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CHAPTER 3CHAPTER 3

Receiving and
 
Transmitting Equipment
 

I would like to thank George Cutsogeorge, W2VJN, involved with fusion energy research. George now owns 
for once again being my critic and proofreader for this half of International Radio and Top Ten Devices, which 
chapter. George has held the same call since 1947. keep him heavily involved with electronics and radio 
He is an electronic engineer, retired after a 40-year amateurs. He has been on the top of the DXCC Honor 
career, including 17 years with RCA designing roll since 1986 and is waiting for a P5 to show up on 
spacecraft and ground-station equipment and another CW. Thank you also, George, for letting me quote from 
17 years with Princeton University, where he was your publications. 

The performance of communication equipment has pro
gressed by leaps and bounds over the years. However signifi
cant improvement can still be made to present-day radios. 
Low-band DXing and contesting are two areas that demand 
the utmost from our equipment, due to the almost continuous 
presence of all kind of noise, as well as strong nearby signals. 

1. THE RECEIVER 
1.1. Receiver Specifications 

Until about 30 years ago, receiver performance was 
almost exclusively defined by sensitivity and selectivity. In 
the 1950s and early 1960s a triple-conversion superhetero
dyne receiver was a status symbol, more or less like a trans

ceiver with “IF DSP” nowadays. It was 
not until the mid-1960s that strong
signal handling became an important 
parameter (Ref 250). 

In the following, I review in detail 
performance parameters that character
ize a modern communication receiver, 
highlighting their impacts on successful 
low-band DXing. 

1.2. Sensitivity 
The nomograph in Fig 3-1 shows 

the voltage and power relationships of 
the RF signals found at a receiver’s input. 
The table can be used to convert between 
the many different units used to express 
signal strength. (See also www.qsl.net/ 
ve7ca/DesLev.htm or the spreadsheet 

Fig 3-1—This nomograph shows the 
relationship between receiver input 
voltages, standard S-meter readings 
and transmitter output power. 
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Receiver_Levels.xls on the CD bundled with this book. In the 
spreadsheet you can change the system impedance (for ex
ample, to 75 Ω instead of 50 Ω). 

Sensitivity is the ability of a receiver to detect weak signals. 
The most important concept related to sensitivity is the concept 
of signal-to-noise ratio. Good reception of a weak signal implies 
that the signal is substantially stronger than the noise. It is 
accepted as a standard that comfortable SSB reception requires 
a 10-dB signal-to-noise ratio. CW reception requires a lower S/ 
N, and any moderately experienced CW operator can rather 
easily deal with a 0-dB S/N. A really good operator can dig CW 
signals out of the noise at –10 dB S/N in a 500-Hz bandwidth, 
mainly because his built-in “brain filter” narrows the noise 
bandwidth much further. This shows the inherent advantage of 
CW over SSB for weak-signal communications. 

1.2.1. Thermal noise 
The noise present at the receiver audio output terminals 

is generated in different ways. Inherent internal receiver 
noise is produced by the movement of electrons in any sub
stance (such as resistors, transistors and FETs that are part of 
the receiver circuit) that has a temperature above absolute 
0 kelvin (0 K or –273º Celsius). Absolute zero is where all 
electrons have stopped moving. Above 0 K electrons move in 
a random fashion, colliding with relatively immobile ions that 
make up the bulk of the material. The final result is that in most 
substances there is no net current in any particular direction on 
a long-term average, but rather a series of random pulses. 
These pulses produce what is called thermal-agitation noise, 
or simply thermal noise. 

The Boltzmann equation expresses the noise power in a 
system. The equation is written as: 

p = kTB  (Eq 1) 

where 
p = thermal noise power, watts 
k = Boltzmann’s constant (1.38 × 10–23 joules/kelvin) 
T = absolute temperature in kelvin 
B = bandwidth, Hz 
Notice that the power is directly proportional to tempera

ture, and that at 0 kelvin the thermal noise power is zero. 
Expressing equivalent noise voltage, the equation is 

rewritten as: 

E = ktBR (Eq 2) 

where R is the system impedance (usually 50 Ω). 
For example, at an ambient temperature of 27º C (300 K), 

in a 50−Ω system with a receiver bandwidth of 3 kHz, the 
thermal noise power is:

 p = 1.38 × 10–23 × 300 × 3000 = 1.24 × 10–17 W 

This is equivalent to 10 log (1.24 x 10–17) = –169 dBW 
or –139 dBm (139 dB below 1 milliwatt), and is equivalent to 
32 dB below 1 µV or –32 dBµV (Ref 223). This is the 
theoretical maximum sensitivity of the receiver under given 
bandwidth and temperature conditions. If you want more 
sensitivity this can be achieved by reducing the bandwidth or 
by cooling your equipment. 

1.2.2. Receiver noise 
No receiver is noiseless. The internally generated noise 
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is often evaluated by two measurements, called Noise Figure 
and Noise Factor. Noise Factor is by definition the ratio of the 
total output noise power to the input noise power when 
the receiver’s input is at the standard temperature of 290 K 
(17° C). Being a ratio, it is independent of bandwidth, tem
perature and impedance. The Noise Figure is the logarithmic 
expression of the Noise Factor, in dB: 

NF = 10 log F (Eq 3) 

where F is the Noise Factor. 

1.2.3. Minimum Discernable Signal (MDS) 
The Minimum Discernable Signal (MDS) produces an 

output that is the same as the internal noise level of the 
receiver. MDS can be expressed as: 

MDS (dBm) = -174 dBm +10 log (BW) + NF  (Eq 4) 

where BW is expressed in Hz. 
A conversion tool (RX_noise_figure_andMDS_calculator 

.xls) that calculates the level of the receiver internal noise as well 
as the receiver’s Noise Figure (given the receiver’s band
width, temperature and MDS) is available on the CD in this 
book. A conventional signal generator can be used to measure 
the MDS. This is where the signal plus noise is 3 dB higher 
than the noise floor. This is measured with an audio RMS 
meter on the receiver output. 

1.2.4. External Noise and Receiver Sensitivity 
Margin 

Besides the noise generated inside a receiver, the factor 
that limits the sensitivity of the overall receiver system is the 
noise coming from the antenna. This noise is mainly atmo
spheric and/or manmade noise. 

From W8JI’s Web site: 

“The noise that limits our ability to hear a weak signal 
on the lower bands is almost always an accumulation of many 
signal sources. Below 18 MHz, the noise we hear on our 
receivers (even at the quietest sites) comes from terrestrial 
sources. Receiver noise is generally a mixture of local 
groundwave and ionosphere propagated noise sources, 
although some of us suffer with dominant noise sources 
located very close to our antennas. 

Urban: In urban-type noise situations, noise arrives 
from multiple random sources through direct and groundwave 
propagation from local sources. One or more sources can 
actually be the induction-field zone of our antennas (in most 
cases the induction field dominates at distances less than 
1/2λ). Urban locations are the least desirable locations because 
typical noise floors average 16 dB higher than suburban 
locations. There is often no evidence of winter night noise 
increase on 160 meters, since ionosphere-propagated noises 
are swamped out by the combined noise power of multiple 
local noise sources. Much of the noise sources are utility 
distribution lines, because of the large amount of hardware 
required to serve multiple users. Other noise sources are 
switching power supplies, arcing signs, and other uninten
tional man-made noise transmitters. 

Suburban locations average about 16 dB quieter than 
urban locations, and are about 20 dB noisier than rural 
locations. Noise generally is directional, arriving mostly 
from areas of densest population or the most noise-offensive 
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power lines. Utility high-voltage transmission lines are often 
problematic at distances greater than a mile, and occasion
ally distribution lines can be problems. The recent influx of 
computers and switching power supplies has added a new 
dimension to suburban noise. 

