ANALOG
DEVICES

AN-302

APPLICATION NOTE

ONE TECHNOLOGY WAY e P.0. BOX 9106 ¢ NORWOOD, MASSACHUSETTS 02062-9106 @ 617/320-4700

Exploit Digital Advantages in an SSB Receiver

by Richard Groshong and Stephen Ruscak
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IN DIGITAL
CONVERSION
TECHNOLOGY
HELP RADIO
DESIGNERS
TAKE
ADVANTAGE

OF DiGgITAL
ARCHITECTURES.

This article is the second of a two-
part series on the design of digital
radio receivers. The first part
(ELECTRONIC DESIGN, May 23, p. 67)
covered the fundamentals of digi-
tal radio and undersampling tech-
niques, as well as selection criteria
for the analog-to-digital converter.
Part 2 covers the receiver design in
greater detail.

he first step in digital-
receiver design is to de-
termine the radio’s
front-end specifica-
tions. The process is
somewhat similar to
that in a conventional
analog design, but it
must account for the
characteristics of the digital IF pro-
cessor used by the radio. After the
front-end is completed, the designer
can proceed to the IF processor, tak-
ing advantage of highly integrated
devices to simplify the design.

The design example in this article
is a 2-t0-30-MHz SSB receiver em-
ploying undersampling techniques.
A 16-kHz front-end bandwidth was
chosen to accommodate up to four 3-
kHz independent-sideband channels.

This bandwidth also aliows the digi-
tal-signal processor to perform fine
tuning over at least a 1-kHz range,
simplifying the variable-injection
synthesizer (Fig. 1).

The first IF is 100 MHz, which is
high enough to ensure that the
broadband input filter suppresses
the IF and image response by 80 dB,
but low enough to allow a low-cost
crystal filter to be used as the first-
IF narrowband filter. Because the
DSP performs the fine tuning in 1-
Hz steps, the variable injection syn-
thesizer can tune from 102 to 130
MHzin 1-kHz steps. This “high-side”’
first-IF mixer injection causes a
passband reversal or “flip” in the
mixer, which will be corrected by the
sampling process.

The first-IF amplifier makes up
for losses in the first-IF mixer and
filter, and maintains a front-end
noise figure of 15 dB. After amplifi-
cation, the signal is mixed with a
fixed-oscillator signal of 99.544
MHz. The result is a second-IF of 456
kHz, which is high enough to allow
the second-mixer image response at
99.088 MHz to be attenuated by 80
dB in the first-IF filter, but low
enough to be sampled by the analog-
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.1. THE CHOICE OF 100 MH for the first IF is high enough to ensare that the broadband input filter sufficiently suppresses the IF
and image response but low enough to allow a low-cost crystal filter for the first-IF narrowband filter.
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to-digital converter (ADC).

If the ADC’s sample-and-hold
bandwidth is greater than 456 kHz,
as is the case with the AD779, the re-
ceiver can undersample the second-

" signal efficiently at a sample rate
«£ 96 kHz. Because the analog-to-dig-
ital conversion is effectively the re-
sult of a convolution of the input sig-
nal and the sample-clock impulse
spectrum, the sample clock must be
as “clean” and jitter-free as the local
oscillator or mixer injection signal.
Any phase noise present on the clock
will be impressed on the signal being
sampled, effectively corrupting it. If
isolation or buffering is inadequate,
the spurious noise picked up by the
sample clock can be disastrous.

When the second-IF spectrum is
convolved with the sample-clock im-
pulse spectrum, the IF signal is fre-
quency translated to a lower IF of
one-fourth the sample frequency, or
24 kHz (Fig. 2). The convolution also
creates a passband reversal that
counteracts the reversal in the first-
IF mixer. As expected, the sampled-
IF spectrum repeats at every multi-
ple of the sample frequency.

In this example, increasing the
second-IF bandwidth will create
~liasing distortion or overlap in the

