Wine Dynamic Range ADC APPLICATIONS

SECTION 15

WIDE DYNAMIC RANGE
ADC APPLICATIONS

AcHIEVING WiDE Dynamic RaNGE IN DiciTaL
SPECTRAL ANALYSIS

Use OrF DiTHER SiaNALS To INncreasE ADC DyNamiIc
RanNGE

Direct IF To DicitaL. CONVERSION APPLICATIONS
Using UNDERSAMPLING TECHNIQUES

Banprass Siema-DeLTA TECHNIQUES For Direct IF-
To-DicitaL. CONVERSION

AcHIEVING WIDE Dynamic RANGE USING VARIABLE
GAIN AMPLIFIERS

WinpE Dynamic RANGE ULTRASOUND SYSTEMS




SYSTEM APPLICATIONS (GUIDE




B3

Wipe Dynamic RANGE ADC APPLICATIONS

SECTION 15

WIDE DYNAMIC RANGE

ADC APPLICATIONS

Walt Kester, Allen Hill, James Bryant

Many modern signal processing applica-
tions require ADCs with extremely wide
dynamic range. The ADC is often the
limiting factor in the performance of
digital spectrum analyzers. In direct IF-
to-digital receivers, the ADC must
accurately digitize narrowband signals
with a center frequency much greater
than the Nyquist frequency of one-half
the sampling rate. This is called
undersampling, and often requires that
a high-performance sample-and-hold be

placed in front of the ADC to increase
the dynamic range. The traditional
sigma-delta architecture can be modi-
fied to yield a bandpass rather than a
lowpass transfer function, thereby
allowing it to be used to process IF
signals well above 1MHz. Finally,
variable gain, high speed, low distortion
amplifiers may extend system dynamic
range as in the case of ultrasound
systems.

AcHIEVING WIDE Dynamic RANGE IN DIGITAL SPECTRAL ANALYSIS

Walt Kester, Allen Hill

Digital techniques are common in
modern signal intelligence (SIGINT)
and other high performance radios. The
information is extracted from the sig-
nals using fast FFTs, digital filtering,
and other powerful DSP techniques.
One of the important and often limiting
characteristics of such receivers is the
inherent spectral purity and noise of the
ADC. Digital spectral analysis is an-
other application where the spectral
purity and noise of the ADC may be the
performance-limiting factor. In this
section, we will examine the tradeoffs
and illustrate some techniques which
may be used to improve ADC perfor-
mance.

High resolution, fast ADCs such as the
AD9014 (see Figure 15.1) were designed
to assist in spectral analysis by means

of 14-bit digitization. The primary
concern in spectral analysis applications
is the spurious-free-dynamic-range
(SFDR) of the ADC. The actual resolu-
tion (i.e., the number of bits) and the
broadband rms noise level of the con-
verter is often a secondary consider-
ation. By using deep FFTs and averag-
ing the results of a number of FFTs, the
broadband random noise floor can be
reduced, just as narrowing the band-
width of an analog spectrum analyzer
(usually at the expense of slower sweep
rates) reduces the noise floor and allows
small signals to be observed which were
previously buried in the noise. For an
M-point FFT, the level of the average
noise component in each frequency bin
(Af = £/M) is 10log o(M/2) dB below the
rms value of the random noise in the
bandwidth dc to f5/2.
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AD9014 14-BIT, 10MSPS ADC BLOCK DIAGRAM
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The SNR and SFDR of the AD9014
operating at 10, 12, and 14 bits is
shown in Figure 15.2. Notice that the
SFDR is relatively independent of the
actual number of bits used, but the
SNR drops to only 60dB at the 10-bit
level. When selecting an ADC for spec-
tral analysis applications, adding more
bits does not always ensure better
SFDR. On the other hand, there should
be a sufficient number of bits present to
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ensure that samples from the ADC are
not correlated to the input signal. There
may still be correlation if the input
frequency is an even sub-multiple of the
sampling rate, which causes the quanti-
zation noise to be concentrated in the
harmonics of the fundamental input
signal frequency rather than being
spread uniformly over the Nyquist
bandwidth.
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AD9014 SFDR AND SNR VERSUS FREQUENCY
FOR 14, 12, AND 10 ACTIVE BITS
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Figure 15.2

Achieving high SFDR with an ADC
such as the AD9014 requires special
attention to the drive amplifier. The
circuit shown in Figure 15.3 is recom-
mended in order to give ultra-low
distortion levels. This circuit works well
for analog input frequencies through
10MHz without degrading the
AD9014’s dynamic range. At 2.3MHz
and 2V p-p output, all spurs are less
than —100dBc. The signal path is
through U3 and U4, which are set up in
a series inverting configuration to
cancel even-order harmonics that are
generated as the loop gain diminishes
with frequency. Ul and U2 supply the
drive current for the outputs of U3 and

U4, respectively. The closed-loop gain of
U1l is 1.5 that of the closed-loop gain of
U3. This gain, in conjunction with the
100Q resistor ensures that U3 has to
supply no dc output current. The value
of Rp is chosen (depending on the load
resistance) to ensure that U2 supplies
all the output drive current of U4. The
net effect is that the output stages of
U3 and U4 are unloaded which mini-
mizes their odd-harmonics. The overall
gain of the driver circuit is +402Q/R,
and the input impedance is R/2.5. The
output of the amplifier circuit is set up
to drive either 2V p-p into 75Q or

4V p-p into 150Q by selecting Rp.
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LOW DISTORTION DRIVE CIRCUIT (>100dBc)
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AD9617 OUTPUT NOISE SPECTRAL DENSITY
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The output voltage noise spectral
density calculations for a single ADS617
op amp is shown in Figure 15.4. Notice
that the inverting input current noise
dominates the output noise.

The approximate voltage noise spectral
density for the four-amplifier driver
circuit is twice that of a single AD9617,
or 23.6nV/VHz. Figure 15.5 shows the
driver interfaced to the AD9014. If
there is no filtering, the driver voltage

WineE Dynamic RANGE ADC APPLICATIONS

noise must be integrated over the entire
60MHz input bandwidth of the AD9014.
This yields an input noise of 230V
rms. However, an L.SB at the input to
the AD9014 is only 125uV. The 230uV
rms input noise corresponds to a signal-
to-noise ratio of 69.8dB for a 2V p-p
input signal. The SNR specification of
the AD9014 is 75dB, so the driver has
become the limiting factor with respect
to overall SNR performance.

