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Abstract— In this paper, we propose an all-digital frequency
synthesizer using interpolation techniques. Unlike the traditional
direct digital synthesizer (DDS) which requires a large look-up
table to store the phase and its corresponding sine wave, our new
design contains only a linear feedback shift register (LFSR) and
two banks of memory to store the two reference sequences. This
can achieve a cost-efficient design. The novelty of this idea lies in
that one can synthesize the desired frequency between these two
reference frequencies through a threshold device. The frequency
resolution of this synthesizer is determined by the order of the
LFSR. The maximal spur around the synthesized frequency may
be controlled by the numerical precision of these two reference
frequencies. The percentage error of the synthesized frequency is
identical to that of the system clock. This design is mainly used
in implementing an economical digital modulator for continuous
phase frequency shift keying (CPFSK) and other related wireless
communication arts.

I. INTRODUCTION

Accompanying the rapid development of complementary
metal-oxide semiconductor (CMOS) fabrication techniques,
digital design has become more and more popular in the
recent few years. Unlike its analog counterpart, digital circuitry
deserves much more robustness against fabrication variation
and more efficient in power consumption. Besides, digital
circuits are relatively insensitive to the change of tempera-
ture, pressure, and aging [2]. These effects have driven the
development of digital circuitry profoundly.

Regarding the research interest of wireless communications,
frequency synthesizers always play a key role in designing
a communication system. Typically, these applications may
include frequency modulation/demodulation of the transmitter
and receiver, respectively [8], [9]. For these wireless com-
munication applications, system designers should carefully
use the system resources and follow the related regulations.
These scanty resources may be, for example, bandwidth. An
accurate and precise frequency synthesizer is thus essential
in designing a wireless transceiver. Among all the already-
known frequency synthesis techniques that suited for the very
large scale integrated (VLSI) design, phase locked loop (PLL)
are widely used in today’s commerical products. These PLLs
may be all-digital or a mixed-signal device that depend on

the system requirements [1]. However, a PLL-based design
sometimes is not a cost-effective choice.

Besides this traditional technique, there still exists other
frequency synthesizers, e.g., DDS. Spotting on the various
techniques, a comprehensive comparison is reported in [4].
Regarding these merits and drawbacks of these possible can-
didates, digital synthesizers often reveal much faster tuning
speed and settling time than their analog competitors. Besides,
a digital synthesizer is often easy to generate a much higher
frequency resolution.

In this paper, an all-digital frequency synthesizer that aims
at providing a hardware-efficient architecture is proposed. In
this new architecture, only two sets of memory banks and some
other simple logic are used. These two reference frequencies
are predetermined according to the system specifications. Ex-
cept for these two memory banks, our new design also contains
a LFSR. Conceptually our new design can interpolate all the
frequencies between these two reference frequencies. We may
conveniently call this new synthesizer interpolation synthesizer
(IS). Since this new design is fully digital, it almost inherits all
the benefits of a DDS such as high frequency resolution, fast
settling time, and etc. The synthesized frequency is determined
by the threshold of the threshold device. If the value of LFSR
is less than a predetermined threshold, the output sequence
should be, say, sequence 1; on the other hand, if this value is
larger than the threshold, the output sequence will be sequence
2. The novelty of this idea lies in that it is not necessary to
build a large look-up table (LUT) for each phase increment
as a DDS. Although some approaches to reduce the size of
a DDS have been proposed, e.g., [3] and [10], it is still
hardware-expensive to implement this block. In our design,
analog waveform may also be generated if a digital-to-analog
converter (DAC) is cascaded behind the IS.

The remaining parts of this paper are organized as follows.
In Sec. II, we present the system blocks of this synthesizer.
In Sec. III, we present the numerical results to examine
the accuracy of synthesized frequency and impact of finite-
precision effect. Finally, conclusions are concluded in Sec.
IV.
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II. SYSTEM DIAGRAM OF IS

The system blocks of the IS are shown in Fig. 1. This
synthesizer mainly consists of two memory banks that store
two reference sequences with frequencies f1 and f2 and a
LFSR to determine the output sequence. The system clock
rate is denoted as fs. The system clock period Ts may be
written as

Ts =
1
fs

. (1)

Since the output sample rate is fixed, the lengths of these
two sequences should be different from each other. These two
reference sequences may be represented as

x1[n] = sin (2πf1(n1 − 1)Ts) (2)

x2[n] = sin (2πf2(n2 − 1)Ts) , (3)

where n1 = 1, · · · , N1 and n2 = 1, · · · , N2. N1 and N2 re-
semble the periods of sequences x1[n] and x2[n], respectively.
Notice that we should choose f1 and f2 as close as possible
so as to generate a pure frequency. We may represent N1 and
N2 as

N1 =
fs

f1
(4)

and

N2 =
fs

f2
. (5)

We may use these two sequences x1[n] and x2[n] to synthesize
the intended signal with frequency fsync. The method of
generating fsync comes from the idea that the synthesized
frequency may be constituted by two sinusoids with quasi-
random probability. The minimal frequency that can be re-
solved is determined by the order of the LFSR. A trace of this
idea may also be found in a fractional-N frequency synthesizer
[7]. By assigning different probability to the reference signal,
one can change the constituting components of the output
sequence. Intuitively fsync should lie between f1 and f2. In
order to obtain a stable output, the difference between these
two reference frequencies should be as small as possible.

