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Abstract—This paper presents a low power, ultrahigh-speed
and high resolution SiGe DDS MMIC with 11-bit phase and 10-bit
amplitude resolutions. Using more than twenty thousand tran-
sistors, including an 11-bit pipeline accumulator, a 6-bit coarse
sine-weighted DAC and eight 3-bit fine sine-weighted DACs, the
core area of the DDS is 3 2.5 mm�. The maximum clock fre-
quency was measured at 8.6 GHz with a 4.2958 GHz output. The
DDS consumes 4.8 W of power using a single 3.3 V power supply.
It achieves the best reported phase and amplitude resolutions,
as well as a leading power efficiency figure-of-merit (FOM) of
81.1 GHz 2���� �/W in the mm-wave DDS design. The measured
spurious-free-dynamic-range (SFDR) is approximately 45 dBc
with a 4.2958 GHz Nyquist output, and 50 dBc with a 4.2 MHz
output in the Nyquist band at the maximum clock frequency of 8.6
GHz. Under a 7.2 GHz clock input, the worst-case Nyquist band
SFDR and narrow band SFDR are measured as 33 dBc and 42 dBc
respectively. The measured phase noise with an output frequency
of 1.57 GHz is 118.55 dBc/Hz at a 10 kHz frequency offset with
a 7.2 GHz clock input generated from an Agilent E8257D analog
signal generator. All the measurements were taken with the chips
bonded in a CLCC-52 package.

Index Terms—Accumulator, digital-to-analog converter (DAC),
direct digital synthesizer (DDS), sine-weighted DAC, ROM-less
DDS.

I. INTRODUCTION

U LTRAHIGH-SPEED heterojunction transistors (HBT)
allow a direct digital synthesizer (DDS) to operate at

mm-wave frequency, which is a preferable solution to the syn-
thesis of sine waveforms with fine frequency resolution, fast
channel switching and versatile modulation capability [1], [2].
There are several mm-wave DDS designs reported with clock fre-
quencies from 9 GHz to 32 GHz and digital-to-analog converter
(DAC) resolution from 5 bits to a maximum of 8 bits [3]–[5].
These DDSs have been implemented in indium phosphide (InP)
(HBT) technology and only tested on-wafer [3]–[5]. The max-
imum achieved spurious-free-dynamic-range (SFDR) in these
DDSdesigns is less than30dBc,which isnot sufficient for typical
radar and wireless applications. The low yield and high power
consumption of InP HBTs limits the InP HBT-based DDS from
achieving higher resolution. We have developed several DDSs
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in silicon germanium (SiGe) BiCMOS technology with more
robust and higher yield devices than the InP counterpart [6], [7].
However, our earlier versions of SiGe DDSs still suffer from
less than 30 dBc SFDR. A higher spectrum purity and higher
amplitude resolution are required in modern radar and communi-
cation systems. With a segmented sine-weighted DAC, the DDS
presented in this paper achieves 11-bit phase and 10-bit ampli-
tude resolutions with a maximum clock frequency of 8.6 GHz
[8]. The DDS consumes 4.8 W with a leading power efficiency
figure-of-merit (FOM) of 81.1 GHz 2 /W and the best
reported Nyquist band worst-case SFDR of 33 dBc in mm-wave
DDS designs. This paper is organized as follows. Section II intro-
duces the DDS architecture with a brief discussion of the DDS
spectrum purity. In Section III, the segmentation scheme for
the mm-wave sine-weighted DAC design is discussed, and the
circuit implementation for the ROM-less DDS MMIC design is
described in Section IV. In Section V, experimental results are
presented, and conclusions are given in Section VI.

II. DDS ARCHITECTURE AND SPECTRAL PURITY

A. Conventional DDS and ROM-Less DDS

Conventional DDS design normally consists of a phase accu-
mulator, a ROM lookup table (LUT) and a linear DAC. The phase
accumulator computes the correct phase angle for the output sine
wave by accumulating the input frequency control word (FCW)
on each clock cycle. If the size of the accumulator is N bits, as
shown in Fig. 1, the maximum phase value will be

. To save power and reduce the complexity of the sinu-
soidal LUT, the N-bit output of the accumulator may be truncated
to P bits before addressing the ROM. The ROM LUT performs
a phase-to-amplitude conversion (PAC) of the output sinusoidal
wave. Once the amplitude information is obtained, it may be fur-
ther truncated to D bits that correspond to the number of input bits
of the DAC. The digital amplitude codes are then fed into a linear
DAC that generates an analog replica of the synthesized wave-
form. A low-pass filter (LPF) usually follows the DAC to remove
the unwanted frequency components. The input clock frequency
and FCW determine the frequency step size of the DDS as

(1)

and the output frequency of the DDS is given by

(2)

where is the DDS clock frequency, FCW is the input fre-
quency control word, and is the size of the phase accumu-
lator. Based upon the Nyquist theorem, at least two samples per
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Fig. 1. Block diagram of the conventional ROM-based DDS.