REDUCING QUAD DRIVER NOISE
USING AN ANTIALIASING FILTER
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Figure 15.5

The noise contribution of the driver
circuit can be significantly reduced by
placing a 75Q antialiasing filter be-
tween the driver and the AD9014 as
shown in the lower half of Figure 15.5.
the gain of the driver circuit must be
increased by a factor of two to account
for the attenuation of the filter series-
and load-terminations. If the
antialiasing filter is single-pole, and
the cutoff frequency is 5MHz, the
output noise of the AD9617 quad driver
circuit is reduced to 66pV rms. This
corresponds to a signal-to-noise ratio of
80.6dB, compared to a signal-to-noise
ratio of 69.8dB with no filtering. Since

80.6dB > 75dB, the AD9014 is now the
limiting noise contributor.

This example illustrates the significant
noise reduction advantages of placing
the antialiasing filter between the final
driver stage and the ADC input rather
than ahead of the ADC driver. This
principle applies to most wide dynamic
ADCs where the input bandwidth is
significantly higher than the Nyquist
frequency. If the extra bandwidth is not
needed in the system, use the filter to
reduce the high frequency noise output
of the wideband drive amplifier.
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Uske OrF DiTHER SiGNALS To INCREASE ADC Dynamic RANGE

Walt Kester

In the development of classical ADC
quantization noise theory, the assump-
tion is usually made that the quantiza-
tion error signal is uncorrelated with
the ADC input signal. If this is true,
then the quantization noise appears as
random noise spread uniformly over the
Nyquist bandwidth, dc to £/2, and it
has an rms value equal to q/\/ 12. If,
however, the input signal is locked to
an non-prime integer sub-multiple of f,
the quantization noise will no longer
appear as uniformly distributed random
noise, but instend will appear as har-
monics of the fundamental input
sinewave. This is especially true if the
input is an exact even submultiple of fg.
Figure 15.6 illustrates the point using
FFT simulatior: for an ideal 12 bit ADC.
The FFT record length was chosen to be

4096. The spectrum on the left shows
the FFT output when the input signal is
an exact even submultiple (1/32) of the
sampling frequency (the frequency was
chosen so that there were exactly 128
cycles per record). The SFDR is approxi-
mately 78dBc. The spectrum on the
right shows the output when the input
signal is such that there are exactly 127
cycles per record. The SFDR is now
about 92dBc which is an improvement
of 14dB. Signal-correlated quantization
noise is highly undesirable in spectral
analysis applications, where it becomes
difficult to differentiate between real
signals and system-induced spurious
components, especially when searching
the spectrum for the presence of low-
level signals in the presence of large
signals.

EFFECTS OF SAMPLING A SIGNAL WHICH IS AN EXACT EVEN
SUB-MULTIPLE OF THE ADC SAMPLING FREQUENCY
(M = 4096, IDEAL 12-BIT ADC SIMULATION)
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There are a number of ways to reduce
this problem, but the easiest way is to
add a small amount of broadband rms
noise to the ADC input signal as shown
in Figure 15.7. The rms value of this
noise should be equal to about 1/2 LSB.
The effect of this is to randomize the
quantization noise and eliminate its

possible signal-dependence. In many
systems, there is usually enough ran-
dom noise on the input signal and the
sampling clock so that this happens
automatically. This is especially likely
when using high speed ADCs which
have 12 or more bits of resolution and a
relatively small input range of 2V p-p.

THE ADDITION OF GAUSSIAN WIDEBAND NOISE
TO THE ADC INPUT RANDOMIZES QUANTIZATION
NOISE AND REMOVES INPUT SIGNAL DEPENDENCE

Ifs
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Figure 15.7

Another technique to achieve wider
dynamic range in ADCs is the use of
large-scale dithering as shown in Figure
15.8. This method serves to randomly
distribute the ADC encoder static
errors. A random number generator
(RNG) provides a pseudo-random code
which is loaded into a DAC and sub-
tracted from the analog input signal.
After the ADC processing is complete,
the digital word is added to the result-
ant ADC digital word. The greater the
randomization over the analog input
range, the more linear the encoder
becomes. However, this dynamic-range-

expansion method also has its draw-
backs. The encoder’s SNR decreases as
the linearization range increases, due to
the reduced input levels. This is be-
cause the input signal level must now
be chosen so that when the noise is
added, the total signal never exceeds
the ADC input range. The noise-gener-
ating DAC linearity also affects har-
monics if the pseudo-random period is
too small. In addition, this method
requires the addition of several compo-
nents with a resultant increase in
system complexity.
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USE OF LARGE-SCALE DIGITALLY-GENERATED
DITHER SIGNAL TO ENHANCE ADC DYNAMIC RANGE
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USING LOOK-UP TABLES TO CORRECT
FOR ADC DYNAMIC ERRORS
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Figure 15.9
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Some ADC users (see References 13, 14)
have employed look-up tables (LUTs) to
obtain higher performance from a given
ADC. The technique consists of con-
structing a two-dimensional error
correction table whereby the slewrate of
the analog input signal serves as one
axis of the table and the magnitude
serves as the other axis (see Figure
15.9). Each address location holds the
corrected digital output word. Once the
LUT is constructed, a dedicated algo-
rithm is applied to each digital word
and to an address in the LUT to gener-
ate the corrected digital output word.
This technique suffers several limita-
tions. LUTs must be generated before
data can be processed, which can be
time consuming. Sources of
nonlinearities within an ADC change as

a function of temperature, requiring a
new LUT when the temperature
changes. Additional hardware, soft-
ware, and circuit-board real estate to
accommodate an LUT can be costly.

A final method for increasing dynamic
range in ADCs for spectral analysis is
the use of statistically-based continuous
autocalibration techniques. The tech-
niques involves a combination of a
digitally-generated noise for error
randomization and the use of continu-
ously-updated LUTSs to correct for
internal encoder errors (see Reference
14). Obviously, this method involves a
significant amount of additional digital
circuitry and is impractical in a mono-
lithic IC using current process technol-

ogy.