mpled IF spectrum because real-
-world filters can supply only finite

SPREADSHEET OUTPUT ,

Recsiver performance for thermal-noise-limited example
Digital-signal-processor receiver gain distribution and noise performance
Analog RF/IF noise figure 1548
ADC resolution 14 bits
ADC full-scale level 5V peak (23.98 dBm)
ADC quantization level -60.31dBm
ADC sampie frequency 96 kHz
AOC input bandwidth (BW1) 16 kHz
information bandwidth (BW2) 3kHz
Analog AGC threshold 77 dBm
Anonna Amsieg AODC Neissat Meisest Quastizring Total Output  Digitel Output Antemna
sigasl  RF/IF sigasl ADCimput ADCimput neiesof  noise SNR  precessor signal  overisad
level gain  level inBWH WBW2 ADCinBW2 inBW2 inBW2  gain level level
(48m) (d8) (dBw) (dBm) (dBm) (dBm)  (dBm) (dB) (d8)  (dBm) (dBm)
-11300 5700 -5600 -59.96 -67.23 -74.11 -66.42 10.42 60.00 400 -33.02
-103.00 5700 4600 -59.96 -67.23 -74.11 -66.42 2042 50.00 400 -33.02
-9300 5700 -3600 -59.96 —£67.23 -74.11 6642 3042 40.00 400 -33.02
8300 5700 -2600 -59.96 -67.23 -74.11 -66.42 40.42 30.00 400 -33.02
-7300 5300 -2000 -63.96 -Nn.23 -74.11 -69.42 49.42 24.00 400 -29.02
-63.00 43.00 -2000 -73.96 -81.23 -74.11 -7334 5334 24.00 400 -19.02
-5300 3300 -2000 -83.96 -91.23 -74.11 -74.03 54.03 24.00 4.00 -9.02
-4300 2300 -2000 -93.96 -101.23 -74.11 ~74.10 54.10 24.00 4.00 0.98
-3300 1300 -2000 -103.96 11123 7411 -74.11 54N 24.00 4.00 10.98
-2300 300 -2000 -11396 -121.23 -74.11 -7411 54N 24.00 400 2098
-13.00 -7.00 -2000 -12396 -131.23 =741 -74.11 5411 24.00 4.00 30.98
-300 -17.00 -20.00 -13396 -141.23 -74.11 -74.11 5411 2400 4.00 40.98
700 -2700 -2000 -14396 -151.23 -74.11 -7411 54N 24.00 4.00 50.98
17.00 -37.00 -2000 -15396 -161.23 -74.11 =741 541 24.00 400 60.98

stopband attenuation (Fig. 2, again).
But aliasing can be reduced to an ac-
ceptable level. In this design, the
passband width of 16 kHz must be
alias-protected to 60 dB.

This requirement, and a look at the
IF sampling process, lead the design-
er to the bandpass specifications of
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2. THE SAMPLING PROCESS IS 1 convolution of the second-IF spectrum (a)
with the sampler spectrum (b). The resulting spectrum shows that if the second-IF
bandwidth is increased, aliasing distortion will occur (c).
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the first-IF filter (Fig. 4). Because of
the sampling frequency and second-
IF selected, the filter must have an
80-kHz-wide stopband. Given the 16-
kHz-wide passband, the correspond-
ing shape factoris 5to 1. Attenuation
of signals 40 kHz from the passband
center of 100 MHz must be at least 60
dB. As noted, another 20 dB of atten-
uation is also needed at the image-
response frequency of 99.088 MHz.
A typical passband ripple specifica-
tion might be 1dB. A 4-or 5-pole crys-
tal filter might satisfy these criteria.

THE DIGITAL STAGE

The signal from the second-IF
mixer must be amplified to a level
sufficient to drive the ADC. The gain
required depends on the ADC and
various receiver performance trade-
offs, and must be determined based
on a system-level analysis. For ex-
ample, the theoretical quantizing
noise density of an ADC, N, in W/
Hzis:

Nuy = (Vi /2"/6f R
where V. = the peak-to-peak volt-
age range of the ADC in volts, b =

the total number of ADC bits includ-
ing sign, R = the assumed imped-



ance in ohms, and f, = the sampling
frequency in hertz.

For a 14-bit ADC with a 10-Vpk-pk
range and a sampling frequency of
96kHz, N, = 1.2935 X 10* W/Hz or
-108.9 dBm/Hz, assuming 50-Q im-
pedance normalization. Other noise
includes the thermally generated re-
ceiver noise. The level of this noise is
the front-end noise figure, 15 dBm/
Hz. minus the thermal noise generat-
ed in a 50-) resistor, -174 dBm/Hz,
or-159dB/Hz.

The receiver’'s minimum weak-sig-
nal gain must be high enough so that
the weakest desired usable signal
plus the receiver noise is greater
than at least one ADC quantizing
level. If not, the signal won't be re-
covered. The best way to ensure a
large enough signal is to provide suf-
ficient noise at the ADC input to dith-
er across a quantizing level. To do so,
a designer can amplify the in-band
receiver thermal noise or add out-of-
band noise, which the digital-signal
processor can filter out later. Al-
though it may not be the better meth-
od, this article discusses the simpler
approach of amplifying the receiver
thermal noise until it bridges a quan-
tizing level.