Fig. 2. Block diagram of the ROM-less DDS.

clock cycle are required to reconstruct a sinusoidal wave without
aliasing. Thus, the largest value of the FCW is . There-
fore, the maximum output frequency of the DDS is limited to
less than . However, the output frequency of the DDS is
usually constrained to be less than in a practical imple-
mentation of the deglitch LPF.

The ROM size of the conventional DDS increases expo-
nentially with an increase of the number of phase bits used to
address the LUT. In general, increasing the ROM size results
in higher power consumption and larger area in ROM-based
DDS designs. Numerous attempts have been made to com-
press or eliminate the ROM LUT in the phase-to-amplitude
conversion. Langlois has published a comprehensive review of
the phase-to-amplitude conversion techniques [9], including
angular decomposition [10]–[12], angular rotation, sine ampli-
tude LUT compression [13], polynomial approximation and
phase-to-sine amplitude conversion (PSAC)-DAC combina-
tions. All the phase-to-amplitude conversion methods with
the exception of PSAC-DAC involve either a large ROM or
a complex architecture, yet operate at relatively low speed.
To overcome the speed and power performance limits of the
ROM-based DDS with high resolution, a ROM-less DDS with
sine-weighted DAC (identified as PSAC-DAC by Langlois) has
been developed in both low speed and mm-wave DDSs.

The conceptual block diagram of this ROM-less DDS em-
ploying a sine-weighted DAC is shown in Fig. 2. The ROM-less
DDS replaces the ROM and linear DAC with a sine-weighted

DAC that serves as a PAC block as well as a DAC. It elimi-
nates the sine LUT, which is the speed and area bottleneck for
high-speed DDS implementations. But, it is a design challenge
to achieve high resolution in the sine-weighted DAC due to the
required nonlinear segmentation process.

The proposed DDS adopts a ROM-less architecture, which
combines both the sine/cosine mapping and digital-to-analog
conversion together in a sine-weighted DAC [14]. The block
diagram of the ROM-less DDS, with N-bit phase and (P-1)-bit
amplitude resolution is shown in Fig. 3. The major part of the
ROM-less DDS is an N-bit pipeline phase accumulator and
a current-steering sine-weighted DAC. Since the output fre-
quency cannot exceed the Nyquist rate, the most-significant-bit
(MSB) of the accumulator input is tied to zero. The N-bit FCW
(including ) feeds the accumulator which controls the
output frequency of the synthesized sine wave. The two MSBs
of the accumulator output are used to determine the quadrant of
the sine waveform. The remaining (P-2)-bits are use to control
the segmented sine-weighted DAC in generating the amplitude
for a quarter phase sine wave. With the segmentation
method described in the following sections, MSBs are
used to control the coarse DAC, while the a-bit MSBs and c-bit
LSBs are used to control the fine DACs.

B. DDS Spectral Purity

In order to achieve fine step size, a large phase accumulator
is desired. However, the phase accumulator output is normally

Authorized licensed use limited to: Auburn University. Downloaded on February 4, 2010 at 14:16 from IEEE Xplore.  Restrictions apply. 



302 IEEE JOURNAL OF SOLID-STATE CIRCUITS, VOL. 45, NO. 2, FEBRUARY 2010

Fig. 3. Block diagram of the ROM-less DDS with segmented DACs. Specifically for this design, � � ���� � �� and � � � � �.

truncated to save die area and power. For instance, the output
of the phase accumulator is truncated into P bits . The
number of phase bits (P) is chosen based on the power and area
budgets, as well as the signal-to-noise ratio (SNR) requirement
of the DDS.