DirectT IF To DiciTAL CONVERSION APPLICATIONS USING

UNDERSAMPLING TECHNIQUES
Walt Kester, Allen Hill

Digital techniques have become wide-
spread in radar receivers, broadband
communications receivers, and mobile
radio. A simplified block diagram of a
traditional digital receiver using
baseband sampling is shown in Figure
15.10. The mixer in the RF section of
the receiver mixes the signal from the
antenna with the RF frequency of the
first local oscillator, LO1. The desired
information is contained in relatively
small bandwidth of frequencies Af. In
actual receivers, Af may be as high asa

few megahertz. The LO1 frequency is
chosen such that the Af band is centered
about the IF frequency at the bandpass
filter output. Popular IF frequencies
are generally between 30 and 100MHz.
The IF mixer then translates the Af
frequency band down to baseband
where it is filtered and processed by a
baseband ADC. Actual receivers gener-
ally have several stages of RF and IF
processing, but the simple diagram
serves to illustrate the concepts.
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- SIMPLIFIED DIGITAL RECEIVER
USING BASEBAND SAMPLING
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Figure 15.10

In a receiver which uses direct IF-to-
digital techniques (IF sampling), the IF
signal is applied directly to a wide
bandwidth ADC as shown in Figure
15.11. The ADC sampling rate is chosen
to be at least 2Af. The process of sam-
pling the IF frequency at the proper
rate causes one of the aliased compo-
nents of Af to appear in the dec to fy/2
Nyquist bandwidth of the ADC output.
DSP techniques can now be used to
process the digital baseband signal.
This approach may yield an improve-
ment in overall signal-to-noise ratio by
eliminating the detector stage. There is
also more flexibility in the DSP because
the ADC sampling rate can be shifted to
tune the exact position of the Af signal
within the baseband. The obvious
problem with this approach is that the
ADC must now be able to accurately

15-10

digitize signals which are well outside
the dc to fg/2 Nyquist bandwidth which
most ADCs were designed to handle.
Special techniques are available, how-
ever, which can extend the dynamic
range of modern ADCs to include IF
frequencies. Before examining the ADC
problem, we will first look at the basic
theory behind undersampling.

Figure 15.12 shows four cases where a
signal having about a 1IMHz bandwidth
is located at different portions of the
frequency spectrum. The minimum
sampling rate required for no aliasing is
also shown. In general, the sampling
frequency must be at least twice the
signal bandwidth, and the sampled
signal must not cross an integer mul-
tiple of £g/2.
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SIMPLIFIED DIGITAL RECEIVER USING IF SAMPLING
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In the first case, the signal occupies a
band from dc to 1IMHz, and therefore
must be sampled at greater than
2MSPS. The second case shows a 1MHz
signal which occupies the band from 0.5
to 1.5MHz. Notice that this signal must
be sampled at a minimum of 3MHz to
avoid aliasing. In the third case, the
signal occupies the band from 1 to
2MHz, and the minimum required
sampling rate for no aliasing drops back
to 2MHz. The last case shows a signal
which occupies the band from 1.5 to
2.5MHz. This signal must be sampled
at a minimum of 2.5MHz to avoid
aliasing.

This analysis can be generalized as
shown in Figure 15.13. The actual

minimum required sampling rate is a
function of the ratio of the highest
frequency component to the total signal
bandwidth.

Let us now examine a signal which
occupies a band between 6 and TMHz
as shown in Figure 15.14. Assume the
ADC sampling rate is 2MHz. Notice
that the sampling process generates
aliases of this signal around multiples
of f5. In the frequency spectrum, the
alias component falling between 0 and
1MHz is an accurate representation of
the original signal, assuming no ADC
errors.

MINIMUM REQUIRED SAMPLING RATE AS A FUNCTION OF
THE RATIO OF THE HIGHEST FREQUENCY COMPONENT TO
THE TOTAL SIGNAL BANDWIDTH

4.0 7

3.5 7

30T

2.5 1

20

B = SIGNAL BANDWIDTH

fM AX™ MAXIMUM SIGNAL FREQUENCY

= MINIMUM REQUIRED SAMPLING RATE

fmMax

Figure 15.13
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INTERMEDIATE FREQUENCY (IF) SIGNAL BETWEEN
6 AND 7 MHz IS ALIASED BETWEEN DC AND 1 MHz
BY SAMPLING AT 2MSPS

2f 3fs

BASEBAND
ALIAS,
de TO 1MHz

Figure 15.14

The above discussions show that al-
though the concept of direct IF sam-
pling is relatively straightforward, the
implications for the ADC dynamic
performance characteristics are signifi-
cant.

Let us consider a typical example,
where the IF frequency is 72.5MHz,
and the desired signal occupies a band-
width of 4MHz (B=4MHz), centered on
the IF frequency (see Figure 15.15). We
know from the previous discussion that
the minimum sampling rate must be
greater than 8MHz, probably on the
order of 10MHz in order to prevent

dynamic range limitations due to
aliasing. If we place the sampling
frequency at the lower band-edge of
70MHz (72.5-2.5), we will definitely
recover the aliased component of the
signal in the dc to 5SMHz baseband.
There is, however, no need to sample at
this high rate, so we may choose any
sampling frequency 10MHz or greater
which is an integer sub-multiple of
70MHz, i.e, 70+2 = 35.000MHz, 70+3 =
23.333MHz, 70+4 = 17.500MHz, 70+5 =
14.000MHz, 70+6 = 11.667TMHz, or
70+7 = 10.000MHz. We will therefore
choose the lowest possible sampling
rate of 10.000MHz (70+7).
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INTERMEDIATE FREQUENCY (IF) SIGNAL
AT 72.5MHz (x2MHz) IS ALIASED BETWEEN
DC AND 5MHz BY SAMPLING AT 10MSPS
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There is an advantage in choosing a
sampling frequency which is an odd
sub-multiple of the lower band-edge in
that there is no frequency inversion in
the baseband alias as would be the case
for a sampling frequency equal to an
even sub-multiple of the lower band-
edge. (Frequency inversion can be
easily dealt with in the DSP software
should it occur, so the issue is not very
important.)

The next step is to select an ADC which
has sufficient dynamic range with a 70
to 75MHz input to meet our system
requirement. In most radar receivers, a
SFDR of 60 to 80dB is desirable. Unfor-
tunately, this requirement will not be
met with standard Nyquist-sampling
ADCs due to degradations which occur

at high input frequencies. Figure 15.16
shows the SFDR of the AD9022 12 bit,
20MSPS ADC, which represents one of
the best monolithic designs available.
Note that at 1IMHz the SFDR is 80dB,
but at the IF frequency of 70MHz, the
SFDR of the device is less than 60dB.

