Create signals having
~optimum resolution,

response,

Stmultaneously achieving fine frequency
vesolution, fast switching speed, and low
Dphase noise is the hallmark of the signal-
generation technique known as divect digital
synthesis.. : "

Earl McCune Jr, Digital RF Solutions Corp

Direct digital synthesis (DDS), also known as direct
digital frequency synthesis (DDFS), is a newcomer to
the toolbox of engineers who develop hardware for
generating signals and waveforms. Because of compo-
nent tolerances, value variations with time, and manu-
facturing inconsistencies, traditional analog techniques
can only approximate a desired signal. In contrast,
DDS caleulates the signal directly. ‘

DDS is known as a numeric—rather than a digital-—
technique. Two concerns account for this categoriza-
tion: one technical, the other more marketing oriented.
The technical reason stems from the direct calculations;

- the signal is actually generated by manipulating num-

bers. Although “digital” can have the same meaning
as “numeric,” digital can also refer to signals having
(usually) two fixed amplitude levels. DDS does use
techniques that are digital in both senses, but the two

most important aspects of DDS are the numeric means - °

it uses to represent quantities and the inherent preci-
sion that results from its use of numbers. ‘
The marketing-oriented reason for calling DDS a
numeric technique relates to the constraints imposed
by traditional analog design. To maintain waveform
inaccuracies of 0.1% or less (60-dB dynamic range),
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and noise

designers have avoided digital circuits. Such circuits
have a reputation for generating noise currents that
degrade signal purity in sensitive analog circuits
nearby. With DDS, the digital circuits actually gener-
ate the analog signals. Using “numeric” rather than
“digital” as the descriptor helps to dissociate DDS from
digital circuits’ unsavory reputation. . o

You can view DDS as an extension of digital signal
processing (DSP) in accordance with the ideas pre-
sented in Fig 1. DSP has been around for many years.
It is often used for filtering signals after an analog-to-
digital conversion. DSP is also used to transform such
digitized signals. For example, DSP techniques such
as the FFT can transform a time-domain signal into
an equivalent frequency-domain signal. These uses are

DSP.

SYNTHESIS
HARDWARE -
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- ANALYSIS :
i - HARDWARE
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Fig 1—You can view DDS as closely parallel to DSP. Both subject
areas have sets of mathematical and hardware tools whose Sfunctions
are intimately related.
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What is really important about DDS is the
numeric means it uses t0 represent quanti-
ties and the inhevent precision that remlt.v

from its use of numbers.

analytical; they take an existing signal and change it.

Signal synthesis doesn’t begin with an existing sig-
nal. DDS takes a small set of parameters (numbers)
that describe the desired signal and generates a num-
ber sequence that represents the signal. This number
sequence usually undergoes a digital-to-analog conver-
sion to finally produce an analog signal. (See box,“The
samphng theorem backwards )

A major motivation for the development of DDS is
achieving high accuracy at moderate cost. Calculators
selling for $9.95 are accurate -to 12 digits, whereas
analog systems must incur large costs to maintain 0.1%
accuracy—equivalent to three digits. By maximizing
the use of digital techniques, DDS generates accurate
analog signals inexpensively.

There are several ways to implement DDS. Where

generating high frequencies is unnecessary—for exam-

ple, in the voice band—you can implement DDS with

general-purpose microprocessors. Low- and medium-
speed phone-line modems have been built this way for
years. As the required signal frequency increases
above the audio range, the computing overhead for
signal generation increases proportionally. Somewhere
in the low RF (radio-frequency) range, the computing
requirements become prohibitive even for modern,
high-speed general-purpose pPs. At these higher sig-
nal frequencies, you should consider implementing
DDS with dedicated hardware. - :

Dedicated DDS devices are optimized for signal syn-
thesis. Their inputs are the signal parameters; their
output is the desired signal. The control processor only
needs to keep up with the signal parameters, not with
the complete signal. The DDS device acts as a periph-
eral, freeing the main processor for other tasks.