In the process of discrete phase accumulation and phase word
truncation, spurs and quantization noise are introduced at the
DDS output spectrum that can be modeled as a linear additive
noise to the phase of the sinusoidal wave. Phase truncation error
is periodic. If the MSBs of an N-bit phase word are used to
address the DAC or LUT, the resultant spurs are mixed with
the DDS output frequency generating spurs at multiples of that
frequency [8], given by

(3)

where GCD(A, B) denotes the greatest-common-divisor (GCD)
of A and B.

In addition to the spurious components, the DDS output
waveform will suffer from amplitude distortion due to the finite
number of quantization levels in the DAC. The envelope of the
DDS output waveform is modulated by a sine wave with the
frequency of

(4)

Note that the envelope of the DDS output waveform is mod-
ulated by a low-frequency signal except when the FCW is an
integer power of 2. For a Nyquist output, the frequency of the
amplitude distortion, which looks like amplitude modulation
(AM), is given by

(5)

In addition to the spurs that come from phase truncation, DAC
spurs represent another big source of error. SFDR is one of the
most important specifications for the dynamic performance of a
DAC, as well as a DDS. The sine-weighted DAC shares many

design challenges with the linear DAC. The most important fac-
tors affecting linear and sine-weighted DACs are summarized
below [15]:

a. imperfect synchronization of the control signal at the
switches;

b. digital signal feed-through via the or of the
switch transistors;

c. voltage variation at the drain of the current source transis-
tors;

d. finite output impedance of the current switches.
The first three problems can be minimized by careful layout

to balance the delays of the signal and clock paths such that the
signals arriving at the switches are synchronized. However, it
is not easy to distribute the high frequency clocks across long
distances. To ensure clock synchronization, a specific clock dis-
tribution scheme, such as an H-tree or a grid topology, need to
be employed.

SFDR is also affected by the output impedance of the DAC
[16]. For an N-bit DAC with a switching structure as shown in
Fig. 9, the SFDR can be estimated as

(6)

where is the output impedance at the drain, or collector, of
each switch, and is the load resistance for the DAC output.
In addition to other factors, must be maintained as high as
possible in order to obtain a high SFDR in the desired frequency
bandwidth. A cascode current source is a simple and effective
way to increase the output impedance, and is adopted in this
ultrahigh-speed sine-weighted DAC design.

III. SINE-WEIGHTED DAC SEGMENTATION

The sine-weighted DAC combines the sine/cosine map-
ping block with the digital-to-analog amplitude converter.
For high speed DAC design, a current-steering architecture
is an excellent candidate because of its fast switching speed.
It is quite difficult to build a non-segmented DAC with more
than 10 bit resolution due to the exponential increase in area
and power consumption that results from increasing the DAC
resolution. The problem becomes even more pronounced for
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sine-weighted DAC designs. In linear DAC design, high accu-
racy can be achieved using segmentation. For instance, a 10-bit
DAC can be segmented into a 5-bit coarse DAC and a 5-bit fine
DAC, i.e., a segmentation, while a 12-bit DAC can be
segmented into an 8-bit coarse DAC and a 4-bit fine DAC, i.e.,

segmentation [8]. Similarly, a sine weighted DAC can
also be segmented into coarse DAC and fine DACs [17]. The
major difference between the linear DAC and sine-weighted
DAC is that the linear DAC has an identical current source or
a power of 2 weighted current sources for each bit, depending
upon the decoder scheme, while the sine-weighted DAC has a
variety of weighted current sources.

A. Quantization and Segmentation of the Sine Wave

In general, only one quarter of the sine wave needs to be gen-
erated because of the quadrant symmetry of the sinusoidal func-
tion. For a P-bit phase word, the first two MSBs are used to de-
termine the quadrant of the sine wave, and the remaining
bits will be used to represent one quarter of the sine wave, as
shown in Fig. 3. If we further segment the remaining
phase bits in three parts with a, b and c bits ,
there are phase words for one quarter of the sine wave.
The phase word can thus be represented as

(7)

where and are the phase sequence numbers related to the
segmented parts a, b and c. Thus, if the amplitude of the sine
wave is given by , where is number of amplitude
bits, and for a specific phase word , the quarter sine wave can
be represented as

(8)

Since

(9)

we have

(10)

Thus, the sine wave can be approximated as

(11)

with

(12)

(13)

where is the sinusoidal value to be stored in a coarse
DAC, and denotes the sinusoidal value to be stored
in fine DACs, respectively. From the above decomposition, two
sub-DACs can be designed to convert a complete sine wave to
its analog waveform. The fine DAC data can be used
to interpolate the coarse DAC data . In order to quan-
tize , the amplitude differences between the two adjacent
coarse phase words are derived as shown in (14). To simplify
the quantization of , the average of is used to repre-
sent every value and is thus simplified to .
Hence, the amplitude difference between the two adjacent fine
phase words for the fine DACs can be obtained as shown in (15).
In (14) and (15), it should be pointed out that:

a) is the truncated phase resolution, ;
b) denotes the rounding of number down to the

nearest integer toward zero;

(14)

(15)
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c) is the
average value of ; and

d) , where is replaced
with its averaged value.

