High-Performance, Single-Signal
Direct-Conversion Receivers

The direct-conversion receiver described in August 1992 QST
featured high dynamic range, low-distortion audio and a super SSB
filter shape factor. What more could you ask for? How about adding
an image-reject mixer to that basic design for great opposite-

sideband rejection?
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irect-conversion receivers are capa-
D ble of outstanding performance. The
The high-performance receiver

described in August 1992 @ST' has now
been used from 25 kHz to 6 GHz with excel-
lent results. Nicknamed “R1,” that receiver
works well and sounds good because it com-
bines several desirable traits:

¢ high third-order, two-tone dynamic

range;
¢ moderate noise figure;
* low distortion from antenna to speaker
leads; and

* 60 dB of output signal-to-noise ratio.

The significant flaw in R1 is that it has no
opposite-sideband rejection. This flaw can
cause real problems when you try to use the
receiver for serious listening. On the
crowded HF bands, the opposite sideband is
almost always occupied by an interfering
signal or two. On VHF and microwaves, the
noise in the opposite sideband reduces the
signal-to-noise ratio by up to 3 dB.2

There are two ways to get rid of the oppo-
site sideband: (1) a narrow filter before the
downconverter; or (2) an image-reject mixer.
A fixed-frequency direct-conversion re-
ceiver preceded by a narrow filter and tun-
able converter is a conventional superhet.
The image-reject mixer is less familiar.

Fig 1 is the block diagram of an image-
reject mixer, along with the mathematical
relationships between the local oscillator
(LO) and signals above and below the LO
frequency. Readers comfortable with trigo-
nometric identities may verify that signals
above the LO frequency cancel at the output,
while signals below the LO frequency add.
Less ambitious readers may simply recog-
nize the block diagram of a phasing SSB
exciter (from any radio handbook published
in the last 30 years), with the arrows turned
around.

Old timers will remember the phasing-

"Notes appear on page 40.
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type SSB rigs of the 1950s and *60s. Those
memories may be a bit less than fond. Main-
taining amplitude balance to less than 0.1 dB
and phase error of less than 1° in a band-
switched, vacuum-tube-and-paper-capaci-
tor transmitter was truly a nightmare. The
rigs often sounded bad on the air. Many op-
erators just gave up trying to adjust their rigs
after a while and transmitted poor signals
until they could afford a filter-type SSB
radio.

The situation is reversed today. The
required phase and amplitude tolerances are
easy to obtain with modern components, and a
properly designed phasing exciter has fewer
adjustments (and fewer spurs) than a filter rig!

Although image-reject mixers and phas-

ing SSB receivers are scarce in the North
American Amateur Radio literature, they are
very common in professional circles and in
other parts of the world. SPRAT, the journal
of the G-QRP club, published in England,
has presented three HF phasing receivers in
the past year. Commercially, the Drake R8
shortwave receiver uses an image-reject
mixer to downconvert from a VHF first IF to
a 50-kHz second IF, and the Kenwood TS-
950SDX uses a digital signal processing
(DSP) phasing exciter and detector.

R1 Becomes R2

With a wealth of excellent technical
material at hand, in particular the outstand-
ing papers by Oppelt,>*1did not have to start
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Fig 1—Block diagram of an image-reject mixer. The sines and cosines represent the local
oscillator signal and signals above and below the LO frequency. Signals above the LO
frequency cancel at the output, while signals below the LO frequency add.
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Fig 2—Block diagram of the R2 single-signal direct-conversion receiver. The sections inside the dashed lines are included on the
original Rt board. Added are an RF splitter, second mixer diplexer and low-noise preamp, an audio phase-shift network and a summer.

from scratch to design a single-signal direct-
conversion receiver. My goal was to add
single-signal capability to the R1 board with-
out degrading its otherwise outstanding per-
formance.