Fig 2 shows the basic block diagram of a direct digital
synthesizer. The DDS has three main blocks: the digi-

ing (DSP). There is no s1gnal to.
be sampled or processed; rather,
there is a sampled signal to be

. used. In thls respect DDS oper-
~ ates the sampling theorem in the
reverse of the usual direction.

The left side of Fig A shows
~ the samphng process as you

DSP. You must first band-limit
BAND-LIMITING _the input signal with an anti-
FILTER  aliasing filter, after which the s1g-
- nal'is sampled and digitized. The
- digitizer provides a number se-
SAMPLE AND ‘quence that can be further proc-
5 | essed to 1dent1fy characterlstlc ;
@ parameters o
ALOG E |  With DDS, the characterlstlc -
CONVERSION @ par,ameters, exist first. The num-
| | ber sequence is generated from
~ these parameters and then con-
PROCESSING ~ verted into.an analog waveform.

7 | would conventionally apply it in

_ The alias signals characteristic of
a sampled signal are thenre-
- moved with a band-limiting filter.
- The math is the same; the order

of performmg the operations is
dlﬁ'erent

The samplmg theorem backwards
Dlrect Dlgltal Synthe51s (DDS)
obviously belongs to the synthe-
sis side of Digital Signal Process-
- : ANALOG SIGNAL
BAND-LMITING | - ——\ L U
FILTER SN oy
SAMPLING < o | g
GATE / v (
5 Y v
2 A A
z DIGITIZING : L o
DSP S
PROCESSING FILTER/ |« - oo
TRANSFORM v
t=nT .
SAMPLE CLOCK
- SIGNAL PARAMETERS
th A—Waveform analysis usmg DSP and wayeform’ synthests usmy "DDS mvolve :
similar operations. But DSP and DDS reverse the order of the opemtwns pahimh

96

EDN March 14, 1991



tal accumulator, a waveform map, and the digital-to-
analog converter. The input parameters are the signal
frequency, represented by a number, and the timebase
clock. The whole assembly is often called a number-
controlled oscillator (NCO).

The objective of the NCO is to produce a signal s(t)
according to the basic signal equation

s(t)=A cos@m-f't). (1)

To the NCO, f is the signal-frequency-number input

parameter, and-t is the time reference provided by the
clock. The waveform map provides the sinusoidal co-
sine waveform and the digital-to-analog conversion sets
the output-signal amplitude, A. _

The argument of the cosine is the signal phase,
which, for a fixed output frequency, must be a linear
ramp. The digital accumulator generates this ramp.
At every cycle of the clock, a phase increment corre-
sponding to the desired output frequency is added to
the existing phase value. At a particular output fre-
quency, this increment will be fixed, and its repeated
accumulation results in the desired ramp.

The accumulator is not a counter. The step size of a
counter is fixed, usually at unity. For the digital accu-
mulator, the step size corresponds to the signal-
frequency number, f. This distinction will become im-
portant shortly in deriving the DDS tuning relation-
ship.

Waveform map

If an NCO’s output waveform is fixed as a cosine, a
fixed ROM can implement the waveform map. Ad-
dresses in the ROM will represent the phase position
within the output-signal cycle, and the data stored at
each address will be the corresponding cosine ampli-
tude.

Note that the waveform mapping is general. Maps
can be made for disk read/write-head waveforms, non-
linear-phase signals, and even noise waveforms. A par-
ticularly special case is the operation of two waveform
maps in parallel, one with a cosine and the other with
a sine waveform. This technique provides absolute
quadrature signals, which are required by many signal-
processing and DSP applications.

The waveform map must operate at the full clock
speed. Because the map follows the digital accumula-
tor, each clock pulse provides different information to
the map, and the map must settle completely within
each clock period. If it doesn’t do so, it will incorrectly
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Fig 2—You can think of a DDS as a single block (a) with digital
and tuning inputs and an analog output. The more complex repre-
sentation (b) more closely approximates the real nature of the DDS,
and the 2-block representation of the digital accumulator in ¢ sug-
gests that the accumulator is more than a simple counter.

convert the phase information from the digital accumu-
lator to the corresponding amplitude value. For exam-
ple, a 10-MHz clock requires the waveform map to
have a cycle time of less than 100 nsec.