With (14) and (15), the sine function can be rewritten as

(16)

where the first term denotes the data stored in the coarse DAC
current sources and the second term denotes the data stored in
the fine DAC current sources.

This trigonometric decomposition is similar to the ROM com-
pression in the ROM-based DDS. In the approaches by Sunder-
land [10] and Nicholas [11],

(17)

The following two approximations

(18)

have been made, while in the approach adopted here, the ap-
proximation is improved by using

(19)

where is the mean value of . The approximation error will
be analyzed in the next subsection.

B. Approximation Error Analysis

In the previous subsection, two approximations are used for
the coarse DAC and fine DACs respectively. The first is repre-
sented in (10). The second is the use of the mean value of for
the computation of . Both the approximations lead to
errors in the computation of the sine wave’s amplitude. For the
coarse DAC the approximation error is

(20)

The maximum value of is

(21)

when and .
For the fine DACs,

(22)

and the maximum value of is

(23)

when and .
If the whole DAC requires a 9-bit amplitude resolution, ex-

cluding the MSB mirroring, then the coarse DAC should have
at least a 9-bit resolution and the fine DACs should have c-bit
resolution. From (21) and (23),

(24)

From (24),

(25)

As long as and are in the range of (25), the approximation
errors are less than the quantization noise and can be ignored.

C. Optimizing the Segmentation

From the above discussion, the quantization noise is signifi-
cantly affected by the segmentation. To optimize the segmenta-
tion for better performance, one or more optimization parame-
ters need to be considered. SFDR, power consumption and die
area are the most critical parameters in the mm-wave DDS de-
sign. An optimized segmentation figure-of-merit (FOM), nor-
malized by the non-segmented values, is defined as

(26)

where , SFDR, and represent the segmentation
figure-of-merit, spurious-free-dynamic-range, power consump-
tion and occupied area, respectively. The subscript “ ” means
segmented DAC and “ ” denotes non-segmented DAC. Un-
like CMOS logic design, where the power consumption results
mainly from dynamic power, the primary power consumed
by the current-mode-logic (CML) circuits that are used in the
mm-wave DDS designs is the static bias current in the CML
current sources. Moreover, we assume that both the DAC power
consumption and area are proportional to the number of DAC
switch cells. If we segment the switch cells to and , the
normalized number of switch cells is given by

(27)

which can be used to represent either the normalized power con-
sumption or the normalized area . For a sine-
weighted DAC with total 9 input bits, Table I shows the simulated
SFDR, normalized power consumption or area and the .
The results in Table I demonstrate that with a larger or , a better
SFDR can be achieved, but power consumption and area will in-
crease as well. Segmentation with yields the best
SFDR, yet it also leads to the highest power consumption and
largest area. This result is understandable since means
a non-segmented DAC. The segmentation with
results in a good power and area efficiency, and a relatively high

Authorized licensed use limited to: Auburn University. Downloaded on February 4, 2010 at 14:16 from IEEE Xplore.  Restrictions apply. 



GENG et al.: DIRECT DIGITAL SYNTHESIZER MMIC 305

TABLE I
SIMULATED SEGMENTATION FOM FOR DIFFERENT SEGMENATIONS WITH

11-BIT PHASE AND 10-BIT AMPLITUDE RESOLUTIONS

SFDR. Moreover, it achieves the best of 0.47. Note that
the simulated SFDR in Table I includes only the effect of static
quantization errors of the sine-weighted DAC, whereas the prac-
tical integrated circuit also suffers from other nonlinearities and
distortions discussed in Section II. As a result, the measured
SFDR will be worse than what is given in Table I.