There is often a small increase in nighttime winter noise 
at exceptionally quiet suburban locations. This increase occurs 
when propagated terrestrial noise equals or exceeds local 
noise sources. 

Rural locations, especially those miles from any popu
lation center, offer the quietest environment for low-band 
receiving. Daytime 160-meter noise levels are typically around 
35-50 dB quieter than urban, more than 20 dB quieter than 
suburban locations. Nighttime brings a dramatic increase in 
low-band noise, as noise propagates in via the ionosphere 
from multiple distant sources. 

Primary local noise sources are electric fences, switch
ing power supplies, and utility lines. I can measure a 3 to 5 dB 
daytime noise increase in the direction of two population 
centers, Barnesville (population 7500) and Forsyth (popula
tion 10,000) both 10 km from my QTH. 

Typical daytime noise levels, measured on a 200-foot omni
directional vertical, are around −113 dBm with a 350-Hz band
width (noise power is directly proportional to receiver bandwidth). 
Noise power increases about 5 to 15 dB at night, when the band 
“opens.” As in the case of suburban systems, directional anten
nas reduce noise power. Nighttime is the “big equalizer,” reduc
ing the advantage of location as distant noises increase with 
improved propagation.” 

Recently the ARRL Laboratory asked Tom, W8JI, to 
make some manmade noise-level measurements at his super
quiet QTH, in preparation for ARRL’s filing comments 
about BPL (Broadband Over Power Lines). I visited W8JI to 
find out firsthand just how quiet a rural environment can be 
on 160 meters. During the daytime I could switch his Bever
age antennas and tell from the rise in noise level the direc
tions to the nearest towns about 10 km away. 

Tom measured a typical daytime manmade noise level on 
160 meters of –113 dBm in a 350-Hz bandwidth. Using a large 
omnidirectional vertical antenna, Tom has a noise level be
tween S2 and S3. These readings are in the absence of local 
QRN (static and thunderstorms). W8JI’s margin over the 
receiver MDS (–141 dBm) is thus 28 dB during the day. This 
assumes that Tom would be using a large vertical for receiv
ing, although this is usually not the case since he usually uses 
Beverage antennas, which can discriminate against noise 
coming from other directions. 

On 80 and 40 meters typical manmade noise levels are 
lower by about 8 dB on 80 meters and 18 dB on 40 meters. 
Table 3-1 summarizes W8JI’s noise numbers for 160 meters. 

The manmade plus atmospheric noise noise-level data in 
Table 3-1 are referenced to a level of –113 dBm (at 0 dB) for 
the best-case (rural) daytime local manmade noise propagated 
by ground wave. For this level of noise, a receiver noise figure 
of 35 dB would be adequate to maintain a S/N of 0 dB in a 
350-Hz bandwidth. This means that a 25-dB attenuator could 
be placed at the input of a typical receiver with a 10-db-noise 
figure and the desired signal would drop down to the thermal
noise level of the receiver itself. The output S/N would thus 
still remain adequate for copy by a good CW operator. 

Table 3-1
 
160-meter manmade and atmospheric noise data,
 
from W8JI.
 
Total noise reference level 0 dB = –113 dBm in 
350-Hz bandwidth. 

Daytime Nighttime 
Noise Level Noise Level 

dB dB 
Rural 0 5 to 15 
Suburban 20 20 
Urban 35 to 50 35 to 50 

In quiet areas the total noise will be higher during the 
night, since additional noise arrives by atmospheric propaga
tion, adding to the local manmade noise found during the 
daytime. In urban residential areas the local manmade noise is 
so high that you never can hear such propagated noise. This 
means that the receiver sensitivity is essentially a moot point. 
Almost any receiver is sensitive enough in such a hostile 
environment! 

Noise levels can, and do, vary tremendously from one 
location to another. We have many bad 160-meter locations, 
and only a few very good ones. Indeed, the difference in 
manmade noise levels can be up to 50 dB! The figures pub
lished by Tom Rauch are the first ones I have seen from an 
active and knowledgeable radio amateur. Therefore they should 
be considered very important. 

Assuming all noise is evenly distributed in all directions, 
well-engineered special receiving antennas (see Chapter 7) 
will receive up to 12-15 dB less noise than an omnidirectional 
antenna. To benefit from this directivity advantage, the receiver 
will require 12-15 dB better noise figures than the levels 
shown in Table 3-1. In addition, such directive noise-reducing 
antennas are usually low output antennas (such as Beverages 
with typically –10 dBi gain) and often used with long “lossy” 
feed lines (eg, 1 dB loss). Add all of this together, and you 
need 12+ 10 + 1 = 23 dB better receiver noise figures and a lot 
of your surplus sensitivity for 160 meters goes away. There
fore we often use a preamp (10-20 dB gain). The use of 
preamplifiers for low-noise receiving antennas is covered in 
more detail in the Chapter 7 on Special Receiving Antennas. 

1.3. Intermodulation Distortion 
Intermodulation distortion (IMD) is an effect caused by 

two (or more) strong signals that drives one (or more) of the 
stages in the receiver beyond its linear range, so that spurious 
signals called intermodulation-distortion (IMD) products 
are produced. Third-order IMD is the most common and 
annoying front-end overload effect. Fig 3-2 shows the IMD 
spectrum for an example where the two parent signals are 
spaced 1-kHz apart. (The third-order products are: 2F1−F2, 
and 2F2−F1.) 

Third-order IMD products increase in amplitude three 
times as fast as the pair of equal parent signals (Ref 210, 211, 
213, 226, 239, 247, 255, 274, 281). Fig 3-3 shows three 
examples of third-order intercept points. The vertical scale is 
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the relative output of the receiver front end in dB, referenced 
to an arbitrary zero level. The horizontal axis shows the input 
level of the two equal-amplitude parent signals, expressed 
in dBm. Point A sits right on the receiver noise floor. Point A′

 is the floor with a 20-dB attenuator at the receiver input. 
Increasing the power of the parent signals results in an 
increase of the fundamental output signal at a one-to-one 
ratio. Between –129 dBm and –44 dBm, no IMD products are 
generated that are equal to or stronger than the receiver noise 

Fig 3-3—Third-order intercept point showing three 
examples, with and without 20-dB front-end 
attenuation. The intercept point increases by the same 
amount as the attenuation is increased. This is for an 
average receiver with an 84-dB intermodulation 
distortion dynamic range (IM3 DR) and with a 104-dB 
dynamic range. 
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Fig 3-2—Third, fifth and 7th order 
intermodulation products generated 
by parent input signals on 3600 and 
3601 kHz. Note that the “order” of a 
set of IMD products is determined by 
adding the multipliers for each 
frequency. For example, 3F1−−−−−2F2 is 
3 + 2 = 5th order. 

floor for the no-attenuator Case 1. At –44 dBm (point B), the 
third-order IMD products have risen to exactly the receiver 
noise floor level. 

Point B is called a two-tone IMD point, expressed in 
dBm. Further increasing the power of the parent input signals 
will continue to raise the power of the third-order IMD 
products three times faster than that of the parent signals. At 
some point, the fundamental and third-order response lines 
will flatten because of gain compression. Extensions of both 
response lines cross at a point called the third-order intercept 
point. The level can be read from the input scale in dBm. The 
intercept point (IP) can be calculated from the IMD point as 
follows. 

2 × MDS(noise floor) + 3× IMDDRIP = (Eq 5)
2 

where 
MDS = minimum discernible signal 
IMDDR = IMD dynamic range 

Applying the three examples from Fig 3-3, we find: 
Case (1): IP = (2 × –129 + 3 × 84)/2 = –3 dBm. This is for a 
receiver with an 84 dB IMDDR and no front-end attenuator. 
Case (2): IP = (2 × –109 + 3 × 84)/2 = +17 dBm. This is for the 
same receiver as in Case (1) but with a 20-dB attenuator. 
Case (3): IP = (2 × –129 + 3 × 104)/2 = +27 dBm. This is for 
a receiver with a 104 dB IMDDR and no attenuator. 

