 0 0 a7a5

40. -1 1 0 1 0 0 1 1 a7a5a2a1

41. -1 1 0 1 0 1 0 0 a7a5a3

42. 1 1 0 1 0 1 0 1 a7a5a3a1

43. 1 1 0 1 0 1 1 1 a7a5a3a2a1

44. -2 1 0 1 1 0 0 0 a7a5a4

45. 1 1 0 1 1 0 0 1 a7a5a4a1

46. 1 1 0 1 1 1 0 0 a7a5a4a3

47. -2 1 0 1 1 1 0 1 a7a5a4a3a1

48. -1 1 0 1 1 1 1 0 a7a5a4a3a2

49. -21 1 1 0 0 0 0 0 a7a6

50. -1 1 1 0 0 0 0 1 a7a6a1

51. -1 1 1 0 0 0 1 0 a7a6a2

52. -1 1 1 0 0 1 0 0 a7a6a3

53. -3 1 1 0 1 0 0 0 a7a6a4

54. 1 1 1 0 1 0 0 1 a7a6a4a1

55. -1 1 1 0 1 1 0 1 a7a6a4a3a1

56. -6 1 1 1 0 0 0 0 a7a6a5

57. -1 1 1 1 0 1 1 1 a7a6a5a3a2a1

58. 1 1 1 1 1 0 1 0 a7a6a5a4a2

59. 1 1 1 1 1 1 1 1 a7a6a5a4a3a2a1
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Appendix B
After generation of bit products with corresponding weights as explained in 
Appendix-A, the next step is to transform the negative weights to positive weights. 
The algorithm for the transformation of negative weights to positive weights is 
explained in Section 2.2.   The transformation of negative weights to positive 
weights was performed at behavioral level in Matlab and the flowchart of  Matlab 
code is given below:
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 The output of the Matlab code is given in tabulated form in Table B. It consists of 

list of bit products and corresponding weights for the generation of a sine wave. The 

procedure to transform the negative weights to positive is explained in detail in 

Example 2.2. In the “Bit Product (Pi)” column the bits those are complemented are 

represented by “2”. e.g, in the bit product “1 2  0 0 0 0 0 ” 6th bit is complemented the 

expression can be written as “ )a1(a 67  ” which is equivalent to “ 67 aa ”. 

Table B
Sr No. Weight of current 

source (Cj)
Bit Product (Pj) Logic Expression

1. 34 1 0 0 0 0 0 0 34 a7

2. 40 0 1 0 0 0 0 0 40 a6

3. 23 0 0 1 0 0 0 0 23 a5

4. 12 0 0 0 1 0 0 0 12 a4

5. 6 0 0 0 0 1 0 0 6 a3

6. 3 0 0 0 0 0 1 0 3 a2

7. 1 0 0 0 0 0 0 1 a1

8. 1 0 0 0 0 0 0 0

9. 1 0 1 1 1 0 0 1 a6a5a4a1

10. 1 0 1 1 1 1 0 0 a6a5a4a3

11. 1 0 1 1 1 1 1 1 a6a5a4a3a2a1

12. 1 1 0 1 0 1 0 1 a7a5a3a1

13. 1 1 0 1 1 0 0 1 a7a5a4a1

14. 1 1 1 0 1 0 0 1 a7a6a4a1

15. 1 1 1 1 1 0 1 0 a7a6a5a4a2

16. 1 1 1 1 1 1 1 1 a7a6a5a4a3a2a1

17. 21 1 2 0 0 0 0 0 a7( 1 - a6 )

18. 9 1 0 2 0 0 0 0 a7( 1 – a5 )

19. 4 1 0 0 2 0 0 0 a7( 1 – a4 )

20. 3 0 1 2 0 0 0 0 a6( 1 – a5 )

21. 1 0 0 0 2 1 0 1 a3a1( 1 – a4 )

22. 1 0 0 0 1 2 0 1 a4a1( 1 – a3 )

23. 2 0 2 1 1 1 0 1 a4a1( 1 – a6 )

24. 2 1 0 0 0 2 0 0 a7( 1 – a3 )

25. 2 1 0 2 1 1 0 1 a7a4a3a1( 1 – a6 )
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26. 1 0 0 2 1 1 0 0 a4a3( 1 – a5 )

27. 1 0 1 0 0 2 0 0 a6( 1 – a3 )

28. 1 0 1 0 2 0 0 0 a6( 1 – a4 )

29. 1 0 1 0 1 1 2 1 a6a4a3a1( 1 – a2 )

30. 1 0 1 1 2 0 1 1 a6a5a2a1( 1 – a4 )

31. 1 1 0 0 0 0 2 0 a7( 1 – a2 )

32. 1 1 0 1 1 1 2 0 a7a5a4a3( 1 – a2 )

