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Abstract—A Direct Digital frequency Synthesizer (DDS) design and pro-
totype suitable for space-borne applications is presented. The design is tar-
geted for use in the uplink section of the RF subsystem of the New Horizons
Pluto spacecraft currently under design at APL. Design and analysis of the
digital portion of the DDS is presented along with experimental data from
the prototype system, which was implemented using an FPGA and a dis-
crete digital to analog converter.

I. INTRODUCTION

�
IRECT Digital frequency Synthesizers (DDS) are a com-
mon component in a variety of communications systems,

especially those requiring fast frequency hopping, low power
dissipation, and small form factor. A DDS at its simplest is a
clock-dividing counter, termed the phase accumulator, which
generates a digitized ramp waveform. This ramp is converted
to a sine-wave representation and subsequently translated to the
analog domain by a digital to analog converter (DAC). Subse-
quent filtering of the DAC output can be used to remove the
high frequency components that arise from the data conversion
process. Fig. 1 illustrates the conceptual system with a j-bit ac-
cumulator output truncated to a k-bit ROM address space and a
m-bit DAC .

DDS performance is measured in a number of ways. Some
are fairly generic, including power dissipation and maximum
input clock rate and output frequency. Others are more spe-
cific, relating to minimum frequency step size and to the spec-
tral purity of the DDS output. The DDS output spectrum reflects
the fact that a DDS effectively samples a sine wave output. As
a result, inaccuracies due to finite word length effects as well
as Nyquist sampling considerations cause the output spectrum
to contain energy at frequencies other than the fundamental.
These peaks, termed spurs, determine the signal to noise level
of the DDS, which is defined as the Spurious Free Dynamic
Range (SFDR). Non-idealities in the DAC can further degrade
the SFDR as well. In general, peaks which are closer in fre-
quency to the fundamental present more problems than peaks
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Fig. 1. Functional diagram of a DDS.
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Fig. 2. New Horizons receiver block diagram

further out, simply because they are more difficult to attenuate
with an output lowpass filter.

In this paper, a DDS design is presented for a specific applica-
tion; the RF uplink portion of the New Horizons Pluto spacecraft
being designed at the Johns Hopkins University Applied Physics
Laboratory (APL). Fig. 2 shows a very simplified schematic of
how the DDS, which is highlighted in yellow at the lower mid-
dle, will fit into the uplink system’s feedback loop.

The most significant requirements for this particular DDS are
very low spur energy within the second harmonic, low power,
and small footprint on the board. SFDR close to the funda-
mental frequency, i.e. less than the second harmonic, should be
at least 80dB. Power is a key factor, with a dissipation of less
than 75mW at 5V desired. The fundamental output frequency is
low, in the range of 100kHz, with a 10MHz clock input. Four
phase words, which control the output frequency, can be stored
in internal registers via a byte-wide interface and then quickly
selected via a simple two-line interface. Finally, the radiation
environment for the Pluto mission is relatively benign. Total
ionizing dose (TID) requirements are less than 15krad.

The remainder of this paper will focus on the design and im-
plementation of the digital portion of the DDS along with test-
ing of the resulting prototype systems. The ultimate goal of this
work is to create a fully integrated DDS, i.e. digital section plus
DAC. However, this paper discusses only a prototype digital de-
sign implemented in an FPGA coupled with a discrete DAC.
Some considerations for the fully integrated version will be pre-
sented in the conclusions.

II. IMPLEMENTATION

There are two key factors in the performance of the digital
section. The first is the number of bits used both in the accu-
mulator and as input to the sine conversion block. Second is
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the method used to convert the accumulator’s ramp output to a
sine wave. The issue of accumulator representation is relatively
straightforward and is detailed in a number of sources [1], [2].
Intuitively, the greater the number of bits in the accumulator,
the smaller the truncation error due to the accumulator’s finite
precision. Since these truncation errors ultimately result in out-
put spurs, a deeper accumulator raises the upper bound on DDS
performance. Likewise, minimizing the truncation of the accu-
mulator output also improves resolution. A lower bound on the
SFDR based on ROM size only can be shown to be [1]:

SFDR� 6�02k�3�92dB. (1)

The more intricate problem is the selection of a methodology
for mapping the sawtooth output of the accumulator to a series
of sinusoidal samples to feed into the DAC. A simplistic, brute
force approach would be to simply have a ROM word for every
code of the truncated accumulator output; however, the resulting
2k
�m ROM will be large, slow, and power hungry. There is a

large body of literature discussing various methods to perform
this mapping using a smaller ROM. Early approaches focused
on compression techniques of the sine function [3] [4], while
others use polynomial-based approaches with the ROM storing
coefficients [5] or purely algorithmic CORDIC architectures [6].