IV. CIRCUIT IMPLEMENTATION OF THE

11-BIT ROM-LESS DDS

With a 3.3 V power supply and a SiGe HBT base-collector
voltage of 0.85 V–0.9 V, all of the digital logic is implemented
using 3-level CML with differential output swings of 400 mV. A
tradeoff has been made between the DDS operational speed and
its power consumption. For an 11-bit packaged DDS MMIC,
power consumption is the primary concern. To save power, each
tail current in a CML current source is set to 0.3 mA, which is
close to 40% of the peak current. In the contrast, traditional
CML circuits are biased at 70–80% of the peak current. A
traditional implementation of the CML circuits would end up
with a DDS with power consumption larger than 9.0 W.

A. 11-Bit Pipeline Accumulator

To achieve the maximum operating speed with a fixed FCW,
a pipeline accumulator is used in this design. It uses the most
hardware, but achieves the fastest speed. The total delay of the
accumulator is one full adder (FA) propagation delay plus one
D flip-flop (DFF) propagation delay.

Fig. 4 illustrates the architecture of the 11-bit pipeline phase
accumulator, which has a total of 11 pipelined rows. Each row
has a total of 12 DFF delay stages placed at the input and output
of a 1-bit FA. Eleven DFF stages are needed for an 11-bit
pipeline accumulator. One more DFF is used for each row to
retime the signal for data synchronization. This scheme retimes
the signal to remove the timing mismatch due to the metal wire
delays from the accumulator output to its input. Obviously,
the pipeline accumulator has a propagation delay of 12 clock
cycles, including a latency period of 11 clock cycles plus one
retiming clock cycle. Note that an accumulator requires at
least one delay stage even without any pipelined stages. So
the pipeline architecture shown in Fig. 4 allows the 11-bit
accumulator to operate at the speed of a 1-bit accumulator
consisting of an FA and a DFF.

B. 10-Bit Segmented Sine-Weighted DAC

The block diagram of the 10-bit sine-weighted DAC is shown
in Fig. 5. It has a 9-bit complementor and a current-steering
sine-weighted DAC, which includes a 6-bit coarse DAC and
eight 3-bit fine DACs. The MSB of the DAC input is used to
provide the proper mirroring of the sine waveform about the
phase point. The 2nd MSB is used by the complementor to in-
vert the remaining 9 bits for the 2nd and 4th quadrants of the
sine waveform. The outputs of the complementor are applied to
the segmented sine-weighted DAC to form a quarter of the sine
waveform. Because of the quadrant mirror, the total amplitude
resolution of the sine-weighted DAC is 10-bits, while a 9-bit
segmented sine-weighted DAC is used to generate the ampli-
tude for a quarter phase sine wave.

Based on the discussion in Section III, setting
results in a segmentation with the best segmentation FOM.

Therefore, the 9-bit sine-weighted DAC is divided into a 6-bit
coarse sine-weighted DAC and eight 3-bit fine sine-weighted
DACs. The first 6 bits of the complementor output control the
coarse sine-weighted DAC, and the highest 3 bits also address
the selection of the fine DACs. The lowest 3 bits of the com-
plementor output determine the output value of each of the fine
DACs.

With 11-bit phase and 10-bit amplitude resolutions, the
weighted current sources of the coarse DAC and fine DACs
can be calculated from (14) and (15). The numbers within the
coarse DAC and fine DACs in Fig. 5 represent the weights of the
various current sources. To describe the DAC core architecture
and its operation, an operator is defined between two 8 8
square matrices.

(28)

To match the sine-weighted DAC description, the matrix in-
dexes start from 0 instead of 1. As an example, for a specific
phase word

(29)

the quarter sine wave is rebuilt using (16) and represented in
(30), where and represent the operation state (0 means
open and 1 means closed) of the respective coarse DAC and fine
DAC switches. Comparing to (16) and (30), we have

(31)

(32)

and

(33)

From (31), the control bits of the coarse DAC switch matrix can
be generated through thermometer decoders. Fig. 6 shows the
coarse DAC decoders. represent the input bits to the
coarse DAC and represent the complemented bits at the
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Fig. 4. The 11-bit pipeline phase accumulator.

complementor output. The full 6-bit thermometer decoder in-
cludes three parts: a column decoder, a row decoder and second
level decoders. and are inputs to the column de-

coder and row decoder, respectively. Following the second level
thermometer decoder, 6-bit binary codes are converted to 64-bit
thermometer codes represented by . As shown in Fig. 7,

(30)
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Fig. 5. 10-bit segmented sine-weighted DAC.