33. 1 2 1 0 1 1 0 1 a6a4a3a1( 1 – a7)

34. 1 1 2 1 0 1 1 1 a7a5a3a2a1( 1 – a6 )

35. 6 1 2 2 0 0 0 0 a7( 1 – a6a5 )

36. 3 1 2 0 2 0 0 0 a7( 1 – a6a4 )

37. 2 1 0 2 2 0 0 0 a7( 1 – a6a5 )

38. 1 0 0 1 0 2 0 2 a5( 1 – a3a1 )

39. 1 0 0 1 2 0 0 2 a5( 1 – a4a1 )

40. 1 0 1 0 2 0 0 2 a6( 1 – a4a1 )

41. 1 0 1 0 2 2 0 0 a6( 1 – a4a3 )

42. 1 0 1 2 0 0 2 0 a6( 1 – a5a2 )

43. 1 0 1 2 2 0 0 0 a6( 1 – a5a4 )

44. 1 1 0 0 0 2 0 2 a7( 1 – a3a1 )

45. 1 1 0 0 2 0 0 2 a7( 1 – a4a1 )

46. 1 1 0 0 2 2 0 0 a7( 1 – a4a3 )

47. 1 1 0 2 0 2 0 0 a7( 1 – a5a3 )

48. 1 1 2 0 0 0 0 2 a7( 1 – a6a1 )

49. 1 1 2 0 0 0 2 0 a7( 1 – a6a2 )

50. 1 1 2 0 0 2 0 0 a7( 1 – a6a3 )

51. 1 1 0 2 0 0 2 2 a7( 1 – a5a2a1 )

Total 207
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Appendix-C
After transformation of negative weights to positive weights an equation is 

generated. This equation can be evaluated for different input combinations of bit 
products coming from accumulator.

Matlab code for generation of equation is given below

function y = genEquationSim(o);

len = length(o);

z=size(o);

y = '';

cont=0;

for i=1: len

   % converting the matrix ‘o’which only contain positive weights in to string  

    a = num2str(o(i,1)); 

    b = '';

    c = '1';

        for j = 2: z(1,2)

        if (o(i,j)== 1)

           b = strcat(b,'*a',num2str((z(1,2)+1)-j)); 

        elseif (o(i,j)== 2) % 2 shows the complimented bit

            cont=cont+1;

           c = strcat(c,'*a',num2str((z(1,2)+1)-j));                      

        end

    end

   if strcmp(c,'1')  

    else

      b = strcat(b,'*(1-',c,')');

    end

      if i ~= 1 

      y = strcat(y,'+',a,b);

      else

      y = strcat(y,a,b);

    end

    end

end
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Equation Generated from the function “genEquationSim” is given below:

34*a7+40*a6+23*a5+12*a4+6*a3+3*a2+1+1*a1+1*a6*a5*a4*a1+1*a6*a5*a4*a3+
1*a6*a5*a4*a3*a2*a1+1*a7*a5*a3*a1+1*a7*a5*a4*a1+1*a7*a6*a4*a1+
1*a7*a6*a5*a4*a2+1*a7*a6*a5*a4*a3*a2*a1+21*a7*(1-1*a6)+
9*a7*(1-1*a5)+4*a7*(1-1*a4)+3*a6*(1-1*a5)+1*a3*a1*(1-1*a4)+
1*a4*a1*(1-1*a3)+2*a5*a4*a3*a1*(1-1*a6)+2*a7*(1-1*a3)+
2*a7*a4*a3*a1*(1-1*a5)+1*a4*a3*(1-1*a5)+1*a6*(1-1*a3)+
1*a6*(1-1*a4)+1*a6*a4*a3*a1*(1-1*a2)+1*a6*a5*a2*a1*(1-1*a4)+
1*a7*(1-1*a2)+1*a7*a5*a4*a3*(1-1*a2)+1*a6*a4*a3*a1*(1-1*a7)+1*a7*a5*a3*a2*a1*(1-
1*a6)+6*a7*(1-1*a6*a5)+3*a7*(1-1*a6*a4)+
2*a7*(1-1*a5*a4)+1*a5*(1-1*a3*a1)+1*a5*(1-1*a4*a1)+1*a6*(1-1*a4*a1)+
1*a6*(1-1*a4*a3)+1*a6*(1-1*a5*a2)+1*a6*(1-1*a5*a4)+1*a7*(1-1*a3*a1)+
1*a7*(1-1*a4*a1)+1*a7*(1-1*a4*a3)+1*a7*(1-1*a5*a3)+1*a7*(1-1*a6*a1)+
1*a7*(1-1*a6*a2)+1*a7*(1-1*a6*a3)+1*a7*(1-1*a5*a2*a1)
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