Meeting this performance requirement
of 80dB SFDR requires the addition of
an external wide-bandwidth, low distor-
tion sample-and-hold, such as the
AD9100 as shown in Figure 15.17. The
external SHA serves to hold the signal
constant during the ADC conversion
cycle. The ADC sees a dc value during
the hold-time of the external SHA. The
process of optimizing the design for the
best SFDR is not simple, and involves
many tradeoffs.

THE ADDITION OF AN EXTERNAL WIDEBAND LOW
DISTORTION SHA EXTENDS THE LOW FREQUENCY
PERFORMANCE OF THE ADC TO HIGHER FREQUENCIES

TIMING
CIRCUITS
fS
WIDEBAND
0——>! LOW DISTORTION ADC |—F—>
SHA
ADC
INPUT
I
I
ADC
SAMPLING CLOCK
Figure 15.17
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The first step in the process is to select
an ADC which has sufficient SFDR at
low frequencies. The low frequency
distortion of an ADC is an indicator of
the inherent non-linearity in the de
transfer function. The addition of an
ideal external SHA will do nothing to
improve on this basic performance. The
best you can expect the SHA to do is to
extend the low frequency performance
of the ADC to higher frequencies.
Because of its excellent low frequency
distortion (-80dBc @ 1MHz), the
AD9022 is good choice.

The next step is to select a low distor-
tion SHA which will maintain sufficient
dynamic performance at the IF fre-
quency. Most SHAs are specified for
distortion when operating in the track
mode. What is of real interest, however,
is the signal distortion in the hold mode
when the SHA is operating dynami-
cally. The AD9100 and AD9101 are
ultra-fast SHAs and are specified in
terms of hold-mode distortion. The
measurement is done using a high
performance low distortion ADC (such
as the AD9014 14-bit, 10MSPS) to
digitize the held value of the SHA
output. An FFT is performed on the
ADC output, and the distortion is
measured digitally. For sampling rates
greater than 10MSPS, the ADC is
clocked at an integer sub-multiple of the
SHA sampling frequency. This causes a
frequency translation in the FFT output
because of undersampling, but the
distortion measurement still represents
that of the SHA operating at the higher
sampling rate.

The AD9100 is optimized for low distor-
tion operation up to 30MSPS, while the

e

AD9101 will provide low distortion
performance up to a sampling rate of
125MSPS.

A block diagram of the AD9100 track-
and-hold is shown in Figure 15.18. The
switching bridge is integrated into the
first stage closed-loop input amplifier.
This innovation provides error (distor-
tion) correction for both the switch and
amplifier, while still achieving
slewrates representative of a more
traditional open-loop design. The device
has a 250MHz input bandwidth and a
16ns acquisition time to 0.01%. Hold-
mode distortion performance versus
analog input frequency for a sampling
rate of 30MSPS and a 2V p-p output is
shown in Figure 15.19.

The hold-mode distortion shown in
Figure 15.19 is clearly not good enough
for the 70MHz IF application we are
considering. However, the distortion
performance of the AD9100 can be
greatly improved by reducing the input
signal level. This will decrease the
signal-to-noise ratio, but will also
reduce the distortion produced by the
switching bridge nonlinearity.

The test configuration shown in Figure
15.20 was used to collect the AD9100
performance data for low amplitude
input signals. The data shown in Figure
15.21 was taken at a 10MSPS sampling
rate for three input amplitudes. For
each amplitude, the gain of the AD9618
op amp was adjusted so that its output
exactly filled the 2V p-p input range of
the AD9014 ADC. Notice that the
SFDR is optimum (70dBc) for a 200mV
p-p input signal to the AD9100, and a
corresponding post-amplifier gain of 10.
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TEST CONFIGURATION AND TIMING FOR MEASURING
AD9100 HOLD-MODE SFDR AT 10MSPS

10000

IF INPUT

ADS100 AD9014 ,
0 > SHA ADC 7 DSP
+100mV TO :
+1V
| R |
T/H CLOCK ADC CLOCK
TRACK TRACK
20ns
T/IH CLOCK HOLD HOLD
5ns ——>| |<—
ADC CLOCK '
Figure 15.20
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AD9100 HOLD-MODE SFDR MEASURED

WITH AD9014 ADC SAMPLING AT 10MSPS
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Figure 15.21
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The performance of the AD9100 driving
the AD9022 under identical conditions
yielded the FFT spectrum shown in
Figure 15.22. The 72MHz SFDR is
greater than 70dBc, and the measured
SNR is 62dB.

The tradeoff in optimizing the circuit for
the best SFDR is the increase in overall
noise resulting from the high-gain post-
amplifier amplifying the hold-mode
noise of the AD9100.

The other part of a successful wide-
dynamic range design involves the
optimization of the timing between the
SHA and the ADC. This involves even
more tradeoffs. The SHA acquisition
time should be long enough to achieve
the desired accuracy, but short enough
to allow sufficient hold-time for the
ADC front-end to settle and yield a low-
distortion conversion. For the example
above, the optimum performance was
achieved using an acquisition time of

20ns and a track time of 80ns. As
shown in Figure 15.20, the ADC is
clocked close to the end of the SHA’s
hold time. Best performance in designs
such as these is always achieved by
optimizing the timing in the actual
circuit.

Similar dynamic range improvements
can be achieved with high speed flash
converters at higher sampling rates
using the AD9101 SHA whose block
diagram is shown in Figure 15.23. The
AD9101 is a track-and-hold with an
internal post-amplifier. This configura-
tion allows the front end sampler to
operate at relatively low signal ampli-
tudes, resulting in dramatic improve-
ment in hold-mode distortion at high
input frequencies and sampling rates
up to 125MSPS. The AD9101 has an
input bandwidth of 350MHz and an
acquisition time of 7ns to 0.1% and
11ns to 0.01%.

FFT OUTPUT FOR AD9100 DRIVING AD9022 ADC,
INPUT = 200mV p-p, G = 10, fs = 10MSPS, fin = 71.4MHz

0 — T

20

SNR =62dB

dB BELOW FULL SCALE

DC 1.0 2.0

SFDR =72dBc

3.0 4.0 5.0

FREQUENCY (MHz)

Figure 15.22

15-19




SYSTEM APPLICATIONS (GUIDE

AD9101 125MSPS SAMPLING AMPLIFIER

' AD9101
SAMPLER l +
INq + HOLD % AMP out
—— W\
3R
g R
£\ N )
NS Nt S
CLOCK CLOCK BTN
Figure 15.23

A block diagram and a timing diagram
is shown for the AD9101 driving the
AD9002 8 bit flash converter at

15.25.