The analog-conversion block takes the amplitude
number sequence from the waveform map and converts
it into a single analog signal. Today, a single-chip DAC
usually performs this operation. Because the amplitude

"number sequence represents the actual, real-time sam-

ples that an accurate ADC would have generated from
the desired signal, had the signal existed, the DAC
output signal is the (re)constructed waveform of the
desired signal. ,

In general, DAC devices are not designed for use
in DDS. (Ref 1). High-quality DDS output signals de-
mand that the DAC not only have good static linearity,
but also that its dynamic characteristics (slewing and
settling) be well matched and controlled. A common
fix for a DAC with unsatisfactory dynamic characteris-
ties is to follow it with a sample-and-hold (S/H) circuit.
Doing so replaces the DAC’s dynamic characteristics
with those of the S/H circuit, which are generally bet-
ter. As the DAC manufacturers improve their products
to meet the needs of high-quality DDS outputs, the
use of S/H circuits in DDS will diminish.

Discussions of DACs in DDS applications generally
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DDS takes a small set of parameters (num-
bers) that describe the desived signal and
generates o number sequence that represents
the sygnal.

assume that the DAC settling time is less than the
clock period. In fact, the DAC settling time should be
much less than the clock period (Ref 1). Very fast
settling produces output steps that are more nearly
square, and more closely approximate;the perfect rec-
tangles assumed by the sampling theorem. This DAC
requirement leads to a DDS rule of thumb: With a
given set of hardware, the slowest clock frequency
that can generate the desired output frequency will
provide the lowest level of spurious outputs. The
cleaner output is a direct result of the more rectangular
shape of the output steps. In other words, you'll get
better results if you use a slow clock to generate fewer
high-quality steps than if you use a higher frequency
clock to generate many steps of lower quality. In DDS
more is generally worse, not better.

In_corporating modulation

For communications purposes, pure sine waves are
essentially useless. To pass information along, you
must modulate the sine wave in some way. A sine
wave has three characteristics capable of modulation:
- amplitude, frequency, and phase. Including them in
the general signal, Eq 1 gives the general com-
munications signal :

s(t) = A(t)eos@m (£ +£,(t))t + p(t)).

A(t) represents amplitude modulation (AM), f,(t) rep-
resents frequency modulation (FM), and p(t) repre-
sents phase modulation (PM). A DDS device that in-
cludes modulation capabilities is called a modulated
NCO, an NCMO for number-controlled modulated os-
cillator, or an MNCO for modulated, number-controlled
oscillator.

Interest in using continuous-phase signals to con-
serve output bandwidth is growing. A signal that does
not have phase continuity will be discontinuous at its
first derivative. Rapid changes in a waveform produce
high-frequency sidebands, and a signal whose first de-
rivative is discontinuous can have high-frequency side-
bands that contain significant energy. The more of the
signal’s high-order derivatives that are continuous, the
smaller the waveform’s high-frequency content will be.

DDS is inherently a continuous-phase technique; its
output-waveform calculation always proceeds from the
present point, whether or not any parameter changes.
Therefore, DDS completely eliminates switching tran-
sients, overshoot; and undershoot. By definition, phase
modulation can produce phase. discontinuities, but a
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modulated- NCO can only approximate them. The
modulated NCO approximates phase discontinuities by
perfornrung a large number of small phase steps in qu1ck
succession. Ideally, one of these steps should occur in
every DDS clock cyclé. You can purchase devices and
hardware that phase -modulate at’this rate (Refs 2, 3,
and 4).

Developing DDS designs v

Frequency resolution is one of the primary issues
of any synthesized-signal design. For DDS, you find
the output frequency £, from the relationship

f,=(/K)-M Hz, - 2)
where fy is the applied clock frequency, in Hz, M is
the tuning number applied to the DDS, and K is the
operating modulus of the DDS digital accumulator.