Fig 2 is the block diagram of the Rl
receiver board, with the necessary blocks
added to suppress one sideband. The result-
ing receiver is called “R2.” The additional
parts on the R2 board are an RF splitter, a
second mixer, diplexer and audio preamp,
and an audio phase-shift network and sum-
mer using a pair of quad op amps. For maxi-
mum flexibility, the 90° phase-shift network
for the LO is off the board. The complete
schematic is shown in Fig 3. All of the parts
fit comfortably on a 3% x 5-inch double-
sided PC board.3

Circuit Details

The first component the input signal sees
is the RF input splitter. I used a Toko TK2518
because it’s cheap ($2), small, and available
from Digi-Key.b It is rated from 20 MHz to
600 MHz, but I tried one on 40 meters and it
works. A Mini-Circuits PSC2-1 splitter
worked fine as well, but it is a lot more ex-
pensive ($12) and will have to be mounted
off the board. For operation below 20 MHz,
ahome-brew alternative to commercial split-
ters is shown in Fig 4. T am using the one in
Fig 4 on 40 meters.

The RF level at each mixer is 3 dB below
the RF-input signal level. That translates to
an improvement in the input third-order in-
tercept point. Since there is also a 3-dB
(maximum) improvement in signal-to-noise
ratio, the R2 board has intrinsically better
dynamic range than the R1 board. I haven’t
built an R2 board with high-level mixers, but
based on measurements of the high-level R1

board and the R2 board with SBL-1 mixers,
it should have a two-tone, third-order IMD
dynamic range of greater than 100 dB.

After the splitter, the input signals are
multiplied with the 90°-out-of-phase LOs,
filtered and amplified in a pair of identical
channels. They are referred to as the I chan-
nel (for “In phase”) and the Q channel (for
“Quadrature,” a fancy word for “90° out of
phase™). Amplitude and phase-shift errors in
the I and Q channels must be carefully con-
trolled. If there is a difference in the conver-
sion loss of the two mixers or the gain of an
audio preamp, it can be compensated by
adjusting the AMPLITUDE BALANCE poten-
tiometer (R30).

If there is an amplitude difference that is
a function of frequency, however, R30 can

only correct for it at a single audio frequency.
Since the diplexer network between the
mixer IF port and the audio preamp in each
channel has an amplitude and phase charac-
teristic that varies rapidly with frequency
over the audio range, it is necessary to care-
fully select the components marked with as-
terisks in the schematic. Each component
needs to be within 1% of the value of its coun-
terpart in the other channel. The matched
pairs may vary from the schematic value by
up to 10% with no significant change in per-
formance, but they must be within 1% of each
other.1bought 10 of each of the marked parts
and matched them with an RLC bridge. 1
obtained four sets matched to within 1%, and
built R1 boards with the extras.

In an ideal world with ideal components,

Fig 3 (see next page)—The R1 receiver board circuit board holds ali of the non-
frequency-sensitive components. The local oscillator, LO phase-shift network and front-
end filter are located off the board. The resistors in the audio phase-shift networks
(R20-R28 and R35-R43) are 1%-tolerance metal-film units. Other resistors are 5%-
tolerance carbon-film or composition units. Inductors are Toko 10RB series fixed
inductors. Polarized capacitors are aluminum electrolytics rated at 16 V dc. The

capacitors in the audio phase-shift networks (C21-C23 and C26-C28) are 1%-tolerance
XICON polyester-film units available from Mouser (see text and Note 5). The capacitors
in the diplexers (C1, C3-C5, C11, C13-C15) and 300-Hz high-pass filter (C43, C44) are
Panasonic type ECQ-E(F) 100-V, 10%-tolerance miniature metalized polyester fiim
units. C32-C37 in the low-pass filter are Panasonic V-series 50-V, 5%-tolerance
metalized film capacitors; C31 is a 50-V Panasonic P-series polypropylene capacitor.
C38, C46 and C48 are disc-ceramic capacitors. The other capacitors can be metalized
polyester or ceramic-disc capacitors. See Note 5 for part sources.

C2, C12—0.001-uF chip capacitor. These parts are necessary only if the board is used
at VHF or UHF.

R30—10-kQ single-turn PC-board-mount control (Panasonic MAG14 or equivaient).

R53—500-Q audio-taper control.

R57—10-kQ single-turn PC-board-mount control (Panasonic MAG14 or equivalent).

U1—Toko TK-2518 power splitter (this part is called a balun transformer in the Digi-Key
catalog). See text.