Fig. 6. Coarse DAC thermometer decoder. Fig. 7. Fine DACs thermometer decoders.
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Fig. 8. Illustration of interpolating the two adjacent outputs of a coarse DAC using the fine DAC current matrix.

Fig. 9. Current switch circuit of the sine-weighted DAC.

the control bits of the fine DAC’s switch matrix can be generated
through a thermometer decoder, a binary decoder and a second
level address-select decoder. and represent
the input bits to the fine DACs. and represent
the complemented bits at the complementor output. is
input through the thermometer decoder and converts the input
bits for each fine DAC, and is input through the binary
decoder to generate the address-select code. The binary decoder
and the address-select decoder work together to select which
fine DAC is used to interpolate the respective coarse DAC steps.
Through a combination of all the decoders, the 64-bit fine DAC
control matrix is generated and represented by as described
in (32).

As shown in Fig. 8, the coarse DAC current source matrix
provides 512 unit current sources. Each fine DAC uses about 8
unit current sources to interpolate the two adjacent outputs of the
coarse DAC. For example, for a phase value represented by

and , the coarse DAC current output is the sum
of all the numbers filled in the gray-shaded boxes in the coarse
DAC current matrix in Fig. 8. The fine DAC current output,
which is the sum of all the numbers filled in the gray-shaded
boxes in the fine DAC current matrix, is added to the coarse
DAC output. As a result, the total current output of the DAC

is the sum of all the gray-shaded boxes and equal to 237 unit
current sources. The unit current of each current source is set at
26 A. The largest current in the current source matrix of this
10-bit sine-weighted DAC is 338 A, which is composed of 13
unit current sources.

The current switch contains two differential pairs with cas-
code current sources for improved output impedance and current
mirror accuracy. The current outputs are converted to differen-
tial voltages by a pair of off-chip 15 pull-up resistors. Fig. 9
shows that the currents from the cascode current sources are fed
to outputs and by pairs of switches . The
MSB controls the selection between different half periods. The
current switch contains two differential pairs with minimum size
transistors and a cascode transistor to isolate the current sources
from the switches, which also improves the bandwidth of the
switching circuits.

In order to achieve current source matching in the layout, each
current source is split into four identical small current sources
which carry a quarter of the required current. To further improve
this matching, all the current source transistors, including those
in the coarse DAC and fine DACs, are distributed in the current
source matrix with a pseudo-double-centroid switching scheme
[18]. The coarse DAC and fine DACs use a total of 568 current
sources. Therefore, a 24 row by 24 column current source cells
are used to build the current matrix in Fig. 10. All the current
sources are distributed through a rotation from the matrix center
to the edge. The total number of current source cells used for
the coarse DAC are 511 and 57 are used for fine DACs. The
remaining 8 current sources are used for bias. Four 24 by 24
current source matrices are placed around a common cenrtoid.
Two dummy rows and columns are added around the current
source matrix to avoid edge effects. So the complete current
matrix has 52 rows and 52 columns.

C. Clock Distribution

To synchronize the signal in high speed circuit design, nu-
merous DFFs are used between the logic elements. In the ac-
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Fig. 10. Diagram of the current source matrix.

cumulator design, the number of the DFFs in the pipeline ac-
cumulator increases rapidly with the increasing number of the
pipeline stages. Hence, there are more than 100 DFFs used in
the 11-bit pipeline accumulator. Counting the number of the
DFFs used in the sine-weighted DAC to synchronize the current
switches, it yields approximately 300 DFFs. All of these DFFs
must be synchronized with a simultaneous clock edge. In order
to minimize the phase difference and maintain the same drive
strength between the clock and DFFs, an H-tree clock scheme
is used to ensure that the clock signal reaches each block si-
multaneously. Fig. 11 shows a simplified architecture of the
“H”-shaped clock tree. The actual clock tree is 3 times bigger
than the simplified version shown in Fig. 11. The external clock
is buffered by a differential pair and then drives two emitter fol-
lower pairs which are used as a level-shifter as well as a buffer.
Each emitter follower pair drives two or four differential pairs
and each differential pair drives other emitter follower pairs,
until the clock reaches the leaves that finally drive the DFFs.
The number of differential pairs or emitter follower pairs driven
by the previous stage depends on the driving strength of the pre-
vious stage and is proportional to the CML tail current. To keep
enough swing fully switching the next stage, a 1-driving-2 cur-
rent ratio is maintained throughout the whole clock buffer tree.