125MSPS (see Figure 15.24). The

corresponding dynamic range with and
without the AD9101 is shown in Figure

AD9101 SHA DRIVING AD9002 8-BIT, 125MSPS
FLASH CONVERTER FOR IMPROVED DYNAMIC RANGE

+5V

1k
3k

033V

<a

0.1pF
RTN
400
AC —»1 AD9101 AD9002 |~&=
CLOCK 1 CLOCK 2 .
HOLD HOLD
CLOCK 1 | 36ns | 44ns |36ns | 44ns |3.6ns
(AD9101)
TRACK TRACK TRACK
1.6 ns leatf—
HOLD HOLD HOLD
CLOCK 2 |
(ADS002) 35ns | 45ns 3.5 ns 45ns 3.5ns
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AD9002 DYNAMIC PERFORMANCE
WITH AND WITHOUT AD9101

-70 l T 1
=== WORST HARMONIC
-65 \F"‘~\ - - - SNR W/HARMONICS |
nl

_ \ ( WITH AD9101

-55 \ ,
WITH AD9101 N~ \
% 50 - A,

el ) M| TS N
““““ — _"\ » N

-35 |~ ENCODE = 125 MSPS >

1 10 100
MHz

Figure 15.25

The increase in performance is also timing is shown in Figure 15.26, and
dramatic for the AD9060 10 bit flash the corresponding performance compari-
converter. The block diagram and son in Figure 15.27.

AD9101 SHA DRIVING AD9060
10-BIT FLASH CONVERTER AT 60MSPS

70
AD9101 [—®| AD9630 —’?Nv—> AD9060

! }

CLOCK 1 CLOCK 2
"HOLD" "HOLD"

CLOCK 1 8.5 ns 8 ns 8.5 ns 8 ns 8.5 ns

"TRACK" "TRACK" "TRACK"

2.5ns —&| <@
"HOLD" "HOLD" "HOLD"

CLOCK 2 8.25ns | 8.25ns | 8.25ns | 8.25ns| 8.25 ns

"TRACK" "TRACK"
Figure 15.26
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AD9060 DYNAMIC PERFORMANCE
AT 60MSPS WITH AND WITHOUT AD9101
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Figure 15.27

Banbprass Siecma-DeLTA TECHNIQUES FoR
DirecT IF-To-Dicital. CONVERSION

James Bryant

The sigma-delta ADCs that were dis-
cussed in the previous section contain
integrators, which are lowpass filters.
They therefore have a passband extend-
ing from DC, and the quantization noise
is pushed up in frequency. At present
all commercially available sigma-delta
ADCs are of this type (although some
which are intended for use in audio or
telecommunications applications con-
tain bandpass digital filters to eliminate
any DC response).

There is no particular reason why the

filters of the sigma-delta modulator
should be lowpass filters, except that

15-22

traditionally ADCs have been thought
of as being baseband devices, and that
integrators are somewhat easier to
construct than bandpass filters. If we
replace the integrators in a sigma-delta
ADC with bandpass filters as shown in
Figure 15.28, the quantization noise is
moved up and down in frequency to
leave a virtually noise-free region in the
passband (see Figure 15.29. If the
digital filter is then programmed to
have its passband in the region, we
have a sigma-delta ADC with a
bandpass, rather than a lowpass char-
acteristic.
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REPLACING INTEGRATORS WITH BANDPASS
FILTERS GIVES A BANDPASS SIGMA-DELTA ADC

INTEGRATOR CL'((’fCK
Lt @ S S DIGITAL
LOWPASS
JE FIL?I‘ER‘:ND 7
DECIMATOR
1-BIT | TRADITIONAL
DAC >A ADC
CLOCK
o @ BANDPASS “s DIGITAL
FILTER
¥ ALTER AND 7>
DECIMATOR
BANDPASS
>A ADC

Figure 15.28

NOISE SHAPING FUNCTIONS FOR TRADITIONAL AND
BANDPASS SIGMA-DELTA ADCs

- | . BANDWIDTH
i OF INTEREST
TRADITIONAL |
SA ADC |
|
BANDWIDTH
(¢ OFINTEREST > <
3 .
BANDPASS I }
>A ADC ol
FREQUENCY CARERIER
FREQUENCY
Figure 15.29
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The theory is straightforward, but the
development of a sigma-delta ADC is
expensive, and there is no universal
agreement on ideal characteristics for
such a bandpass sigma-delta ADC, so
developing such a converter from
scratch to verify the theory would be
unlikely to yield a commercial product.
Researchers at Analog Devices and the
University of Toronto (See References
16, 17, and 18) have therefore modified
a commercial baseband (audio) sigma-
delta ADC chip by rewiring its integra-
tors (see Figure 15.30) as switched
capacitor bandpass filters and repro-
gramming its digital filter and
decimator. This has provided a fast, and

comparatively inexpensive, proof of the
concept, but at the expense of relative
low Effective Bits (11-bits), the result of
less than ideal bandpass filters. Never-
theless the results are extremely en-
couraging and open the way to the
design of purpose-built bandpass sigma-
delta ADC chips for specific ASIC
applications, especially, but not exclu-
sively, radio receivers. \

The modulator configuration is shown
in Figure 15.30, and the overall perfor-
mance characteristics of the experimen-
tal ADC are shown in Figure 15.31. The
device was designed to digitize the
popular radio IF frequency of 455kHz.