Conversely, the two-tone IMD point can be derived 
mathematically from the intercept point. 

PIMD = 
2 × IP + Nf (Eq 6) 

3 

where Nf = noise floor. 
The three examples from Fig 3-3: 

Case (1): PIMD = –(2 × –3 + –129)/3 = –45 dBm 

Case (2): PIMD = – (2 × +17 + –109)/3 = –25 dBm 

Case (3): PIMD = – (2 × +27 + –129)/3 = –25 dBm 

What does this mean? For Case (1) this means that two 
signals below –45 dBm will not create audible IMD products. 
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Two signals at around S9 + 30 dB will start generating 
audible IMD products for Case (1). In Europe this is an 
everyday situation on the 7-MHz band, where 30 to 50-mV 
signals (–17 to –13 dBm) are common. 

When evaluating third-order intercept points, we must 
always look at receiver noise floor levels at the same time. 
When we raise the noise floor from –129 dBm to –109 dBm— 
for example by inserting 20 dB of attenuation in the receiver 
input line as in Case (2)—both response lines and the intercept 
point will shift 20 dB to the right. This means that the intercept 
point has been improved by 20 dB, while the dynamic range 
remains the same. An average receiver with a +5-dBm inter
cept point can be raised to +25 dBm merely by inserting 20 dB 
of attenuation into the input. Remember that this can fre
quently be done with present-day receivers, since they often 
have a large surplus sensitivity. Case (3) shown in Fig 3-3 
represents a better solution, where the improvement is obtained 
by designing the receiver to handle stronger signals before 
becoming non-linear. 

The frequency separation of the two parent input sig
nals can greatly influence the intermodulation results. The 
worst case applies when there is no selectivity in the front 
end to attenuate one of the signals. This happens when both 
input signals are within the passband of the first-IF filter and 
the intermodulation products are produced in the second 
mixer. Most present-day receivers have a rather wide first IF 
so they can accommodate narrow-band FM and AM signals 
without requiring filter changes. 

This is one of the greatest problems with modern “all 
bells and whistles” general-coverage transceivers, using 
fixed-tuned RF input circuits. To obtain sufficient image 
rejection a very high IF outside the operating range of the 
equipment is required. So-called roofing filters at IFs 
between 50 and 100 MHz are very inferior in shape factor to 
what can be obtained on much lower frequencies. 

Measurements at 2-kHz spacing using a 500-Hz 
second-IF filter (CW filter) are often used to find the worst
case IMD performance. In this case there will be no selectiv
ity from the first-IF roofing filter. Measurements at 20 and 
100-kHz spacing are also used for assessing receiver 
intermodulation performance, in which case the roofing 
filter does play a role. With this much spacing, the first-IF 
filter generally improves the IMD picture considerably. 
Close-spaced measurements show the real picture for low 
banders, however, because that is the situation we encounter 
when operating on crowded bands—especially during con
tests. Therefore a top-notch low-band receiver should not be 
a general-coverage receiver, and it should have a “low” first 
IF (perhaps, 9 MHz), where narrow first-IF filters (roofing 
filters) can be used. 

Often measurements using 100-kHz tone spacings are 
made to evaluate the strong signal handling performance of 
receivers where the receiver’s local oscillator (LO) noise 
limits measurement accuracy at 20 kHz and closer spacings 
(see Section 1.7). 

1.4. Gain Compression or Receiver 
Blocking 

Gain compression occurs when a strong signal drives an 
amplifier stage (for example, a receiver front end) so hard that 
it cannot produce any more output. The stage is driven beyond 

its linear operating region and is saturated. Gain compression 
can be recognized by a decrease in the background noise level 
when saturation occurs (Ref 223, 239, 281). Gain compres
sion can be caused by other amateur stations nearby; such as 
in a multi-operator contest environment. Outboard front-end 
filters are the answer to this problem. (See Section 1.11.) 

1.5. Dynamic Range 
The lower limit of the dynamic range of a receiver is the 

power level of the weakest detectable signal (limited by the 
receiver’s internal noise floor). The upper limit is the power 
level of the signals at which IMD becomes noticeable (where 
intermodulation products are equal to the receiver’s internal 
noise floor). In other words it’s the ratio between the weakest 
signal that can be heard to the level where problems start. 
Refer back to Fig 3-3 for a graphical representation of dynamic 
range. Dynamic range can be calculated as follows: 

DR = PIMD – Nf (Eq 7) 

where:
 
DR = dynamic range, dB
 
PIMD = two-tone IMD point, dBm 
Nf = receiver noise floor, dBm 
If the intercept point is known instead of the two-tone 

IMD point we can use the following equation: 

2 (IP − Nf )
DR = (Eq 8) 

3 

where Ip is the intercept point in dBm. 

The dynamic range of a receiver is important because it 
allows us to directly compare the strong-signal-handling per
formance of receivers (Ref 234, 239, 255), since it takes into 
account the sensitivity as well. 

1.5.1. Intermodulation Dynamic Range 
On his Web site, W8JI distinguishes between two types 

of dynamic ranges: Intermodulation dynamic range and 
blocking dynamic range. Intermodulation dynamic range 
(IMDDR or IM3DR) is also called the two-tone dynamic 
range. This is measured using two equal-strength signals 
(from low-noise oscillators) into the receiver with a speci
fied tone spacing. This test is equivalent to having two strong 
signals very near each other, with just the right spacing to 
cause an intermodulation mixing product to fall on top of a 
noise-floor level signal you are trying to copy. When the 
signal level of the intermodulation product is just audible 
above the noise floor, the ratio of the strong interfering 
signals to the MDS (minimum discernable signal) is the IM 
dynamic range. 

What does this mean in plain language? Imagine we 
have two equally strong CW signals spaced 1 kHz apart, one 
at 3600 kHz and another at 3601 kHz. See Fig 3-2. As the 
level is increased, the receiving system shows an increas
ingly non-linear response. The second harmonic of 3600 
mixes with the fundamental at 3601, and the result is a new 
signal at 2 × 3600 − 3601 = 3599 kHz. Another signal 
appears at 2 × 3601 −3600 = 3602 kHz. The level of the 
mixing products increase faster than the level of either 
individual interfering signal. When we can hear the “phan-
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tom signal” above the noise floor of the receiver, it adds 
interference (showing up as “bloops, bleeps, and random 
musical thumps or phantom signals on CW” as W8JI puts it) 
to the weak signals we are trying to hear. We reference the 
main signal level at which this occurs to the receiver’s internal 
noise floor, because that is the level where it would just start 
to be noticeable. For example, a receiver with an MDS of −135 
dBm (in a 500-Hz bandwidth), and which has a measured 
IMDDR of 100 dB (at a given spacing between the two 
offending strong signals) will produce the unwanted signals 
for levels greater than (−135dBm) −  (−100dBm) = 35 dBm, 
which is approx S9 + 35 dB (see Fig 3-1). 

1.5.2. Blocking Dynamic Range 
Blocking dynamic range (BDR) is measured by setting a 

signal generator to a frequency either 2 or 10 kHz above the 
interfering signal. This is equivalent to having a single strong 
station near a very weak station you are trying to copy. The 
interfering signal may drop your receiver volume or it may 
generate a hiss (noise translated either from the interfering 
signal itself or from the receiver’s noisy local oscillator). In 
either case it deteriorates the signal-to-noise ratio of a weak 
signal. The level of a strong, clean interfering signal is 
adjusted until the slightest detectable change in S/N of the 
MDS-level desired signal occurs. The difference between the 
MDS and the level causing the blocking is the blocking 
dynamic range. 