The clock frequency sets the DDS’s sampling rate,
which is the rate at which the DDS updates the signal-
amplitude samples. In almost all cases, the sampling
rate is equal to the frequency of the applied clock. The
design of the DDS' device determines the operating
modulus, K, which equals the number of states that
the accumulator can take on. Since most devices use
binary circuits, K is usually a power of two such as 2*
or 2%2, When DDS devices use decimal circuits, K is a
power of ten such as 10° or 10%. A new technique called
variable resolution (VR) lets you set K to any number
between 1 and the digital accumulator’s maximum in-
trinsic number of states.

The tuning number, M, is an integer between zero
and K2. The upper bound is called the Nyquist limit,
a requirement from the sampling theorem to guarantee
a unique output frequency. When M =0, Eq 2 shows
that the output frequency will also go to zero. There-

fore DDS designs include de within their tuning band-

width. The frequency resolution of the DDS is the
derivative of Eq 2 with respect to M. This calculation
gives the DDS resolution (£.) as :
‘ fres = fclk/ K. (3)
The frequency resolution is identical to the output fre-
quency when M=1. Because M must be an integer,
all output frequencies will be harmonics of the resolu-
tion given in Eq 3. For this reason, this resolution is
occasionally called the DDS quantization frequency.
DDS frequency resolutions can be very small. As
an example, consider a 24-bit binary DDS device oper-
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ating with a 10-MHz clock. The 24-bit accumulator sets
K to 16,777,216 and yields a frequency resolution of
10,000,000/16,777,216 =0.59 Hz. Ease of achieving fine
frequency resolution is a fundamental characteristic of
the DDS. More bits give even finer steps.

“Several applications require an exact frequency reso-
lution, and have a single, high-precision reference fre-
quency for the DDS clock. For these designs, a simple
algebraic shift of Eq 3 would be useful: -

K = fclk/ fres'

Such an approach would set the DDS modulus and the
~ desired resolution exactly. The Variable Resolution
(VR) technique accomiplishes these objectives. If a de-
sign requires precise resolution, such as 2.85714 Hz
or 0.100000 Hz, it must either supply a special clock
frequency to the DDS according to -

: fCIk = K'fre's,
or use VR technology, according to Eq 4.

Synthesizer output bandwidth

As mentioned before, there is a maximum output
frequency at which the tuning relationship of Eq 2
holds. This frequency (the Nyquist frequency) is equal
to one half of the applied clock frequency. As with
most real designs, the practical upper limit is lower
than the theoretical limit. For DDS, the practical upper
limit lies around 40 to 45% of the clock frequency.
This limitation holds not only for the tuned output
frequency, but also includes the sum of any and all

modulation sidebands above the carrier.

Output settling-time performance

The first D in DDS stands for direct, which means
DDS designs do not use feedback to ensure output-
frequency accuracy. This approach differs from the
PLL approach, which depends on feedback to achieve
output-frequency accuracy. The PLL must stabilize its
feedback loop to effect any frequency change. Hence,
.changing the frequency of a PLL takes longer than
the reciprocal of the PLL’s bandwidth.

As soon as you change the applied-frequency num-
ber, M, a DDS starts using the new M value in its
calculations. The DDS’ pipeline depth (number of calcu-
lation stages) establishes the time required for the out-
put signal to reflect this frequency change. If, for ex-
ample, a DDS has a 10-MHz clock and 32 stages, it
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will require 3.2 microseconds. More efficient designs,
using fewer stages, switch proportionally faster: With
the same clock, a 6-stage DDS will settle in 600
nanoseconds. Hardware is readily available with 5
stages of registers from the applied tuning number to
the DAC output. With a 10-MHz clock, such a design
exhibits the same frequency agility (settling time) as
a 32-stage design operating at 64 MHz.

Dealing with output alias 51gnals

Because it is a sampled system, a DDS has a multl-
ple-signal output spectrum. In addition to the desired
output signal at f,, there are output signals at each
harmonic of the clock plus f,. The output spectrum is
therefore f,, £y +f,, 2-f4+f, 3-fy +1,, etc. The addi-
tional signals, often referred to as alias signals, are
mixing products of the output signal with the clock
and all of its harmonics. These signals must be removed
by lowpass filtering to leave only the desired £, signal.
This filtering is the reverse of the antialias filtering
used ahead of ADCs.