STRUCTURE OF THE EXPERIMENTAL
FOURTH-ORDER BANDPASS A MODULATOR

A0

A3 Kfs
+ ) = s
Z-1
ZR2

45

Figure 15.30
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SUMMARY OF RESULTS FOR EXPERIMENTAL
BANDPASS SIGMA-DELTA ADC

Center Frequency: 455kHz
Bandwidth: 10kHz
Sampling Rate: 1.852MSPS

Oversampling Ratio: 91
SNR in Specified Band: 65dB

Supply: 5V, Power: 750mW

Process: 3um CMOS, Active Area: 1.8 x 3.4mm

Figure 15.31

In the future it may be possible to have 16-22 bit filter coefficients, and would

such bandpass sigma-delta ADCs with considerably increase the size, and cost,
user-programmable digital filter coeffi- of the converter.

cients, so that the passband of a re-

ceiver could be modified during opera- A feature which could be added com-
tion in response to the characteristics of paratively easily to a sigma-delta ADC
the signal (and the interference!) being is a more complex digital filter with
received. Such a function is very attrac- separate reference (I) and quadrature
tive, but difficult to implement, since it (Q) outputs. Such a feature would be
would involve loading, and storing, most valuable in many types of radio
several hundreds or even thousands of receivers.
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AcHIEVING WIDE DyNnaMmic RANGE UsING
VARIABLE (GAIN AMPLIFIERS
Walt Kester, Barrie Gilbert, Bob Clarke

Another method to extend the dynamic Figure 15.33, and the corresponding
range in a system is to precede the ADC  frequency response in Figure 15.34. The

with a wide bandwidth, variable gain signal is applied to the Y input of the
amplifier (VGA). There are many ways ADS834, and the control voltage to the X
to make VGAs, and some relatively input. The AD811 transimpedance
good ones can be built using analog amplifier level-shifts the differential
multipliers such as the AD834, 500MHz  outputs of the AD834 to a single-ended
4-quadrant multiplier shown in Figure signal and acts as a current-to-voltage
15.32. A diagram of a 90MHz voltage converter.

controlled amplifier (VCA) is shown in

SIMPLIFIED BLOCK DIAGRAM OF THE AD834
500MHz 4-QUADRANT ANALOG MULTIPLIER

W1 w2

Yy

=AAA

I/oa Q4 Q5 ﬂ—
M

DISTORTION DISTORTION
CANCELLATION CANCELLATION
X1 Q11 Q12 X2 Y1 Qi3 Q4 Y2
285Q 285Q
BANDGAP
REFERENCE
V- ©
Figure 15.32
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A 90MHz VCA USING THE AD834 AND THE AD811

R1
100Q

v, R2 o
100Q
R4

<7| .8I L rﬁg 182Q

X2 X1 +Vg W1

D U1
ADB834 RS
Y1 Y2 Vs W2 182Q

wo——T G

R3
249Q

“*R8 = R9 =511 FOR X4 GAIN _
=1.27k FOR X10 GAIN

Figure 15.33

FREQUENCY RESPONSE OF THE 90MHz VCA

+20dB P~
— — R8=R9 = 1.27kQ * \\
OUTPUT A\
— A& (2dB PER
DIVISION) \
T [ R8=R9 =511Q \
+12dB - A \
\\
\\\
10k 100k 1M 10M 100M

Figure 15.34

15-27



SYSTEM APPLICATIONS GUIDE

Most VCAs made with analog multipli-
ers have gain which is linear in volts
with respect to the control voltage,
moreover they tend to be noisy. There is
a demand, however, for a VCA which
combines a wide gain range with con-
stant bandwidth and phase, low noise
with large signal-handling capabilities,
and low distortion with low power
consumption, while providing accurate,
stable, linear-in-dB gain. The AD600
and AD602 achieve these demanding
and conflicting objectives with a unique
and elegant solution - the X-AMP™ (for
exponential amplifier). The concept is
simple: a fixed-gain amplifier follows a

passive, broadband attenuator equipped
with special means to alter its attenua-
tion under the control of a voltage (see
Figure 15.35). The amplifier is opti-
mized for low input noise, and negative
feedback is used to accurately define its
moderately high gain (about 30 to
40dB) and minimize distortion. Since
this amplifier’s gain is fixed, so also are
its ac and transient response character-
istics, including distortion and group
delay; since its gain is high, its input is
never driven beyond a few millivolts.
Therefore, it is always operating within
its small signal response range.

SINGLE CHANNEL OF THE DUAL 30MHz AD600/AD602 X-AMP

GAT1
T
— PRECISION PASSIVE CATING
REFERENCE INPUT ATTENUATOR INTERFACE
C1HI + ?
v —_— p——O AT10P
ciLo ﬁ:§ - t
GAIN CONTROL S AAA
INTERFACE RF2
2.24k(} (AD600)
S [ > 69402 (AD602)
-
0dB -6.02dB -12.04dB -18.06d8  -22.08d8 ~30.1dB -36.12dB —42.14d8 | S ?&11
A -
AlHI 'AVA' - A'A'A' A'A'A' 4 l'AvA' A'A'A' A'A'A' A'A'A i
1» < > <> <> <>
s 2 2 2 % $ 3 32| | pxepean QMM
A1LO b
1 AMPLIFIER
R - 2R LADDER NETWORK 41.07dB (AD600)
(Rg = 100 + 2%) 31.07dB (AD602)

Figure 15.35
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The attenuator is a 7-section (8-tap)
R-2R ladder network. The voltage ratio
between all adjacent taps is exactly 2,
or 6.02dB. This provides the basis for
the precise linear-in-dB behavior. The
overall attenuation is 42.14dB. As will
be shown, the amplifier’s input can be
connected to any one of these taps, or
even interpolated between them, with
only a small deviation error of about
+0.2dB. The overall gain can be varied
all the way from the fixed (maximum)
gain to a value 42.14dB less. For ex-
ample, in the AD600, the fixed gain is
41.07dB (a voltage gain of 113); using
this choice, the full gain range is
—1.07dB to +41.07dB. The gain is

WipE Dynamic RANGE ADC APPLICATIONS

related to the control voltage by the
relationship Ggp = 32V + 20 where
V@ is in volts. For the AD602, the
fixed gain is 31.07dB (a voltage gain of
35.8), and the gain is given by

Gygp = 32V@g + 10.

The gain at Vg = 0 is laser trimmed to
an absolute accuracy of +0.2dB. The
gain scaling is determined by an on-chip
bandgap reference (shared by both
channels), laser trimmed for high
accuracy and low temperature coeffi-
cient. Figure 15.36 shows the gain
versus the differential control voltage
for both the AD600 and the AD602.