While most published figures for BDR use a wide spac
ing for the test signals (wide means wider than the –60 dB 
passband of the roofing first-IF filter of the receiver) this test 
is not very meaningful because when we have on-the-air 
interference problems, it is almost always with a station a few 
kHz or less away. It is clear that even with excellent wide
spaced performance, close-spaced performance can be hor
rible, because of the wide passband of the roofing filter in 
general-coverage radios with a very high first IF (typically 40 
to 70 MHz). It is also obvious that, when close-spaced perfor
mance is good, wide-spaced performance is just as good or 
better. Performance test at 20 kHz spacing or wider are not 
very meaningful for the low-band DXer. 

Dynamic range is the most important feature of a good 
low-band receiver, because low banders are chasing very weak 
signals in the presence of very strong signals, be it during 
contests or in a pileup on a new country. For more details on 
this extremely important issue, visit  www. 
w8ji.com/receiver_tests.htm, where W8JI shows some mea
surement results with comments. Tadeusz, SP7HT, wrote an 
excellent article in QEX (Ref 446) reviewing the results on 
BDR and IMDDR testing done by G3SJX and W8JI on several 
radios. 

1.6. Cross Modulation 
Cross modulation occurs when modulation from an 

undesired signal is partially transferred to a desired signal in 
the passband of the receiver. Cross modulation starts at the 
3-dB compression point on the fundamental response curve as 
shown in Fig 3-3. Cross modulation is independent of the 
strength of the desired signal and proportional to the square of 
the undesired signal amplitude, so a front-end attenuator can 
be very helpful to reduce cross modulation. Introducing 10 dB 
of attenuation will reduce cross modulation by 20 dB. This 
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exclusive relationship can also help to distinguish cross modu
lation from other IMD phenomena (Ref 223, 247). 

1.7. Reciprocal Mixing (Local Oscillator 
Noise) 

Reciprocal mixing (oftentimes referred to as phase noise) 
is a large-signal effect caused by noise sidebands of the local 
oscillator feeding the input mixer. Oscillators are mostly 
thought of as single-signal sources, but this is never so in 
reality. All oscillators have noise sidebands to some extent. 
One example of the sidebands produced by an oscillator is 
shown in Fig 3-4. 

The detrimental effect of these noise sidebands remained 
largely unnoticed until voltage-controlled oscillators (VCOs) 
were introduced in state-of-the art synthesized receivers (Ref 
286 and 289). Fig 3-4 shows the levels of the interfering 
signals produced versus frequency spacing, the standard 
method of evaluating the effects of the LO noise in a receiver. 

VCOs (voltage-controlled oscillators) are much more 
prone to creating noise sidebands than crystal-controlled or 
standard LC oscillators. Wide-range phase-locked loops in 
VCOs are responsible for the poor noise spectrum (Ref 209). 
Reciprocal mixing introduces off-channel signals into the IF 
at levels proportional to the frequency separation between the 
desired signal and the unwanted signal. This effectively reduces 
the selectivity of the receiver. In other words, if the static 

Fig 3-4—Output spectrum of a voltage-controlled 
oscillator. If the measurement is made in a 3-kHz 
bandwidth, the oscillator sideband performance 
referred to a 1-Hz bandwidth is −−−−−85 + −−−−−34 = 
−−−−−119 dBc/Hz (dB referenced to the carrier per Hz). 
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response of the IF filters is specified down to –80 dB, the noise 
in the LO must be down at least the same amount in the same 
bandwidth in order not to degrade the effective selectivity of 
the filter. 

According to the thermal-noise Eq 1, the noise power is 
–174 dBm at room temperature for a bandwidth of 1 Hz. The 
noise in an SSB bandwidth of X Hz can be scaled to a 1-Hz 
bandwidth using the factor (10 log X). This yields a factor of 
34.8 dB for a 3-kHz bandwidth, 34.3 dB for 2.7 kHz and 
33.2 dB for 2.1 kHz. Continuing with the example where the 
static response of the IF filter is –80 dB and the filter has a 
3-kHz bandwidth, the noise of the LO should be no more than 
−80 − 34 = −114 dBm in a 1-Hz bandwidth. The carrier noise 
in a 1-Hz bandwidth is usually stated in dBc/Hz—in this 
example, −114 dBc/Hz. 

1.7.1. Measuring reciprocal mixing noise 
Reciprocal mixing noise is most easily measured with a 

single tone. A signal source, such as a low-noise crystal 
oscillator, is connected through an attenuator to the receiver 
input. The receiver frequency is offset from the crystal fre
quency by various values and the level required to reach the 
receiver noise floor (MDS) is recorded with an audio rms 
voltmeter. (Ref 281, 274, 247). I encourage all equipment 
manufacturers to specify their reciprocal-mixing noise speci
fications at 1 kHz and 10 kHz spacings. 

1.8. Selectivity 
Selectivity is the ability of a receiver to separate (select) 

a desired signal from unwanted signals. 

1.8.1. SSB bandwidth 
On a quiet band with a reasonably strong desired signal, 

the best sounding audio and signal-to-noise ratio can be 
obtained with selectivities on the order of 2.7 kHz at −6 dB. 
Under adverse conditions, selectivities as narrow as 1 kHz can 
be used for SSB, but the carrier positioning on the filter slope 
becomes very critical for optimum readability. The ideal 
selectivity for SSB reception will of course vary, depending 
on the degree of interference on adjacent frequencies. 

1.8.2. CW bandwidth 
There appear to be two schools in this area: those that 

swear by the narrowest possible bandwidth and those that like 
to keep it wide (500 Hz or even more). We use filters not only 
to discriminate against other nearby signals, but also to reduce 
the noise level. On the low bands we are confronted mainly 
with propagated noise (eg, thunderstorm QRN, clicks, etc). 
This is very different from the EME guys, who use really 
narrow filters to dig for weak signals in a different type of 
noise: white galactic noise. 

I have talked to many low banders, and certainly a large 
majority prefers a relatively wide filter (typically 500 Hz). They 
let their brains do the required signal processing. I belong to 
that school, and using my FT-1000MP or MP-MK5 (equipped 
with the Inrad 400 Hz and 250 Hz filters) I use the 400-Hz 
filters 99% of the time. I would typically switch to 250 Hz 
only when someone would be almost stepping on my toes. 

Tom, W8JI, wrote: “I use 250-Hz filters when the band 
is quiet with only white noise, and 600-Hz filters when there 
is QRN or “rough” noise. A wider filter always works better 

Fig 3-5—The levels of interfering signal (vertical axis) 

at a given signal spacing (horizontal axis) that causes 

the AF noise to increase by 3 dB. A 2.7-kHz IF 

bandwidth is assumed. This is the standard method of 

evaluating the effects of the LO noise in a receiver. 


when there are static crashes. I do have receivers with very 
fast very good AGC systems, and they work very well during 
static crashes with AGC on, but I still find that wider selec
tivity helps. Wider selectivity helps because the sharp wave
form of the static crash is not lengthened and blurred, and so 
my ears can do a better job of filtering the noise from the 
signal.” 

1.8.3. Passband tuning 
Passband tuning (IF shift) allows the position of the 

passband on the slope to be altered without requiring that the 
receiver be retuned. The bandwidth of the passband filter 
remains constant, however. In some cases interfering signals 
can be moved outside the passband of the receiver by adjust
ing the passband tuning. In better receivers a combination of 
passband tuning and continuously variable bandwidth is 
available. 