To make the output filter realizable, the upper out-
put frequency is nominally 40% of the clock frequency.
As the upper output frequency approaches the Nyquist
frequency from below, the alias frequency at f, —f,
approaches the Nyquist frequency from above. The
closer the upper output and alias frequencies get to
each other, the more complex the output lowpass filter
must become. If you try to make the output frequency
exceed 40% of the clock frequency, the output filter
quickly becomes impractical. For example, achieving
60 dB of alias rejection when the output frequency is
42% of the clock requires a Chebyshev lowpass filter
with more than 20 sections. Realizing any analog filter
of seven sections or more requires special care, but
producing a filter with 20 sections is almost impossible.

At the output of the lowpass filter, analog signal
(re)construction is complete. The signal can then be
used directly, or additionally processed by such conven-
tional analog techniques as amplification, mixing, limit-
ing, and multiplication.

Determining output-signal quality

The cosine is a transcendental function, which the
waveform map cannot quantize precisely. The quanti-
zation errors that inevitably exist produce signals in
addition to the main signal and the alias terms. These
nonharmonic extra signals are called DDS spurs. In a
good DDS design, these spurs will be relatively low
in amplitude—at least 60 dB below the main output.
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There arve three main blocks: the digital ac-
cumulator, a waveform map, and the digi-
tal-to-analog conversion.

In the best DDS designs, the spurs are 70 to 80 dB
below the main output. If required, under some condi-
tions, you can reduce the spurs even further.

When you tune the main signal, the DDS spurs gen-
erally move around much faster than the main signal
- does. You can predict the location of the spurs by
modifying a technique used in analog systems with
mixers (Refs 5 and 6). Near output frequencies that
are integral submultiples of the clock (%, %, i, etc.),
the spurs all “gather around” the main output. At exact
integral submultiples of the clock, the spurs all cross
over the main output. You can quickly check a DDS
design’s degree of spur generation by tuning the DDS
to near the %- and Y%-clock-frequency crossovers. You
can then directly evaluate the output spectrum quality
from plots similar to those of Fig 3.

Construction hints for success

A DDS, by nature, uses digital circuits to perform
analog functions. The absence of noise generation is
essential for a successful design. High-frequency con-
struction techniques are necessary. Clock frequencies
are typically 10 to 50 MHz. On a standard pe board
made from G-10 or FR-4 laminates, the shortest wave-
length is about 270 cm. Transmission-line effects are
not important here, because a typical DDS design cov-
ers 10 to 20 ecm—under %o of a wavelength.

Loop currents are another matter. The DDS’s digital
circuits have edge speeds of less than 10 nsec. The
currents these circuits produce have significant energy
at 500 MHz or more. The signal current must flow from

the driving IC’s de supply pin, through its output tran-
sistor(s), to the receiving IC’s input pin, and back to
the supply through the ground. Fig 4 shows this cur-
rent path.

Any signal transfer from one IC to another has three
loop currents. The driving IC draws current from its
supply pin to turn on an output-pin driver. Some of
this current flows into the interconnection as signal
current. The rest flows out the driving IC’s ground pin

-to return to the supply.

The signal current flows to the receiving IC and
draws a matching current from the IC as required to
conserve charge. (Basic physics strikes again!) This
return signal current flows from the receiving IC’s
ground pin, underneath the signal trace (if there is a
ground plane there), and back to the driving IC to
return to the supply. i

A third loop current results from the effects of the
signal on the receiving IC. The receiving IC will draw
current from its own supply pin in response to the
stimulus. This current will flow out of the IC’s ground
pin and will return to the power supply.