Regarding the design of a LFSR, there are basically
two configurations to generate a maximal length sequences;
namely, Galois feedback generator and Fibonacci feedback
generator [6]. These two generators are functionally equivalent
and are with identical hardware complexity. We may arbitrarily
choose Galois feedback generator in our new design. We re-
produce this configuration in Fig. 2. The frequency resolution
of this synthesizer is determined by the order of the LFSR
r and the characteristics of a LFSR is determined by the
generating polynomial

g(D) =
r∑

i=0

giD
i (6)

If g(D) is primitive, the outcome of the LFSR
(ar−1, ar−2, ar−3, . . . , a2, a1, a0) is with a period 2r − 1
and is called degenerated [6]. In order to achieve a better
frequency resolution, a primitive polynomial is recommended.

For the reason of simplicity in notation representation, we
assume that f2 > f1 and the equivalent value of the LFSR
lies between [0, 1). If this value is less than a predetermined
threshold TH, the output sequence is x2[n]; otherwise, the
output is x1[n]. We may write fsync as

fsync = TH · f2 + (1 − TH) · f1. (7)

If the generating polynomial of the LFSR is primitive, all the
2r − 1 transition states will be different. Thus, one yields the
frequency resolution

fres =
f2 − f1

2r − 1
(8)

Substitute (4) and (5) into (7), we get

fsync =
(

TH

N2
+

1 − TH

N1

)
· fs (9)

According to the sampling theorem, the maximal achievable
frequency is limited to half the system clock rate [3], [7].
In addition, the synthesized frequency is with identical per-
centage error as the system clock if there exists a frequency
error of the system clock. This maybe proved by extending
(9). The methodology of how to quantize a real number into
a finite-precision one is also an important issue for a digital
frequency synthesizer. We will touch upon this issuein the
following section.

III. NUMERICAL RESULTS

In this section, we provide two examples to examine the
effectiveness of the newly proposed frequency synthesizer. The
octal representation of the generating polynomial used in these
two examples are [2011] and the initial setting of the registers
in LFSR are all 1’s.

In Figs. 3-4, we use the method of averaging periodogram
[5] to examine both the correctness and the impact of finite
word-length effect on the power spectral density (PSD) of the
synthesized frequency. The PSDs are each estimated by aver-
aging 61 periodograms each with length 26784 and zoomed
into appropriate frequency bands. The frequency resolution
in these two examples is 1 (kHz). The sampling frequency
fs used here is 26.784 (MHz) and the intended frequency is
201.008 (kHz). We thus may choose N1 = 134, N2 = 133,
and TH = 0.75. Although there still exists other candidates
for N1, N2, and TH, two neighboring reference frequencies
may yield better performance in phase noise. In fig. 3, we use
floating-point format to resemble Seqs. 1 and 2. Also shown in
Fig. 3 is a sinusoidal signal with an exact frequency 201.008
(kHz). Note that both curves in Fig. 3 are normalized to its
peak amplitude for fair comparison. Evidently, both curves
are with identical center frequency. The phase noise at a 100
(kHz) offset is approximately −67.2 − 10log10103 = −97.2
(dBc/Hz).

In Fig. 4, we consider the impact of finite-precision nu-
merical effect on the spectra of synthesized signals. Typically,
we use 5 bits to represent each sample of Seqs. 1 and 2.
Conceptually finite-precision effect causes spurs at higher
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frequency band. These spurs may be mitigated if we allocate
more bits to represent the reference frequencies. The maximal
spur in this case is located around 1000 (kHz) and the
frequency suppression of the maximal spur is approximately
47.8 dB.

IV. CONCLUSIONS

In this paper, we propose an economical frequency syn-
thesizer. Unlike a traditional DDS that uses a large memory
to save all the possible output samples, only two reference
sequences are kept. This design may be implemented using
VLSI and may be fabricated using CMOS fabrication process.
Both digital and analog output are available in our design.
As compared to its analog competitor, a much faster settling
time may be achieved. This new design also inherits almost
all the benefits of digital circuitry. Theoretically, the highest
frequency for a digital synthesizer is half the system clock rate.
However, if we intend to get a better phase-noise performance,
the highest achievable frequency should be less than fs

3 .
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Fig. 1. System blocks of IS.
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Fig. 2. LFSR of Galois configuration [6].
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Fig. 3. PSDs of the synthesized signal and its corresponding exact signal.
Curve 1: Synthesized signal using IS. Curve 2: Corresponding exact signal.
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Fig. 4. Effects of finite-precision on PSDs. Curve 1: Floating-point numerical
format. Curve 2: Fixed-point numerical format with 5 bits per sample.
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