V. EXPERIMENTAL RESULTS

The die photo of the SiGe DDS MMIC is shown in Fig. 12.
This DDS design is quite compact with an active area of
3 2.5 mm and a total die area of 4 3.5 mm . The DDS
was tested in a 52-pin ceramic leadless chip carrier (CLCC-52)
package. Fig. 13 shows the packaged chip soldered on a PCB
fabricated with RO4004 material. The clock signal is generated
from an Agilent E8257D analog signal generator and is con-
verted to differential signals by a hybrid coupler. Two SMA

Fig. 11. Simplified clock tree distribution.

Fig. 12. Die photo of the 11-bit ROM-less DDS MMIC.

connectors and symmetrical tracks are used to send the clock
signal to the DDS chip. The DDS current outputs are converted
to voltage outputs through a pair of 15 on-board resistors and
connected to the spectrum analyzer or oscilloscope through
SMA connectors and RF cables.
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Fig. 13. Evaluation board for the 11-bit ROM-less DDS MMIC.

Fig. 14. Measured DDS output spectrum with a 4.2 MHz output and a max-
imum 8.6 GHz clock ���� � ��, illustrating about 50 dBc SFDR. The tone
at 91.7 MHz is from the nearby campus FM radio station.

The package has a thermal resistance of approximately
30 C/W. With a 4.8 W power consumption at room ambient
temperature, the junction temperature of the SiGe devices can
theoretically reach as high as 180 C. At such high tempera-
ture, the device performance is greatly degraded and the DAC
current switches are no longer synchronized due to increased
internal delays, which introduce noticeable distortion in the
output waveform. When the device is effectively cooled, the
DDS operates at a maximum clock frequency of 8.6 GHz. At
room temperature, the packaged DDS operates at the maximum
clock frequency of 7.2 GHz.

Figs. 14–17 illustrate the measured DDS output spectra and
waveforms for different outputs and clock frequencies. All
measurements were done with packaged parts and without cali-
brating the losses of the cables and PCB tracks. Fig. 14 presents
a 4.2 MHz DDS output spectrum with an 8.6 GHz clock input,
and a minimum FCW of 1. The measured output power is
approximately 8.3 dBm, and the measured SFDR is about
50 dBc. The tone at 91.7 MHz was generated by the nearby
campus FM radio station. To show the signal tone clearly, a
100 MHz band spectrum plot is used instead of the full Nyquist

Fig. 15. Measured DDS output waveform with a 4.2 MHz output and an
8.6 GHz clock.

Fig. 16. Measured DDS Nyquist output spectrum with a 4.2958 GHz output
and a maximum 8.6 GHz clock ���� � ��	
�, illustrating about 45 dBc
SFDR. The image tone is located at 4.3042 GHz.

band. However, the worst-case spur is located within this band,
so within both the Nyquist band and the narrow band the SFDR
is 50 dBc. Fig. 15 shows the waveform for the spectrum in
Fig. 14.

Fig. 16 demonstrates the operation of the DDS at a maximum
clock frequency of 8.6 GHz with Nyquist output (i.e.,

). Thus, the output frequency is set as

GHz (34)

The first order image tone due to mixing the clock frequency
and the DDS output frequency occurs at

GHz GHz GHz (35)

The measured SFDR of the device is approximately 45 dBc.
The tone at 91.7 MHz once again appears in the spectrum.
Fig. 17 illustrates the measured DDS output waveform with a
4.2958 GHz Nyquist output and an 8.6 GHz clock. The signal
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Fig. 17. Measured DDS output waveform with a 4.2958 GHz Nyquist output
and an 8.6 GHz clock. The 8.4 MHz envelope frequency results from mixing
the output and its image.

Fig. 18. The measured DDS SFDR versus FCW at clock frequency of 7.2 GHz.
Illustrating a worst-case SFDR of 33 dBc for the Nyquist band (3.6 GHz) and
42 dBc for the narrow band (100 MHz), respectively.

envelope frequency results from mixing the output and its
image, which is

MHz (36)

Fig. 18 shows the measured DDS SFDR plot at both the Nyquist
band (3.6 GHz) and the narrow band (100 MHz) versus the FCW
with a clock frequency of 7.2 GHz. The worst-case SFDR is
33 dBc and 42 dBc for the Nyquist band and narrow band, re-
spectively. Fig. 19 shows the measured DDS phase noise at an
output frequency of 1.57 GHz with a 7.2 GHz clock input fre-
quency. There is a 118.55 dBc/Hz phase noise at a 10 kHz
frequency offset. The input clock is generated from an Agilent
E8257D analog signal generator. The spurs showing in the mea-
surement are not harmonically related to the synthesized output
frequency. It is test environment related.