For the AD779, one quantizing lev-
el is 610 uVpk-pk. The equivalent
sine-wave amplitude is then 2158 pV
rms or —60.3 dBm. Therefore, ampli-
fving the receiver noise so that its
rms level at the ADC is also -60.3
dBm will guarantee adequate bridg-
ing of a quantizing level. With the
front-end noise bandwidth (BW) of
16 kHz, the gain required to amplify
the receiver noise to this level is:

Gain = quantizing level - thermal
noise density - 10log BW

= -60.3 dBm + 159 dBm/Hz -
10log 16,000 Hz

=56.7dB

A spreadsheet program can perform
these calculations, and others, to in-
teractively examine receiver perfor-
mance for different ADCs, sample
rates, bandwidths, and gain distribu-
tions (see the table).

Note that in this example, the ana-
log gain is high enough to allow ther-
mal noise to bridge a quantization
Jevel. As a result, the receiver’s noise

performance is dominated by ther-
mal noise, not analog-to-digital
quantization noise. At the sensitivity
level, the thermal noise is 7 dB great-
er than the quantization noise when
measured in the 3-kHz information
bandwidth.

The output signal-to-noise ratio
(SNR) is better than 10 dB at an an-
tenna signal level of -113 dBm. Digi-
tal automatic gain control (AGC)
holds the output signal level at 20dB
below full scale (+4 dBm) until the
RF AGC threshold is reached. The
output SNR increases with the an-
tenna signal level until the level at
the ADC reaches 44 dB below full-
scale (-20 dBm). At this point, the an-
alog AGC holds the ADC input and
output levels constant. The output
SNR continues to rise to 54 dB until
the analog-to-digital quantization
noise dominates the receiver noise.

UNWANTED SIGNALS

Another consideration is the an-
tenna overload level, which is the an-
tenna signal level at which an unde-
sired received signal can pass unat-
tenuated through the 16-kHz band-
width front-end to the ADC and
saturate it. Because this undesired
signal would be outside of the 3-kHz
information bandwidth, it would not
affect the normal AGC setting.

As a result, the receiver must
maintain some “headroom” to ac-
commodate signal-level peaks. Only

desired in-band signals should be
present after the final narrowbanc
filtering in the digital-signal proces:
sor. Consequently, 20 dB of head-
room is sufficient at the digital-sig-
nal-processor output. At the ADC in-
put, however, large out-of-band un-
desired signals may be present.
Consequently, at least 40 dB of head-
room is required.

The maximum headroom is limited
by the SNR required for both noise-
or distortion-limited cases. In the ex-
ample design, the maximum SNR for
large desired signals, without inter-
ference, is 54 dB. If an out-of-band
undesired signal at the ADC has a
level of +4 dBm, or -20 dB from the
saturation level, the converter will
generate harmonic and intermodula-
tion distortion products that will
alias and potentially fall inside the
desired signal bandwidth. If these
products are specified to be 70 dB
down (-66 dBm) and the in-band de-
sired signal level at the ADC is -20
dBm, the ultimate signal-to-noise-
and-distortion, S/(N+D), ratio will
be limited to 46 dB (-20 dBm + 66
dBm).

The next step in the design is the
digital IF processor architecture,
which will depend on the desired lev-
el of functionality and the choice of
hardware. In a typical implementa-
tion of a digital SSB processor, the
digitized IF signal is first processed
by the IF translator (Fig. 4). The
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the signal as a ro-
tating vector or
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used in digital-sig-
nal-processing al-
gorithms.!

A complex oscil-
lator and a multipli-
er perform the frequency transla-
tion and complex baseband conver-
sion. Typically, the oscillator con-
sists of a phase accumulator and sine
and cosine algorithms (Fig. 3). The
phase accumulator is a modulo 27
adder that increments its output
each sample period by adding a fixed
‘onstant, or phase increment, to its
_cevious sample output. This pro-

‘cess produces a continuously chang-

ing output phase angle ranging from
0 to 27 radians.

The algorithms then compute the
phase angle’s cosine and sine to gen-
erate the complex oscillator’s real
and imaginary outputs. Next, the
real input signal is multiplied by the
oscillator’s outputs to produce the I
and Q components of the complex
baseband signal.

The next step is to implement the
SSB filter, AGC, and demodulator in
the digital-signal-processor chip.
But the system’s sample rate must
be reduced as much as possible be-
fore the digital-signal processor can
perform these computationally in-
tensive algorithms. For example, if
the DSP’s instruction rate is 12 MHz
and the sample rate remains at 96
kHz, only 125 instruction cycles will
be available to run the algorithms on
each point. This figure is insuffi-

2 1N

cient. Therefore, the receiver deci-
mates the sample rate by a factor of
10. The resuiting 9600-Hz rate is
enough to support the typical 3-kHz
SSB bandwidth. It also enables 1250
instruction cycles between the deci-
mated samples, enough to perform
the required algorithms.