U2, U3—Muini-Circuits SBL-1 double balanced mixer. Other mixers may be substituted

if higher dynamic range is needed or other frequency ranges are desired.
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ear by tuning in a strong carrier on the wrong
sideband and then alternately tweaking the
two controls for a null.

I'tune for best opposite-sideband suppres-
sion by setting a signal generator on the au-
dio image (“wrong side of zero beat”) and
then alternately adjusting the phase shift and
amplitude balance (R30) while watching the
output on an audio-frequency level meter. I
optimize the circuit at a frequency near the
middle of the audio range, and then tune
around to make sure the opposite-sideband
suppression is good from 300 to 3000 Hz. I
then adjust a step attenuator for the same
signal level on the desired and undesired
sideband and record the respective attenua-
tor settings. The difference in step attenuator
settings is the opposite-sideband suppres-
sion. Once the phase shift and amplitude
balance are adjusted, they may be locked in
place with nail polish. After a year and thou-
sands of miles on the road, the first prototype
shows no signs of needing alignment.

R2 Performance and Impressions

The R2 prototype with a 3-kHz elliptical
filter was assembled and tested on the bench.
There were no surprises—it was an R1 board
with slightly better dynamic range, slightly
better noise figure, and 41 dB of opposite-
sideband suppression. The real shock came
when I connected a 40-meter antenna and
VFO. CW signals simply disappeared as [
tuned through zero beat. Murphy had it con-
nected for USB, and there was no way I could
copy any LSB up in the phone band. It

sounded too good—something was wrong
with the picture.

I connected my old transceiver with its
2.4-kHz IF filter, and sure enough, CW sig-
nals were audible on the wrong sideband. I
switched the antenna over to a Collins 75S-
3C with its F4A55FB21 mechanical filter, and
they were still there. After listening to the
other radios, I returned to the R2. It sounded
even better than before. Why?

I have been pondering this for about a
year, and I’ve thought of several explana-
tions. The first is that the commercial radios
both have AGC, so the receiver gain is re-
duced on the desired sideband and increased
on the undesired sideband—in other words,
the AGC is trying to remove the IF selec-
tivity from the system. I defeated the AGC
on both radios and listened again. I could
still hear low-frequency CW signals on the
wrong sideband that were not audible on the
R2. I made a few measurements and dis-
covered that low-pitch CW signals (up to
several hundred hertz) on the wrong side of
zero beat are suppressed considerably less
than 40 dB on both radios. The old Collins
dipped below 40 dB at about 400 Hz, and the
other radio went below 40 dB a little higher
in frequency. The bottom line is that the R2
sounds better than [ expected, because it has
better selectivity than the radios I’'mused to.

I demonstrated a 40-meter R2 at the QRP
Hospitality Suite in Dayton this year.
Several experienced HF CW operators were
amazed when we could not find any CW
signals that were strong enough to detect on

the wrong sideband.

Comparison with a Superhet

Receiver fans will point out that the sche-
matic inFig 3 is as complicated as a superhet.
If the image-reject direct-conversion re-
ceiver has so many parts, why not just “do it
right” and build a superhet?

First, this is a high-performance direct-
conversion design, with no attempt to reduce
the parts count. It could be greatly simplified
with only a small reduction in performance.
Evenin simplified form, it could still outper-
form most of the simple superhets I've
encountered—especially those based on the
ubiquitous NE602. The NE602 is not a bad
part, but its limited dynamic range should
confine its use to low-cost, low-current-
drain, minimum-parts-count applications.

Direct-conversion receivers have a
number of significant advantages over
superhets. Because there is only one LO,
there are no internally generated birdies.
There are no image frequencies to filter out,
and no spurious receiver tuning ranges at
strange combinations of LO harmonics and
the intermediate frequency. A low-pass
front-end filter to reject signals near odd
multiples of the LO frequency will ensure a
spurious-free receiver.

Since direct-conversion receivers do all
of their signal processing at audio, the input
frequency is unrestricted. An R1 board with
an SRA-3 mixer and an old signal generator
for an LO works well below 25 kHz. At the
otherend of the spectrum,  have anR1 board
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Fig 7—The R2 board can serve as a basic building block for a receiver of the future. Just add a direct-digital synthesizer for the LO and
digital signal processing for the audio processing.
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