Fig. 19. The measured DDS phase noise at an output frequency of 1.57 GHz
with a 7.2 GHz clock input frequency. The input clock is generated from an Ag-
ilent E8257D analog signal generator. The graph illustrates a�118.55 dBc/Hz
phase noise at a 10 kHz frequency offset.

To evaluate the performance of mm-wave DDSs, an easily
measured and calculated FOM must be defined from a combina-
tion of performance parameters. In the previous literature [19],
a power efficiency FOM has been defined as

GHz
(37)

This previously defined FOM includes the maximum update
frequency as well as the power consumption, but does not con-
sider the amplitude resolution information, which is limited by
the DAC. For a mm-wave DDS, this lack of information is unfor-
tunate since the DAC is the most challenging part of a mm-wave
DDS design. Thus, we define a new FOM including the effec-
tive number of bits (ENOB) that measures the DAC spurious
performance. From [20], the signal to noise and total harmonic
distortion (SINAD) are used to calculate the ENOB as follows:

(38)

SINAD is the ratio of the root-mean-square (RMS) value of the
sine wave (reconstructed output of a DAC) to the RMS value
of the noise plus the total harmonic distortion (THD) up to
the Nyquist frequency, excluding the fundamental and the DC
offset. SINAD is typically expressed in dB as

(39)

where and are the RMS energy values of the signal and
noise; THD is the total harmonic distortion defined as in (40).

are the first and second harmonic distortion
energy. is the fundamental tone or signal tone energy.

(40)
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TABLE II
MM-WAVE DDS MMIC PERFORMANCE COMPARISION

Although the second items in (40) may be larger than the first
item, the SFDR is easily obtained since it can be read directly
from the spectrum analyzer. Herein, we use 1/SFDR to represent
the THD. In general, the RMS value of the noise is far below
the THD. As a result, the SFDR is used to represent SINAD to
calculate the FOM, which can be defined as

GHz

GHz
(41)

represents the ENOB obtained from the SFDR
measurement [21]. Although the SFDR is defined in the Nyquist
band, the narrow band SFDR is often more important since
wideband spurs can be removed relatively easily. It is only a
specific narrow band near the output, which is usually less than
1% of the update frequency, which is of the interest of many
applications.

Table II is a comparison of mm-wave DDS MMIC perfor-
mance. Compared to the InP DDS MMICs, this SiGe DDS sig-
nificantly improves the resolution, and it is the most compli-
cated mm-wave DDS design containing approximately twenty
thousand transistors. Most of the InP DDS MMICs were mea-
sured using probe stations [3]–[5], while this DDS MMIC was
packaged. As mentioned earlier, the package has a thermal re-
sistance of approximately 30 C/W, and at room ambient tem-
perature, the junction temperature of the SiGe devices can the-
oretically reach as high as 180 C. At such high temperature,
the device performance is greatly degraded and the DAC cur-
rent switches are no longer synchronized due to increased in-
ternal delays. When the device is effectively cooled, the DDS
operates at a maximum clock frequency of 8.6 GHz. At room
temperature, the packaged DDS operates at the maximum clock
frequency of 7.2 GHz. When compared with the 9-bit 12.3 GHz
DDS [6], this design achieves two more bits for both phase and
amplitude. As a result, this DDS achieves a 10 dB larger SFDR.

VI. CONCLUSION

This paper presented an 11-bit 8.6 GHz SiGe DDS MMIC
design with a 10-bit segmented sine-weighted DAC, imple-
mented in 0.13 m SiGe BiCMOS technology with
of 200/250 GHz. With Nyquist output, the DDS achieves a
maximum clock frequency of 8.6 GHz. The Power consumption
of the DDS is approximately 4.8 W and the power efficiency
FOM is 81.1 GHz 2 /W. This DDS MMIC is the first
mm-wave DDS with 11-bit phase and 10-bit DAC amplitude
resolutions that achieves a record high SFDR of 33 dBc with
leading power efficiency.
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