FILTER THE INPUT

Before the sample rate can be re-
duced, the input signal must be fil-
tered to attenuate out-of-band sig-
nals. Otherwise, these signals can
alias back in-band, causing distor-
tion. This decimation filter usually
consists of two identical finite-im-
pulse-response (FIR) filters in the I
and Q paths. Computer programs for
designing FIR filters with arbitrary
frequency response are readily
available from many commercial
sources. The most popular filter de-
sign algorithm, used in many of
these programs, was distributed by
the IEEE Press in 1979.2

After decimation, the signal
passes through a high-performance
receiver IF filter. This SSB filter is
an FIR or infinite-impulse-response
device. If necessary, the SSB filter's
output level is adjusted by the digital
portion of the AGC algorithm. The
AGC controls the digital gain by mul-
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chip. The system’s sample rate is first reduced by a factor of 10 in the decimator to produce enough instruction

I 4. THE RADIO’S SSB FILTER, AGC. and demodulator are implemented by the digitalsignak-processor
cycles between samples to perform the required algorithms.

tiplying the I and Q components by a
positive scalar value, M (Fig. 4,
again).

The leveled I and Q outputs are
then applied to the envelope detector
and SSB product detector. The enve-
lope detector computes the magni-
tude of the phasor represented by
the I and Q components. The output
envelope is simply the square root of
the sum of the squared I and Q val-
ues. The AGC algorithm uses the en-
velope to adjust the receiver output
level by a combination of analog (or
RF) and digital gain control. To pre-
vent saturation by strong out-of-
band signals, the algorithm also
senses any ADC overload and ad-
justs the RF and digital gain distri-
butions accordingly.

The SSB product detector is a
“half-complex” frequency transla-
tor that shifts the SSB carrier to its
proper frequency. Just as in the IF
translator, the circuit uses a complex
oscillator, commonly called a beat-
frequency oscillator. First, the I and
Q signal values are muitiplied by the
cosine and sine outputs of the oscilla-
tor. Then the products are added to
produce the receiver’s audio output.

The hardware needed to imple-
ment the digital IF processor de-
pends on several factors, but nearly
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. 5. BECAUSE TYPICAL DIGITAL IF PROCESSOR architectures are highly integrated, most functions can be implemented

in the DSP software. In this example circuit, only a few ICs are needed to perform the functions, as described in Figure 4.

all systems will include certain com-
mon components (Fig. 6). The total
number of ICs can be minimal, keep-
ing overall system cost low.

Modern communication receivers
would typically use a high-perfor-
mance digital-signal processor, such
as the ADSP-2101. This processor is
well-suited to many of the operations
of a digital receiver and can easily
link to the 14-bit parallel output of
the AD779. Conversion back to the
analog domain is simplified by digi-
tal-to-analog converters (DACs), like
the AD766. These low-cost, 16-bit, se-
rial-input DACs require no addition-
al glue logic or interface circuitry,
have an on-board reference, and are
completely tested and specified over
temperature.

Additional circuitry performs de-
coding, clock generation, and output
filtering. The decoder handies hand-
shaking between the AD779 and the
digital-signal processor. Depending
on the number of peripherals con-
nected to the processor, the decoder
may be as simple as a few logic
gates. Clock signals are typically
generated by a high-stability crystal
with low phase noise. The crystal can
serve as the processor’s master clock
and can also be divided by counters
or other means to generate the ADC
and DAC sampling clocks.

On the falling edge of the sam-
pling clock (SC), the AD779 digitizes
the incoming IF signal (Fig. 6.
again). Approximately 8 ps later,
the conversion is complete and the
AD779 asserts End of Convert
(EOC). The falling edge of the invert-
ed EOC signal interrupts the digital-
signal processor. The control and ad-
dress lines from the processor are
decoded to generate the Output En-
able (OE) puise for the ADC. The
ADC then places the digitized output
on the data bus to be read by the pro-
cessor.

The ADSP-2101 offers several fea-
tures tailored to communications
systems. The ability to fetch two
operands (typically a coefficient and
a data point), multiply these oper-
ands, and then sum the results with
previous products in one processor
cycle makes FIR filter algorithms
extremely efficient. And an internal
40-bit accumulator enables full-pre-
cision products to be calculated with-
out round-off noise caused by trun-
cation in the filter computations. In-
terprocessor communication be-
tween multiple DSPs, which is often
needed in SSB equipment, is easily
implemented with one of the proces-
sor’s two integrated serial ports.

The digital IF processor’s high in-
tegration level is indicative of the fu-
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ture of SSB equipment. As the per-
formance of the ADC improves, it
will be placed closer to the receiving
antenna in the analog front-end. The
ultimate goal is to digitize the incom-
ing RF signal directly from the an-
tenna and implement the remaining
digital functions in custom ASICs.C
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