In choosing an architecture, there is usually a trade-off be-
tween ROM size, circuit complexity (adders, multipliers, etc.)
and the accuracy of the resulting sine output. The approach cho-
sen here is a relatively straightforward implementation of the so-
called Sunderland architecture with a modification proposed by
Vankka [1]. This architecture allows for the correction scheme
detailed in the following section.

The first compression step exploits the quarter wave symme-
try inherent in the sine function to reduce the ROM by a factor of
four. Since the k-bit accumulator output is essentially an angle,
θ, ranging from �π to �π, we can use the two most signifi-
cant bits of the accumulator output to determine the quadrant
and store only the 0 to π�2 range of values in the ROM. Follow-
ing Sunderland’s initial work, further compression is achieved
by representing θ as a sum of coarse, medium, and fine compo-
nents, α�β�χ, respectively. The conversion block output is
the sine of this angle and can be approximated as the sum of a
coarse and fine component as shown below [1]:

sin�α�β�χ�� sin�α�β�� cos�α� β̄�sin χ (2)

where β̄ is the average value of β over the interval. The two
terms in Eq. 2 can be used to generate a set of coarse and fine
coefficients which are loaded into two separate ROMs. The re-
sulting terms are summed prior to being sent to the DAC. See
Fig. 3 for a MATLAB Simulink model of the basic DDS archi-
tecture.

The ROM coefficients are calculated using the following ex-
pressions:

Fcoarse�α�β� � sin

�
π
2

�
α2B�β

2A�B

�
�

1
2A�B�C�1

�
(3)
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Fig. 4. Output spectrum of modified Sunderland DDS
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where A, B, and C are the number of bits in the coarse, medium,
and fine portions of the ROM word, i.e. the ROM input is A�
B�C � k bits wide. The half-LSB terms (1�2A�B�C�1) arise
from the use of 1’s complement arithmetic, which allows for
simpler logic than using a 2’s complement approach [7]. The
width of the coarse and fine ROM words are less than that of the
DAC, resulting in further savings.

Note that another common form of compression included in
the model is the so-called sin�θ�� θ representation, which fur-
ther reduces the total ROM word width at the expense of another
adder [7].

The DDS design was first simulated in MATLAB’s Simulink
program and the Xilinx System Generator blockset. The sim-
ulated output spectrum for the digital DDS is shown in Fig.
4 for a center frequency of 100kHz, a clock rate of 10MHz,
and a 12-bit DAC word. The total ROM word size is 14 bits
where A=5, B=5, C=4. The total number of bits in the ROM are
2�A�B�

� 8� 2�A�C�
� 5 � 5376. As shown in Fig. 4, the simula-

tions indicate an SFDR of approximately 83dB.
The next stage of the design mated the digital DDS with a

discrete DAC to create a complete DDS. The digital DDS was
implemented in an Actel FPGA after being coded into VHDL.
Verification of the design utilized testbenches and data gener-
ated automatically from the System Generator program and the
Simulink simulation. A custom PCB was manufactured which
allowed the use of both a commercial 12-bit, non-radiation hard-
ened DAC and an APL-designed 12-bit radiation hardened DAC
[8]. Both DACs are 5V devices, although the APL DAC can also
be run at 3.3V.

For the RF uplink application, the output will be low pass
filtered such that only the second harmonic energy will be of
concern. In simulation, this would seem to be a very easy target
to reach, since the first spur occurs at the third harmonic; how-
ever, the measured response, shown in Fig. 5 and Fig. 6, show
a significant second harmonic response. Note that the source
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Fig. 3. System Generator schematic of DDS digital simulation

Fig. 5. Measured response of modified Sunderland DDS with APL DAC

clock for the DDS in this measured data is 12MHz rather than
10MHz, resulting in a fundamental frequency of 120kHz. The
measured second harmonic is due to non-idealities in the DAC
response. The effect is especially pronounced in the APL DAC’s
response. Ignoring all harmonics past the second, the APL DAC
response has an SFDR which is approximately 11dB worse than
the commercial DAC response. In addition, the “close in” re-
sponse, that is, the spectrum within 1% the fundamental, shows
that the APL DAC’s output spectrum is spread more broadly.