1.8.4 Continuously variable IF bandwidth 
Until recently continuously variable bandwidth was 

achieved by moving the passbands of two filters (at different 
IFs) one across the other. This system was and still is 
available in two configurations. In one the filter can be 
independently narrowed down from both sides (low pass and 
high pass). The other approach is using a WIDTH plus a 
PASSBAND tuning control. This feature is available on all 
state-of-the-art receivers. 

Producing a continuously variable bandwidth involves 
passing the signal through two separate filters at two different 
IFs (such as, 9 MHz and 455 kHz). The mixing frequency is 
slightly altered so the two filters do not superimpose 100%, 
but have their passbands sliding across one another. You must 
understand, however, that a variable bandwidth system such 
as this can never have as good a shape factor as individual 
well-shaped crystal filters, since the shape factor always 
worsens when you narrow the bandwidth in this fashion. 

More recently, receivers have coming to market where 
the final selectivity is obtained at a very low (typically 
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30 kHz) IF using DSP techniques. If used in conjunction 
with narrowband roofing filters after the first mixer, this is 
the ultimate solution. The Ten-Tec ORION is a state-of-the
art transceiver using this technique. 

1.8.5. Filter shape factor 
The filter shape factor is expressed as the ratio of the 

bandwidth at −60 dB to the bandwidth at −6 dB. Good filters 
should have a shape factor of 1.5 or better. This 1.5 figure is 
a typical shape factor for an 8-pole crystal filter. Too many 
transceivers are equipped with rather wide SSB IF filters 
(typically 2.7 kHz at −6 dB) with mediocre skirt selectivity. 
On a quiet band these give nearly hi-fi quality, but is this what 
we are really after? For the average operator this may be an 
acceptable situation, although the serious DXer and contest 
operator will want to go a step further. 

International Radio (formerly RCI/Fox Tango), offers 
modification kits for modern transceivers. See www.qth. 
com/inrad/index.htm. See Fig 3-6 for a comparison of 
a stock mechanical filter and an International Radio 
replacement. 

DSP filters can be designed with excellent shape factors. 
The DSP filters in the Ten-Tec ORION, which allow you to 
change bandwidth in 10-Hz increments, are finite-impulse 
response (FIR) filters. The skirt (transition band) of these 
filters has roughly the same shape no matter the bandwidth 
selected. As a result, the shape factor changes with bandwidth. 
There is a way to avoid that using higher decimation ratios, but 
that involves increasing the delay through the receiver, which 
is unacceptable for AMTOR and other modes. Ten-Tec de
cided to maintain a low delay time through the receiver. The 
measured bandwidth and shape factors are: 

Table 3-2 

Measured Bandwidth and Shape Factors 
Nom. BW –6 dB BW –60 dB BW Shape Factor 
100 150 440 2.9:1 
250 240 470 1.95:1 
500 510 820 1.6:1 
above 1000 Hz: Shape factor < 1.2:1 

Although the shape factor at narrow bandwidths may not 
look spectacular, I have found this setup—where ringing is 
totally absent—to be the smoothest and most efficient way of 
obtaining the most suitable bandwidth for each individual 
situation. 

1.8.6. Filter group delay 
Generally speaking, very selective filters have group

delay problems, where the time for a signal to pass through the 
filter is different for different frequencies in the passband. The 
result is ringing or stretching of the signal you hear, because 
you might hear, for example, the upper passband noise before 
the lower passband noise when the same broadband noise 
pulse hits the input of the filter. The noise peak amplitude is 
reduced but the duration of a noise pulse is stretched out. 

That’s why mechanical filters, which have a very flat 
delay curve although they have poorer skirts, are often better 
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Fig 3-6—Selectivity curves for typical 455-kHz IF, 
500-Hz passband Collins mechanical filter and the 
400-Hz crystal filter offered by International radio. 
Notice that at –60 dB the replacement crystal filter has 
only half the bandwidth of the stock mechanical filter. 

than crystal filters when digging weak signals out of rough 
noise and static crashes. The Inrad CW crystal filters, how
ever, have excellent group-delay characteristics that are very 
similar to those of the amateur-grade Collins mechanical 
filters. 

When there is only white noise (quiet band with no 
atmospherics) you can use a 250-Hz bandwidth in a crystal 
filter, but when there is QRN, it is better to use a wider 
bandwidth. When using DSP for obtaining final selectivity, 
there is no group-delay issue. Ten-Tec advises its ORION 
users not to use the 250 or 500-Hz roofing filters when digging 
for weak signals in static crashes. 

Tom, W8JI, reported on a test he did with a particular 
250-Hz filter: “I just took a moment to measure group delay 
in a 250-Hz wide crystal filter. The swept pattern looks like a 
45-degree tilted Z. Group delay error delta totaled 18 mS 
within the –6 dB attenuation points of the filter. There is one 
point in the passband, near the flat top of the passband, where 
a sudden spike in delay time occurs. This spike results in a 
10-mS time delta in a frequency span of only a few Hz! When 
a signal is near “rough” noise, such changes are absolutely 
devastating. Sharp noise pulses smear out to cover weak 
signals, and the rise and fall of the signal are distorted and 
blended with the noise, so I never used this filter. Now I know 
why!! After looking at this filter, from a receiver that really 
stinks on high selectivity with weak signals when noise is 
present, I’m convinced filter design is a major player in weak 
signal work in the presence of noise.” 

1.8.7. Static and dynamic selectivity 
Fig 3-7 shows the typical static selectivity curve of a 

filter system with independent slope tuning. The static selec
tivity curve is the transfer curve of the filter with no reciprocal 
mixing with noise in the local oscillator. The dynamic selec
tivity of a receiver is the combination of the static selectivity 
and the effects of reciprocal mixing. Note that the static 
selectivity can be deteriorated significantly by the effect of 
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reciprocal mixing. 
If the amplitude of the reciprocal mixing products are 

greater than the stop-band attenuation of the filter, the 
ultimate stop-band characteristics of the filter will deterio
rate. Good frequency-synthesizer designs can yield 95 dB 
(–129 dBc), while good crystal oscillators can achieve over 
110 dB (–144 dBc) at a 10-kHz offset. This means it is 
pointless to use an excellent filter with a 100-dB stop-band 
characteristic if the reciprocal mixing figure is only 75 dB. 

Hart, G3SJX, uses an interesting graphical representa
tion of the main receiver parameters. Fig 3-8 shows the 
characteristics of a “dream receiver” using Hart’s graph tech
nique. Fig 3-8 was first published in 1987. The specifications 
for such a high-performance receiver would read: 

•	 Spurious-free dynamic range: 100 dB minimum. 
•	 Noise floor: MDS = –130 dBm (500 Hz bandwidth). 
•	 IMD3: > 100 dB. 
•	 Third-order intercept point: +40 dBm at full sensitivity 

(with preamp) as derived from MDS and IMD3 above. 
•	 Blocking dynamic range: > 120 dB. 
•	 LO sideband noise performance: Better than –135 dBc at 

close spacing (2 kHz). 

Only recently, with the advent of the Ten-Tec ORION, 
have such specifications actually been met in a production 
transceiver. 

Fig 3-7—Static selectivity curve of a receiver using 
continuously variable bandwidth. This result is 
obtained by using selective filters in the first and in the 
second (or second and third) IFs, and shifting the two 
superimposed windows slightly through a change in 
the mixing frequency. Note that the filter shape factor 
worsens as the bandwidth is reduced. It is not ideal to 
use this method, since the shape factor may 
deteriorate to 4 and more, while a good stand-alone CW 
filter can yield a shape factor of less than 2. 

Fig 3-8—Merit graph for a “dream receiver,” which was 
first published in 1987 in the First Edition of this book. 
Only the Ten-Tec ORION has met this merit graph with 
its two-tone 3rd-order dynamic range of 100 dB and 
sharp selectivity skirts. 