Good low-noise construction will guarantee that all
of these currents flow in the smallest possible area.
Radiation and other interference increases in direct

proportion to the area enclosed by the conductors car-

rying these currents. Also, if more than one current
flows in a conductor, the currents can interact. Careful
layout of the pe board is essential to minimize signal-
loop sizes and impedances common to several loops.
Current loops around each IC are a slightly different
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Fig 3—You can quickly check a DDS design’s degree of spur generation by tuning the DDS to near the Y- (a) and Yi-clock-frequency (b)

crossovers. Spectral plots such as these then readily reveal the spurs.
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matter. The bias component of the switching currents:

should never flow far from the IC—this is the idea
behind the use of bypass capacitors. If the impedance
of the bypass capacitor is lower than that of the power
supply as seen by the IC power pin, the switching
current will come from and return to the bypass capaci-
tor (hence the name). Between switching transients,
the bypass capacitor will recharge from the higher im-
pedance supply. If there is no bypass capacitor, the
IC will be forced to draw power from the power supply
during the transient. Because power supplies are
rarely right next to their loads, the loop-current path
will enclose a large area. Radiation and interference
will be severe.

Multilayer PC boards and surface-mounted compo-
nents are a significant help in controlling these cur-
rents. A ground-plane layer immediately below the
signal traces minimizes the signal-current path length.
Surface-mounted bypass capacitors have lower lead in-
ductances than do through-hole-mounted capacitors.
Mounting these devices on the back of a pe board fur-
ther reduces the length of the current path. Neverthe-
less, these modern components and construction tech-

niques are mixed blessings. Besides costing more, they

can cause problems with power distribution.
A bypass capacitor will work when its impedance,
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as seen by the IC’s power pin, is lower than that of
the power supply. By design, a power plane, like a
ground plane, has a very low impedance. For the by-
passing to control the transient loop current, there
must be some impedance between the point where the
IC draws current from the power plane and the june-
tion of the IC’s power pin and the bypass capacitor.
This impedance can take the form of a ferrite bead or,
if the de current is low enough, a smaller chip inductor.
A 470-nH inductance is a good value for this applica-
tion. Without the series inductance, the bypassing is
ineffective; the ICs draw energy directly from the low-
impedance power and ground planes in a manner that
makes control essentially impossible.

Fig 5 shows a simple DDS design using standard
components. This synthesizer, which is useful as a gen-
eral-purpose signal generator covering the audio and
low-RF ranges, has the following specifications:

Output Frequency Range 0 to 4 MHz
Frequency Resolution _ 152.6 Hz
Spurious Signal Suppression 50 dB below carrier
Frequency Switching Time <500 nsec

A 10-MHz crystal-reference frequency drives this sam-
ple design.
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With a given set of havdware, the slowest .
clock frequency that can genevate the desired
output frequency will provide the lowest level
of spuvious outputs.

The DDS uses a 16-bit binary design to synthesize IC; and IC; make ﬁp the waveform map. IC, is the
the required frequency steps. From Eq (3)

£, =f,/K=10 MHz/2=107/65,536 = 152.6 Hz.

digital-to-analog converter.

The adder section of the digital accumulator consists
of IC, through IC,. These ICs are all 74HC283, high-
speed, 4-bit full adders. The tuning inputs connect to

The digital accumulator consists of IC, through IC,. the adders’ A sides, A, through A;, and the latch-
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ICo = DAC812 (BURR BROWN) SHOWN .
CAN ALSO USE AD568 (ANALOG DEVICES),
BT104 (BROOKTREE),
TDC1018 (TRW-LSI), AND DAC330 (DATEL)

Fig 5—This 0- to -MHz DDS uses nine readily available ICs. All of the other components are passive.
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DDS designs do not use feedback to ensure
output-frequency accuracy. A PLL depends
on feedback to achieve output -frequency
Accuracy. |

output feedback connects to their B sides, B, through
B,. This arrangement is arbitrary, but it is easy to
remember. To configure the four devices as a single
16-bit adder, the carry output of one stage connects
to the carry input of the next-higher stage. Latches
IC; and IC; complete the digital accumulator. The ad-
der outputs drive the latch inputs: IC, and IC, drive
1C;; IC; and IC, drive IGC,.