GAIN OF THE AD600/AD602
AS A FUNCTION OF CONTROL VOLTAGE
45
40 -
35 P //
30 AD600 | /’
25 7
@ 2 iy
z 15 > -
2 “ // P AD602
5 ) / //
0 = //
-5
)
-10 —="
-15
-800 -400 400 800
Vg - Millivoits
Figure 15.36 -

In order to understand the operation of
the AD600/AD602, consider the simpli-
fied diagram shown in Figure 15.37.
Notice that each of the eight taps is
connected to an input of one of eight
bipolar differential pairs, used as cur-
rent-controlled transconductance (gy,)
stages; the other input of all these gm

stages is connected to the amplifier’s
gain-determining feedback network,
Rp1/Rp9. When the emitter bias cur-
rent, If, is directed to one of the 8
transistor pairs (by means not shown
here), it becomes the input stage for the
complete amplifier.
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CONTINUOUS INTERPOLATION BETWEEN
TAPS IN THE X-AMP IS PERFORMED WITH CURRENT-
CONTROLLED gm STAGES

AA

) - OUTPUT
o o o o ® - (A10P)

(ATHI) —6—AWA

m S AA AAA AA AAA AAA
vy Yyy Yyy Yyy Yyy vy
Ry =100 &~ %zn 2R %m 2 2R %m b3
(A1LO)

]
X
A
vy
o
A
0
2

Figure 15.37

KEY FEATURES OF THE AD600/AD602 X-AMPS

Precise Decibel-Scaled Gain Control

Accurate Absolute Gain Calibration

Low Input-Referred Noise (1.4nV/vHz)

Constant Bandwidth (dc to 35MHz)

Low Distortion: -60dBc THD at £1V Output

Stable Group Delay (¥2ns Over Gain Range)
Response Time: Less than 1us for 40dB Gain Change

Low Power (125mW per channel maximum)

Differential Control Inputs
Figure 15.38
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When I is connected to the pair on the
left-hand side, the signal input is con-
nected directly to the amplifier, giving
the maximum gain. The distortion is
very low, even at high frequencies, due
to the careful open-loop design, aided by
the negative feedback. If Ig were now
to be abruptly switched to the second
pair, the overall gain would drop by
exactly 6.02dB, and the distortion
would remain low, because only one gy,
stage remains active.

In reality, the bias current is gradually
transferred from the first pair to the
second. When If is equally divided
between two gm stages, both are active,
and the situation arises where we have
an op amp with two input stages fight-
ing for control of the loop, one getting
the full signal, and the other getting a
signal exactly half as large.

Analysis shows that the effective gain is
reduced, not by 3dB, as one might first
expect, but rather by 20logl.5, or
3.52dB. This error, when divided
equally over the whole range, would

amount to a gain ripple of +0.25dB;
however, the interpolation circuit
actually generates a Gaussian distribu-
tion of bias currents, and a significant
fraction of Iy always flows in adjacent
stages. This smoothes the gain function
and actually lowers the ripple (see
Reference 19). As Iy moves further to
the right, the overall gain progressively
drops.

The total input-referred noise of the
X-AMP™ is 1.4nV/VHz; only slightly
more than the thermal noise of a 100Q2
resistor which is 1.29nV/NHz at 25°C.
The input-referred noise is constant
regardless of the attenuator setting,
therefore the output noise is always
constant and independent of gain. For
the AD600, the amplifier gain is 113
and the output noise spectral density is
therefore 1.4nV/ANHzx113 or 158nV/
VHz. Referred to its maximum output of
2V rms, the signal-to-noise ratio would
be 82dB in a 1MHz bandwidth. The
corresponding signal-to-noise ratio of
the AD602 is 10dB greater, or 92dB.

WineE Dynamic RaNGE ULTRASOUND SYSTEMS

Walt Kester

A block diagram of a typical ultrasound
system is shown in Figure 15.39. A
burst of ultrasound energy (1 to
13MHz) is generated in a piezoelectric
transducer which physically contacts
the outer body surface. The velocity of
propagation of the ultrasound waves in

most soft-body tissues (air and bones
are the exception) is about 1500m/sec.
Echoes are produced at interfaces
between various types of soft-body
structures. The round-trip time of each
echo is used to determine its distance
from the transducer.
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B-SCAN ULTRASOUND SYSTEM BLOCK DIAGRAM

TRANSMITTER
OSCILLATORS
PATIENT PULSER MUX // CILLATOF
T
TGA
1 TRANSDUCER
" MECHANICAL LPF RECEIVER
| LINKAGE
TRANSDUCER J/
POSITION
INDICATORS ADC
X Y
AXIS AXIS f
IMAGE
DISPLAY ——PROCESSOR
AXIS
Figure 15.39

Soft-body tissues attenuate the burst of
ultrasound energy by approximately
1dB/cm/MHz. For the thicker parts of
the body, as in abdominal imaging,
frequencies of 1 to 2MHz are common.
For imaging of shorter path lengths, as
in studies of the eye or other superficial
structures, frequencies as high as
20MHz can be used. Because of soft-
body tissue attenuation, the receiving
transducer will see a dynamic range of
100dB when scanning from 1 to 10cm
at 10MHz, independent of the tissue
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variations that need to be observed.
Add the 50dB dynamic range typical for
variations in tissue, and the transducer
must have close to 150dB dynamic
range. For this reason, the transducer
output is usually applied to a Time
Gain Amplifier (TGA) whose gain in dB
is directly proportional to the amount of
time elapsed from the transmission of
the burst (see Figure 15.40). The
AD600 X-AMP™ previously discussed is
exactly such a device.
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TIME GAIN AMPLIFIER

TRANSDUCER
OUTPUT
1-10 MHz

dB

GAIN

/.

t

Figure 15.40

For reflections that are near the sur-
face, there will be little attenuation. For
deep signal returns, gain is applied to
compensate for the path attenuation.
The TGA thus compensates for normal
signal attenuation associated with
delay/distance. The receiver (ADC)
therefore only sees the intensity varia-
tions associated with the different
tissue types. In scans where the propa-
gation path is primarily soft tissue
structures of comparable attenuation,
such as the abdomen, a fixed gain
versus time function is usually ad-
equate. In other cases involving blood
pools or fixed regions, it is often desir-
able to vary the gain versus time func-
tion. Many commercial systems make
this option available. In some cases it
is even desirable for the operator to
calibrate the TGA on a per-patient
basis in order to achieve the best diag-
nostic image.