1.8.8. IF filter position 
The filter providing the bulk of the operational selectiv

ity can theoretically be inserted anywhere in a receiver between 
the RF input and audio output. When considering parameters 
other than selectivity, however, it is clear that the filter should 
be as close as possible to the antenna terminals of the receiver. 
In Section 1.3 we saw that front-end selectivity will help 
reduce IMD products. 

Most modern receivers use triple or even quadruple 
conversion. In order to be most effective, the selectivity 
(filter) should be as far ahead in the receiver as possible. The 
logical choice is the first IF. Most modern designs use a first 
IF in the 40- to 100-MHz range, for image rejection reasons. 
This is not the most ideal frequency for building crystal filters 
with the best possible shape factor. In general, we find rather 
simple 2-pole crystal filters with a nominal selectivity of 15 to 
20 kHz (at –6 dB) in the first-IF chain. The reasons for this 
very wide bandwidth are threefold: 

•	 To retain the original impulse noise shape (short rise time) 
to be able to incorporate a noise blanker. 

•	 Most of the modern (all bells and whistles) transceivers 
must operate on FM as well, where a selectivity of less 
than 15-20 kHz cannot be tolerated. 

•	 It is difficult and expensive to make low-loss, narrowband 
crystal filters at VHF. 

I am convinced that most successful low-band DXers live 
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in quiet areas. They have no need for noise blankers to reduce 
manmade noise. If you are plagued with this kind of noise, you 
must cure the problem at the source. I also am not at all 
interested in being able to receive FM on my transceiver. This 
means we really could use better (narrower) first-IF filters. 

This whole problem of poor roofing filters in modern 
transceivers is the reason why the Sherwood-modified Drake 
C-Line receiver, with a 600-Hz first IF filter and a 500, 250, 
or 125 second IF filter, is still today, more than 30 years after 
it was designed, found in a number of low-band DXers’ 
shacks, especially those regularly operating contests. This 
should be a clear message to modern receiver designers. 

Finally one manufacturer has heard our voices. Ten-Tec 
recently came out with the ORION, a top-of-the-line trans
ceiver that incorporates many features for which serious 
DXers and low-band operators have long been asking. The 
main receiver of the Orion has a 9-MHz first IF, where very 
narrow (switcheable) roofing filters are located. The main 
receiver is not a general-coverage receiver, but who cares? 
The front-panel layout is much like the FT-1000 with two 
large tuning knobs controlling two separate receivers. The 
second receiver has a high IF and is a general-coverage 
receiver, so that you have access to all HF frequencies. 

Bill, WØZV, worded it very well on the Internet: 
“KUDOS to Ten-Tec for LISTENING to actual users! Japanese 
manufacturers must surely be watching the success Elecraft and 
Ten-Tec are having by incorporating real-time user feedback 
into their products. If they don’t soon start doing the same, I 
believe they will all be history in a few years.” 

In other modern-day transceivers with a high first IF, the 
second IF is often in the 9-MHz region and the third IF usually 
at 455 kHz. Both these lower frequencies are well suited for 
high-quality crystal filters with excellent shape factors. In 
some receivers, however, ceramic or mechanical filters are 
used at 455 kHz, but they have an inferior shape factor 
compared to a good crystal filter (see also Section 1.8.5.) I 
strongly suggest that you not compromise in this area. Install 
optional filters with excellent shape factors at the lowest IF. 
Otherwise, the performance of the variable-bandwidth control 
will be very mediocre. 

Ideally, the last-IF filters should be placed just ahead of 
the product detector, to reduce wideband noise generated in 
the IF amplifier stage. Many modern receivers show an 
annoying wideband hiss, which is especially noticeable on 
narrow CW when the band is very quiet. 

For several year now DSP signal processing has been 
introduced at the lowest IF, usually in the 10 to 50-kHz range. 
DSP allows unlimited flexibility so far as varying bandwidths, 
but it can never replace the very essential filters in the earliest 
stages of the transceivers. Transceivers that have tried to do it 
this way have quickly becomes famous for their very bad 
behavior with strong signals. 

I am convinced that somehow the designers have to move 
away from these very high first IFs, and compensate for the 
loss of image rejection by going back to tuned input circuits, 
or narrowband filters (not octave filter) covering just the 
amateur bands (as was done in the Ten-Tec ORION). 

1.8.9. DSP filtering 
Digital signal processing digitizes (ADC) the analog 

signal (eg, an audio signal or a low IF signal) so that a digital 
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processor can handle the signal and do whatever is needed 
before converting it back to an analog signal (DAC). (Ref 290 
and 291). To be able to handle the digitized signals, a CPU 
with a very high clock frequency is used. The heart of a DSP 
system is the software. 

1.8.9.1. Audio DSP 
Outboard DSP signal processors for use after the receiver 

audio chain were the first ones available on the commercial 
market. There are still a great number of excellent transceivers 
without DSP on the market that score very well on the low bands; 
eg, the Drake R4C, the Yaesu FT-1000D, the Kenwood TS-830 
and TS-930. The basic performance of these receivers can be 
further enhanced with the use of external AF DSP systems. DSP 
filters as a rule perform three different sorts of tasks: 

1.	 They add variable high-skirt selectivity. 
2.	 They perform as automatic (multi-frequency) notch fil

ters: This is an area where DSP can excel. DSP units are 
available that can handle multiple carriers in the audio 
spectrum and carriers are notched out before the user even 
notices that one came on. The great disadvantage of any 
notch filter at AF is that the offending carrier is still 
present all through the receiver IF chain and will desen
sitize the receiver through AGC action. Ideally these 
notch filters would be inserted ahead of the AGC detector, 
and as far forward in the receiver chain as possible. 

3.	 Noise reduction: Noise reduction DSP works because 
information-carrying signals have some patterns, while 
noise is totally random. 

1.8.9.2. IF DSP 
Modern manufacturers have started putting their DSP 

circuits in the last IF of the receiver, mostly in the 10 to 
50 KHz range. This very low IF is today still necessary, since 
CPUs operating at frequencies high enough to allow operation 
at much higher IFs are either still too expensive or still under 
development. 

The newest transceivers do many functions in DSP: 
operational bandwidth filtering, noise reduction, automatic 
notch, AGC, detection, etc. Using only the last IF for achiev
ing the operational selectivity, without having sharp filters 
closer to the front end, proves to be very disastrous especially 
when strong signals are involved on nearby frequencies. A 
particular transceiver using this approach turned out to be 
totally useless in a contest environment. 

Using narrow roofing filters right after the first mixer 
(for example at 9 MHz) in combination with IF-DSP (as is 
done in the Ten-Tec ORION) can give the best of both worlds: 
Very high dynamic range at close signal spacings and utmost 
flexibility regarding operational bandwidth. 

1.8.10. Audio filters 
Audio filters, just like AF DSP circuits, can never replace 

IF filters. They can be welcome additions, however, espe
cially with older receivers/transceivers that lack good built-in 
CW filtering. Introducing some AF filtering reduces any 
remaining wideband IF noise, and can improve the S/N ratio. 
Removing some of the higher-pitched hiss can also be quite 
advantageous, especially when long operating times are in
volved, such as in a contest (Ref 237). 
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1.9 Stability and Frequency Readout 
State-of-the-art fully synthesized receivers have the sta

bility of the reference source. All present-day receivers have 
achieved a level of stability that is adequate for all types of 
amateur work and most modern transceivers have a frequency 
readout to at least the nearest 10 Hz, often down to 1 Hz. 

1.10. Switchable Sideband on CW 
Switchable CW sidebands is a very useful feature that 

was introduced in the Kenwood TS-850. The user can switch 
CW reception from lower sideband to upper sideband, just 
like in SSB. Although the terminology of lower and upper 
sideband is not so common on CW, CW signals are indeed 
received with the beat oscillator frequency either above (as an 
LSB signal) or below (as a USB signal). This feature can be 
quite handy in the daily fight against QRM. Together with 
bandpass tuning, sideband switching can often move an 
offending signal down the skirts of your filter to a point where 
no harm is done. The default on commercial receivers CW 
reception should always be LCW (lower sideband). 