The waveform map consists of PROM IC; and latch
IC;. The PROM contains 8k (2') bytes, so there are
13 address bits. The PROM contains a full sine wave
calculated from

data= 127-(sin(2frr-address/8192) +1),

where 0<address<8191, and the argument of the sine
function is in radians. Lateh IC, retimes the data out-
put. You can find the requlred PROM-device cycle
time from

clock_period = propagation_delay (ICs, ICy) . .
+PROM_cycle_time (IC,) . . . toy
+latch_setup_time (ICy) . . . tg,

so that, using LS series (74LS374) latch devices for
IC;, ICq, and ICs,

tcy<TC - 1-'pd - tsu
<100 —25-20 nsec
<55 nsec.

Faster latch devices will allow correspondingly longer
PROM cycle times. For this example, a PROM device
of type 27C49 through 27C55, or a similar part, permlts
10-MHz operation.

IC, performs digital-to-analog conversion. Several
devices meet the requirements of this function; the
Burr-Brown DACS812 is shown. This device settles to
12-bit accuracy in less than 50 nsec, about half of the
clock period. R, converts the 0- to 10-mA DAC output
current to a voltage and also sets the output impedance
of the DAC. A resistance of 50 matches the conven-
tional line impedance of RF circuitry. Resistor R, in-
jects a 5-mA current into the DAC output node to
center the DAC output range around zero.

The 5-section LC, lowpass filter removes the output-
signal alias terms. The component values produce a
Chebyshev filter with 0.1 dB of passband ripple and a
cutoff frequency of 4 MHz in a 50() system.

Thus, designing the filter completes the synthesizer’s
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design. The output signal power is nominally 0.5 mW,
which is 5 dB less than 1. mW (-5 dBm). The fre-
quency-switching time is two clock periods, that is,
200 nsec. The measured spurious-signal suppression
is —52 dBe (52 dB less than carrier level).

Square-wave time-base generator

Many applications do not require sine waves. In tim-
ing apphcatlons square waves are all you need. Be-
cause DDS is a digital technique, you would expect
that a square-wave output would be natural. Alas, the
DDS does not produce a square wave without some
help from its designer. The reasonmg, which is covered
more thoroughly elsewhere (Ref 7), is only summarized
here.

_The problem stems from the fact that a DDS de51gn
is a synchronous digital system. Its state will change,
along with any output, only in response to a clock -
edge. The resolution of any output cycle is therefore
limited by the clock period: the duration of any individ-
ual output cycle must be an integer number of clock
periods.

Changing the output frequency by 1 Hz involves a
change in the output period far smaller than the clock
period of any current DDS. Any variation from the
required period is. modulation, which creates sidebands
and spurs. Because the time quantization is too coarse
to achieve the necessary signal quality, interpolation
is necessary. The DDS output lowpass filter (LPF)
performs the interpolation. Because the LPF is built
from fixed components, it qualifies as an LTI (linear,
time-invariant) network—a concept from early circuit-
analysis classes. LTI networks have a “natural fre-
quency” which is sinusoidal; you obtain the highest
quality output signals by driving the filter with sinu-
soidal signals. This purpose underlies the cosine wave-
form map and the DAC. To effectively filter the phase
information, you must make the LPF as “happy” a
possible. The LPF will then perform the required time
interpolation and yield a clean signal. But it is a sine
wave. To make it square, you must employ amplitude
limiting, usually with a comparator of some sort.

Fig 6 shows a wideband clock generator built with
DDS. Note that this design creates a square wave by
limiting a sine wave’s amplitude. From a 50-MHz
clock, this generator will provide a direct square-wave
output from de to the limit of the LPF, probably around
20 MHz.

At low output frequencies, the jitter on the DDS
square-wave output is less objectionable than it is at
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If you try to make the output frequency
exceed 40% of the clock frequency, the out-
put filter quickly becomes impractical.