In both cases, the SFDR of approximately 54dB at the second
harmonic for the APL DAC and 65dB for the commercial DAC
is significantly worse than the simulated response. From this
data, it appears that DAC performance plays a significant role in
optimizing the overall DDS response. Therefore, adding further
complexity for small improvements in the digital architecture
performance was not a focus of further effort.

Fig. 6. Measured response of modified Sunderland DDS with commercial DAC

III. OPTIMIZATION

To improve the DDS performance, a correction scheme was
implemented to partially account for the APL DAC’s integral
non-linearities (INL). Fig. 7 shows the measured deviation of
the DAC response from an idealized straight line [8]. Note that
there is a 64 LSB periodicity in the errors that corresponds to
the number of current sources in each row of the thermometer
encoded DAC.

The DAC INL is, unfortunately, asymmetric about the cen-
ter of the output range. Therefore, the entire output range of
the DAC was encoded in the ROM in order to correct the INL
effectively. To this end, the compression of the DDS ROM co-
efficients was reduced from the standard quarter-wave to a half-
wave representation. The size of the required ROM was thus
doubled since the address space of the ROM was to remain un-
changed in order to maintain DAC performance.

The coarse ROM words were corrected to partially account
for the DAC non-idealities. First, the average INL error over the
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Fig. 7. DAC INL measurement

Fig. 8. Simulated improvement due to DAC correction

“span” of each coarse ROM word (16 output codes in this case)
was calculated. This value was then subtracted from the final
value stored in the ROM. In order to avoid generating negative
coarse coefficient values, the INL calculation had to be modi-
fied to ensure an INL of zero at the bottom of the DAC range.
The revised INL fit resulted in a very small average in the re-
gion in which the output codes were likewise small. The fine
coefficients were not modified.

δ̄�α�β� �
1

2C

2C

∑
i�1

INL�i�α�β� (5)

F �

coarse�α�β� � Fcoarse�α�β�� δ̄�α�β� (6)

The validity of this scheme was first simulated in MATLAB
by incorporating a model of the DAC in the Simulink model.
As shown in Fig. 8, the model does predict the existence of a
second harmonic with an SFDR of approximately 50dB using
the uncorrected DAC model. Furthermore, the correction algo-
rithm could significantly improve the SFDR of the DDS - by
approximately 18dB at the second harmonic in this case.

Fig. 8 shows the measured response of the DDS with the
coarse ROM coefficients corrected for the DAC behavior. This
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Fig. 9. Measureded improvement due to DAC correction

measurement, taken on a system with a very stable clock source,
shows an SFDR of approximately 62dB. The 4dB gained by cor-
rection was not as significant as was simulated, most likely due
to other transient effects not accounted for in the INL correc-
tion. Undoubtedly, there are also small effects due to board
noise that also slightly degrade the overall performance. The
response close to the fundamental had a small improvement of
1-2 dB.

A key limitation to this approach is that, because the digital
portion of the DDS is tailored to a given DAC, it is not applicable
to a fully integrated DDS since the DAC’s exact characteristics
cannot be known apriori. However, for a DAC design with some
systematic non-linearities in its response, the ROM coefficients
can be hard-coded and used in a fully integrated DDS to some
effect. In this particular case, the non-linearities were predom-
inantly systematic (as opposed to random) from chip to chip.
Thus, this technique would be of benefit for this DDS/DAC
combination. One can envision a more general solution in which
a small correction RAM is included with the DDS and loaded
correction coefficients obtained during an initial calibration of
that particular device.

IV. CONCLUSION

The implementation of a fully integrated DDS has been ex-
plored but not completed. Synthesis and layout of the digital
portion of the DDS with the ROM synthesized into logic has
been performed using APL’s 0.5µm radiation tolerant digital cell
library. The estimated maximum clock frequency is 40MHz.
The current design requires an area of approximately 3mm2. Fi-
nal integration with the DAC will require extra isolation, but the
total die size is estimated to be 6mm2. Completion of the full
DDS will depend on results of the DAC testing and applicability
of the correction scheme to the updated DAC. It is anticipated
that this radiation tolerant DDS can be competitive with a com-
mercially available DDS in this particular application. Fig. 10
shows the measured response at the fundamental and first har-
monic for our corrected DDS prototype system and a commer-
cial DDS. Note that the SFDR at the first harmonic is approx-
imately 5dB better for the APL prototype system. However, it
is expected that there will be some degradation in performance
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Fig. 10. Comparison of APL and commercial DDS’s

upon integration of the complete DDS due to digital noise cou-
pling to the DAC.
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