In phased array ultrasound systems,
the angular information is precisely
determined by phasing the delays from
a number of transducers (transmitted
and received) to electronically select the
angle to be processed. The first genera-
tion of phased array elements used
analog beam forming techniques as
shown in Figure 15.41. Delays at the
transmitter and receiver are adjusted
using variable delay filters. The next
generation of phased arrays will be
digital. Low cost, low power, high
performance ADCs and DSPs make it
practical to digitize the rf directly and
digitally control the delay requirements
as shown in Figure 15.42. This tech-
nique is often referred to as digital
beamforming and is also used in some
modern radar and sonar systems.
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ANALOG BEAMFORMING
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Figure 15.43 shows the complete signal
path for a single channel of a phased
array ultrasound system. The peak
signal from the transducer is about 1V
p-p into a 100Q load. The signal then
passes through a gain-of-two low noise
pre-amplifier which drives the 100Q
input of the AD600. The appropriate
gain function is generated by cascading
each half of the AD600 and controlling
the gain with the calibrated ramp
voltage. The gain of the two stages can
be changed from 0dB to 80dB. The
interstage bandpass filter blocks the dc
offset from the first gain stage and
limits the out-of-band noise. The output
of the second gain stage drives another
bandpass filter and the AD9040 ADC
input. The AD9040 output goes to the
memory and the DSP circuits for fur-

ther processing. This system is capable
of maintaining a SFDR of greater than
55dB at ultrasound frequencies up to
15MHz.

Extreme care in layout, decoupling,
grounding, and signal routing is essen-
tial in order to prevent oscillation in
these circuits. A gain of 80dB (10,000)
at a bandwidth of 1MHz corresponds to
an effective gain-bandwidth product of
10GHZ!

Figure 15.44 shows the calculations to
determine the proper gain function for
the TGA assuming a 5SMHz burst into
soft body tissue. The corresponding
control voltage ramp for the AD600 is
shown in Figure 15.45.

SINGLE CHANNEL OF A
PHASED ARRAY ULTRASOUND SYSTEM

9 80dB

GAIN

CONTROL

VOLTAGE 0dB
OPTIONAL Vg v Ve
PRE-AMP

=10.5V FS

1/2 AD600 1/2 AD600

BANDPASS

100Q

' {} } FILTER
100Q
— % %1009

TRANSDUCER ‘5 Q7
v #+VFS
fs AD9040
TIMING 10-BIT, 40MSPS
ADC

MEMORY
AND DSP

Figure 15.43
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CALCULATION OF TGA COMPENSATION RAMP SLOPE
FOR 5MHz ULTRASOUND BURST INTO SOFT BODY TISSUE

B Acoustic Velocity =1500m/s (Soft Body Tissue)
B Propagation Delay =6.7us/cm (One Way)
= 13.4ps/cm (Round Trip)
B Attenuation = 1dB/cm/MHz (One Way)
= 5dB/cm @ 5MHz (One Way)
= 10dB/cm @ 5MHz (Round Trip)

B TGARampSlope = (10dB/cm)+(13.4us/cm) = 0.746dB/us

Figure 15.44

TYPICAL CONTROL VOLTAGE FOR ULTRASOUND
TIME GAIN AMPLIFIER, f = 5MHz, INTO SOFT BODY TISSUE

Vg(mV)
wers | G = 80dB
11.7mV__ 0.746dB :
ps ~  ps :
° i
l
i
G=0dB -625 a : : : o
0 20 40 60 80 100 | 120
ROUNDTRIP DELAY (ps) :
| i ] ! )
0 2 4 6 8
DEPTH (cm)
Figure 15.45
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In some ultrasound applications, the
user may wish to use a high input
impedance preamplifier to avoid the
signal attenuation that would result
from loading the transducer by the
1000 input resistance of the X-AMP.
High gain cannot be tolerated, because
the peak transducer signal is typically
+0.5V, while the peak input capability
of the AD600/AD602 is only slightly
more than +1V. A gain of two is a
suitable choice. In order to maintain the
1.4nV/NHz noise performance of the
AD600/AD602, the preamplifier’s input
noise should be less than 1.2nV/VHz.

An inexpensive circuit, using comple-
mentary transistor types chosen for the
low rp}y, is shown in Figure 15.46. The
gain is determined by the ratio of the
net collector load resistance to the net
emitter resistance, that is, it is an open-
loop amplifier. The gain will be X2 (6dB)
only into a 10002 load, assumed to be
provided by the input to the X-AMP.;
R2 and R7 are in shunt with this load,
and their value is important in defining

the gain. For small-signal inputs, both
transistors contribute an equal
transconductance, which is rendered
less sensitive to signal level by the
emitter resistors R4 and R5, which also
play a dominant role in setting the
gain.

This is a Class AB amplifier. As VIN
increases in a positive direction, Q1
conducts more heavily and its rg be-
comes lower while that of Q2 increases.
Conversely, more negative values of
VN result in the ro of Q2 decreasing,
while that of Q1 increases. The design
is chosen such that the net emitter
resistance is essentially independent of
the instantaneous value of V), result-
ing in moderately low distortion. Low
values of resistance and moderately
high bias currents are important in
achieving the low noise, wide band-
width, and low distortion of this pream-
plifier. Heavy decoupling prevents noise
on the power supply lines from being
conveyed to the input of the X-AMP.

A LOW-NOISE ULTRASOUND
PREAMPLIFIER FOR THE AD600 AND AD602

+5V

1000
Ry OF X AMP

QUTPUT
GROUND

Figure 15.46
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ULTRASOUND PREAMPLIFIER PERFORMANCE

Measurement Value
Gain (f = 30MHz) 6dB
Bandwidth (-3dB) 250MH=z
Input Signal for 1dB Compression 1V p-p
Second Harmonic Distortion, V|N = 200mV p-p -51dBc¢
" Third Harmonic Distortion, VIN = 200mV p-p -57dBc¢c
Second Harmonic Distortion, V|N = 500mV p-p -47dBc
Third Harmonic Distortion, V|N = 500mV p-p -45dBc
System Input NSD (Including X-AMP) 1.03nVWHz
Input Resistance 1.4kQ
Input Capacitance 15pF
Input Bias Current £150uA
Power Supply Voltage 5V
Quiescent Current 15mA

Figure 15.47

For ultrasound frequencies below
1MHz, the AD797 op amp makes a good
choice for the ultrasound pre-amplifier.

This example clearly demonstrates the
power of the combination of analog and
digital signal processing to solve a
system problem. In order to provide the
same dynamic range without the TGA

15-38

(i.e. the ADC interfaces directly to the
transducer via a fixed-gain preamp),
the ADC would have to have a dynamic
range of approximately 100dB. This
implies a 16 bit ADC which would have
to operate at a sampling frequency of at
least 30MSPS — a requirement which
is clearly beyond the present state of
the art in ADC technology!
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