1.11. Outboard Front-End Filters 
Most present-day amateur receivers and receiver sections 

in transceivers are general-coverage (100 kHz to 30 MHz). 
They make wide use of half-octave front-end filters, which do 
not provide narrowband front-end selectivity. Older amateur
band-only receivers used either tracked-tuned filters or nar
row band-pass filters, which provide a much higher degree of 
front-end protection, especially in highly RF-polluted areas. 
Instead of providing automatic antenna tuners in modern 
transceivers, I believe that same space could more advanta
geously be taken up by some sharply tuned input filters that 
could be switched into the receiver when needed. 

Some excellent articles describe selective front-end 
receiving filters (Ref 219, 221, 251 and 266). Martin (Ref 219) 
and Hayward (Ref 221) describe tunable preselector filters 
that are very suitable for low-band applications in highly 
polluted areas (Ref 294). 

Whether or not such a front-end filter will improve 
reception depends on the presence of very strong signal within 
the passband of the half-octave filters. Several outboard nar
row-tuned-filter designs have been published over the years 
by K4VX (Ref 295), W3LPL (Ref 2953), K1KP (Ref 2954), 
and N6AW (Ref 2952). Another popular and rather simple 
filter was designed by the members of the Bavarian Contest 
Club (Ref 2951). 

An excellent (but expensive) commercially made 
bandpass filter is available from the German manufacturer, 
Braun (Karl Braun, Deichlerstrasse 13, D-90489, Nuerenberg, 
Germany). The Braun preselector SWF1-40 covers all bands 
(including WARC bands) from 10 through 160 meters, and 
includes an excellent preamp. The attenuation of the filters is 
8 dB. The preamp can compensate for this, or add an extra 
8 dB, which may come in handy when using low gain receiv
ing antennas (see Fig 3-9). 

International Radio (formerly RCI/Fox Tango), also 
offers front-end crystal filters, which are the ultimate solu
tion for multi-multi contest stations for protection against 
interference from a multiplier station operating at the same 
location on the same band. Information can be obtained at 
www.qth.com/inrad/index.htm. 

Many Top Banders experience problems with overload 
from local BC stations on 160 meters. Each situation requires 
a different approach to solve the problem. If the problem 
occurs with a special receiving antenna, such as a Beverage, 
then a tuned preselector (as described above) may help. The 

Fig 3-9—At A, schematic diagram, and 
attenuation curve at B for the Braun 
160-meter selective preamplifier. This 
has 10 dB of gain and covers 1810 to 
1920 kHz. The attenuation is better 
than 45 dB below 1500 kHz and above 
2300 kHz. An 80-meter version is also 
available. 
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Braun selective preamp uses a double-tuned input circuit plus 
a double-tuned output circuit, with a transistor preamp that is 
adjustable for a maximum gain of 10 dB. This little preselector 
attenuates signals in the BC band by at least 45 dB. Similar 
circuits are available from other sources. Fig 3-10 shows the 
schematic diagram, the layout and the bandpass curve of a 
highly effective and popular passive BCI filter designed by 
W3NQN (Ref 298, 299). 

If you use no separate receiving antenna, and the problem 
exists when listening on your transmit antenna, you will need 
to install a similar filter, which you must bypass while trans
mitting. 

Fig 3-10—High-pass filter designed by W3NQN. Layout 
at A, schematic diagram at B and response curve at C. 
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1.12. Band Splitter for Beverages 
All modern receivers have a separate input for a Bever

age or other type of receiving antenna. But what if you want 
to split one receiver antenna between several different receiv
ers? This is a very common situation in contests; for example 
in a SO2R (single-operator 2-radio) setup. If you simply 
connect the Beverage coax in parallel to the two receivers 
operating on different frequencies, you don’t really know 
what will happen—The input impedance of the receiver at the 
other frequency may be very low and may result in heavy 
swamping. Using a 3-dB splitter is technically OK, but you do 
lose 3 dB of signal. A neat solution I have used for some time 
now was developed by DL7AV and is shown in Fig 3-11. 
Three band filters are designed in such a way that the load 
impedance on the other frequencies are very high, effectively 
uncoupling the three band-outputs. 

1.13. Intermodulation Created Outside 
the Receiver 

If you hear what sounds like a spurious signals from a BC 
station in the ham bands, one way to tell if the product is 
occurring in your receiver is to insert an attenuator at the input 
of the receiver. If you observe a much greater drop in the 
garbage level than in the desired signals when attenuation is 
added, then you can bet the garbage comes from overload of 
your own receiver. If both the desired signals and the spurious 
drop the same amount with attenuation, then the generation of 
spurious signals is happening outside your receiver. 

Fig 3-11—This 3-band Beverage splitter makes it 
possible to feed the signals from one Beverage to three 
receivers, operating on 160, 80 and 40 meters without 
minimal splitter loss (design by DL7AV). 
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I have witnessed this problem with aging Beverage 
antennas. Sometimes it is referred to as bad ground loops or 
even bad connections, but non-linearity caused by corrosion 
can create overload, cross modulation and intermodulation (in 
plain language—mixing). You need good connections in the 
system, even if you don’t normally run transmitter power into 
a receiving antenna like a Beverage. If you suddenly hear all 
kinds of alien signals pop up in the band where they don’t 
belong, it’s time to go and check all the contacts in your 
receiving antenna system. Also check proper grounding of the 
coaxial feed line. 

Such products can occur in poor electrical connections in 
cable TV (where aluminum cable is in contact with steel 
support strands), telephone wires, fences, towers and even in 
your own antennas. The mixing products are radiated by these 
inadvertent antennas into your receiving system. With broad
band antennas such as Beverages, you may need to use high
pass filters or preselectors when operated in the vicinity of BC 
stations (as mentioned in Section 1.11). 

1.14. Noise Blanker 
A noise blanker, by nature of its principle of operation, 

only works on short-duration ignition-type pulses. Noise 
blankers detect strong noise pulses, and block (gate) the 
receiver’s IF chain when these pulses are present. To detect 
these short pulses, we use wide roofing (first IF) filters, 
because narrow filters would lengthen and distort the noise 
pulses and make noise blanking impossible. Noise blankers 
are one of the reasons why modern transceivers use very 
wide (much too wide) first IF filters, leading to poor IMD 
performance on strong nearby signals. As the noise pulses 
are detected on our receiving frequency, rather than on any 
other frequency outside the busy amateur bands, noise 
blankers usually are ineffective when the band is fully 
loaded, such as during contests. Strong adjacent signals can 
gate the receiver, instead of noise pulses. Using a frequency 
outside the amateur bands to sense the noise, as was done in 
the Collins KWM-2 receiver more than 40 years ago, would 
be a solution to that problem. 

It is well known that some top-end transceivers, such as 
the original Yaesu FT-1000D series, had a design flaw in the 
noise-blanker circuitry. This reduced the IMD performance 
significantly. In the FT-1000MP and MK 5 this problems 
exists when the NB gain pot is not set to minimum. In the 
FT-1000MP, if the gain control is set to CCW the NB has no 
effect on the receiver IMD. In the MK V if the menu is set to 
A=1 and B=1 (under software control), there is no IMD added 
by the noise blanker. There is a modification to overcome this 
flaw described on W8JI’s web site (www.w8ji.com/). With 
Tom’s mod installed in the FT-1000MP (or MK V), the A and 
B settings can be left anywhere and the IMD problem goes 
away if the NB switch is turned off. This is more convenient 
if you do regularly use the noise blanker. 