GRYSTAL 07020
REFEREN H
oE % COMPARATOR

nfﬂz —p DDS TN SQUARE-WAVE

S QUTPUT
@ LOWPASS
UG FLTER =
CRYSTAL
REFERENCE s
0 LL DIGTAL ~ |0

MHz ACCUMULATOR
(b) TUNING

Fig 6—To obtain a high-quality square wave over a broad range
of frequencies, you must have the DDS generate a sine wave. Then
you must filter out the harmonics and limit the sine wave’s ampli-
tude, as in a. But if you are interested only in low-frequency square
waves and you can tolerate moderate fitter, the DDS’s digital accu-
mulator alone may suffice, (b).

high frequencies. If you need only a low-frequency
output, you need not generate a sine wave and limit
its amplitude to produce a square wave. Fig 6b shows
an implementation that dispenses with sine-wave gen-
eration and amplitude limiting. With a strict limitation
on its bandwidth, the direct output exhibits tolerable
jitter, according to: '

f..x, direct square wave =fy;-%_jitter/2.

This example uses a 50-MHz clock. Square waves with
0.1% jitter are directly obtainable from dc to 25 kHz.
If you increase the jitter tolerance to 1%, the output
bandwidth can increase to 250 kHz. Though it is not

very efficient as square-wave generators go, this DDS
design would be small and exceedingly stable.
Arbitrary output waveforms are possible, as men-
tioned earlier, by changing the information in the
waveform map. Fig 7 shows two common ways to
change this information; real-time map changes are

* possible. Through the use of a dual-port RAM, a com-
puter can insert changes to the waveform as the DDS

operates. A generator with such an architecture can
produce high-quality speech and is suited to any appli-

 cation that requires a large number of waveforms.

If the number of different waveform types is rela-
tively small, a single PROM can hold them all. An
external processor can select the desired waveform
with the upper address bits. A typical application of
this type is in testing of disk-drive read circuits. The
PROM holds proper waveforms for positive and nega-
tive flux transitions as well as several types of problem
waveforms for each transition direction. The processor
can supply the circuit under test with normal wave-
forms, occasionally insert a particular error, and then
return to normal operation. Digital buses and commu-
nications links are testable in a similar way.

Direct Digital Synthesis is a real technology, well
beyond the experimental stage. DDS devices and
subassemblies are available today from several manu-
facturers. Because DDS does not rely on feedback, it -
can simultaneously realize small frequency steps, fast
frequency switching, and low phase noise. Careful con-
struction techniques have solved the spurious-signal
problem that has traditionally limited DDS applications
in communications systems. Hence, the doors are open

WAVEFORM
COMPUTER
. ARBITRARY
REFERENCE - DIGITAL __ | DUAL-PORT - ) !
OSCILLATOR ACCUMULATOR M 10 |5 \ [0 WAEroM
LOWPASS
(a) TUNING FILTER :
Fig 7—Obtaining arbitrary
WAVEFORM waveforms from a DDS can in-
SELECT volve using a dual-ported mem-
PROCESSOR ory and feeding it mew wave-
oROM form maps on the fly, (a). For '
) * _ SELECTED less demanding applications, a
REFERENCE DIGITAL - .| muLtieLe . : ’
OSCILLATOR ACCUMULATOR WAVEFORM DA \ —=0° WS‘J]E.;%F;M ROM can store several wave-
MAP form maps, (b), and the MSBs
LOWPASS of the ROM address can deter-
(b) TUNING FILTER mine which waveform the DDS
produces.
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to system performance that was impossible not long ago.

Dedicated hardware, both commercial and military,
is in production. Standard products are used primarily
in low- to medium-volume applications. Where quanti-
ties are larger, custom products can offer attractive
competitive advantages. DDS is moving into the engi-
neer’s toolbox to improve product performance while
keeping pricing within reason. Through DDS, the digi-
tal world’s economy is moving into the RF and analog
worlds. ' :

Dis

Microwave Sensors Offer:

*Non Contact Measurements
* Superior Performance in Harsh Environments

« Velocity, Presence and Motion Sensing Capability

*Low Cost/High Performance

Put our ALPHASENSORS' microwave technology to the test— -

order our MSM 10200 Motion Sensor Evaluation Kit-$195,
delivered from stock. For more information, call or write:

AM Sensors, Inc.

26 Keewaydin Dr. - Unit B, Salem, NH 03079

Tel: (603) 898-1543 Fax: (603) 898-1638

" (Yes! We've moved and changed our name!)
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