1.15. Receiver Evaluations 
A/B testing of radios is very tricky unless done at exactly 

the same time. On the low bands the type of noise in which we 
are listening for weak signals changes continuously. The 
tester’s brain (doing the final decoding) may work differently 
(such as when you are tired) and many other circumstances 
can make results of so-called A/B testing vary quite a bit. 

Of course, you would like to A/B-test all radios before 

buying one! However, results of such very subjective testing, 
done under totally uncontrolled circumstances, are just that— 
very subjective. It is not possible for most of us to perform 
exhaustive, laboratory-quality receiver tests ourselves. To 
minimize confusion, I have refrained from quoting test mea
surement data. 

If you have more than a casual interest about how these 
relevant measurements are made, check W8JI’s web site 
(www.w8ji.com/receivers.htm). Test methods have been 
described in the amateur literature (Ref 210, 211, 234 and 
255). Hart, G3SJX, has published a series of excellent equip
ment evaluations in RSGB’s RadCom (Ref 400-444). The 
reviews done by ARRL and published in QST and on their 
members-only Web site have made substantial progress as 
well. While the ARRL and RSGB do a good job of reviewing 
equipment, they publish somewhat useless wide-spaced data 
intermodulation dynamic range (see section 1.5). 

Further, sometimes published values for two-tone 
dynamic range (IMD3-DR) and third-order intercept (IP3) 
don’t make sense. This can happen where overload (and the 
consequent generation of distortion products) occurs in sev
eral different places in a receiver’s front end simultaneously. 
So far as I’m concerned, the most fundamental measurement 
is the two-tone dynamic range, with test tones close to the 
desired frequency. You should recognize that it is impossible 
to actually measure third-order intercept, simply because the 
receiver saturates well before that point. While IP3 is a 
convenient, single number that is easy to remember, it is a 
theoretical number. You should be cautious when Equations 
5 and 6 in Section 1.3 are not self-consistent. (Ref: QEX article 
by D. Smith, “Improved Dynamic-Range Testing,” Jul/Aug 
2002 or by U. Rohde, “Theory of Intermodulation and Recip
rocal Mixing...,” Jan/Feb and Mar/Apr 2003). 

1.16. Adding Input Protection to Your 
RX Input Terminals 

More and more of new transceivers have a separate 
receiver input for use with special receiving antennas such as 
Beverages. If those receiving antennas are installed very close 
to the transmit antenna, dangerously high voltages can destroy 
the input circuitry of the receiver. Since equipment manufac
turers do not incorporate a suitable protective circuit, it may 
be wise to build one of your own. 

Fig 3-12 shows a suitable protective circuit. A small 
relay shorts the input of the receiver during transmit. The 

Fig 3-12—Receiver input protective circuit. Receiver 
input is grounded during transmit. D2, D2 and D3 are 
silicon diodes. 
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voltage for the relay usually be obtained from any 12-V 
source (usually from the transceiver itself), while the relay is 
activated by the amplifier control line. Two diodes make it 
possible to switch the amplifier and the protection circuit 
from the same line. It is clear that this circuit only protects 
your equipment from RF coming from the same transceiver. 
Where more than one transmitter is used (like in a multi
transmitter operation during contests), a different approach 
must be taken, such as using band-pass filters. It is also 
important to have a DC path to ground on the antenna jack. 
This can be a 2.5-mH choke or a 1-MΩ resistor. 

1.17. Noise-Canceling Devices 
When you are plagued with a local single-source 

manmade noise, you can often dramatically improve, or 
even eliminate it, using a so-called noise-canceling device. 
In a noise-canceling device, signals from two antennas (one 
is the regular receiving antenna, the second one is called the 
noise source antenna) are combined in such a way that the 
phase of the noise received on the noise antenna is of equal 
amplitude as on the normal receiving antenna, but exactly 
180º out-of-phase. Details for such noise canceling devices 
can be found in Chapter 7 on Receiving Antennas. 

1.18. In Practice 
Now that you understand what makes a receiver good or 

bad for low-band DXing (and contesting) and after you study 
all the available equipment reviews, remember that what 
really counts is how the radio operates at your location, in 
your environment and with your antennas. You need to know 
how it satisfies your expectations and how it compares to the 
receiver you have been using. The easiest test is still to try the 
receiver when the band is really crowded, when signals are 
at their strongest. When you listen closely where it is rela
tively calm, you may hear weak crud that sounds like 
intermodulation or noise-mixing products. If you insert 10 
or 20 dB of attenuation in the antenna input line and the crud 
is still there, there is a good chance that the crud is really 
being transmitted. (See the Sidebar “What About Spatter?”) 
If the attenuation is raised and the crud goes away, it is likely 
that raising the intercept point by 10 or 20 dB would stop 
intermodulation created in the receiver itself. 

1.19. Receiver Areas for Future 
Improvement 

In the now 6-year old Third Edition of this book I wrote: 
“In the survey, which I sent out via Internet in early 1998, I 
asked: ‘What are the main characteristics that would make 
a dream receiver?’ and ‘What improvements would you like 
to see to the receiver you use now?’ ” The top hits were: 

•	 Better strong-signal handling capability with close sig
nal spacing. 

•	 Better selectivity (shape factor) and more selectivity 
choices. 

•	 Lower VCO phase noise. 
•	 Reduce wideband transmitted noise by using Band Pass 

Filters instead of Low Pass Filters in the PA output stage. 
•	 Truly effective systems against manmade, as well as 

atmospheric noise. 
Let’s hope Yaesu, ICOM, Kenwood, Ten-Tec and other 
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communication equipment designers read the following para
graphs about what they should do to please their most
demanding customers: 

•	 Drastically improve IMD behavior for close-in spacing 
(down to 500 Hz); eg, by using roofing filters with final 
operational bandwidth (2.0 kHz on SSB and 500 Hz on 
CW). If necessary we will be happy to trade-in full 
HF-spectrum coverage (use a much lower first IF). 

•	 Drastically improve the sideband noise of our oscilla
tors, which will have a twofold benefit: 

o Improve the dynamic selectivity of the receiver. 
o Reduce the horrible noise sidebands on transmit. 

•	 Develop systems that can effectively reduce or eliminate 
manmade or static noise (something radically different 
from noise blankers). 

•	 Incorporate variable make and break CW shaping that 
tracks the CW speed so that we can have ideal wave-form 
shaping at any speed. 

•	 Offer more and better (shape factor) IF filters; eg, 800 Hz 
to 1 KHz selectivity for CW 

•	 Design and build quiet IF stages that don’t hiss like an old 
steam train. 

•	 Develop true diversity receiving systems with automatic 
selection (including computer controlled auto-tune noise 
canceling systems). 

•	 Move DSP forward in the IF chain and write better and 
more user-friendly DSP software. 

•	 Design and build quality audio stages, not just 1.5 W at 
10% distortion that we have had pushed down our throat 
for years and years. 

•	 Incorporate good front-end protection circuitry (for main 
as well as auxiliary antenna inputs). 

•	 Make it possible to move the CW beat note as low as 
200 Hz. 

Did they read the Third Edition? Did they listen to their 
customers? Not to a large extent, I must say, except for 
Ten-Tec. Unfortunately it took Ten-Tec a long time as well. 
It is a little too early to assess the impact of the Ten-Tec 
ORION, but I know of many avid low-band DXers who have 
bought one or are waiting to buy one. As for me, I have been 
evaluating my ORION since mid-June, 2003. The essential 
lab tests (dynamic range, CW bandwidth, etc) were made in 
W8JI’s lab. I have used this radio over many, many hours 
of listening, operating and contesting. The ORION is cer
tainly the most revolutionary radio in concept and perfor
mance I have seen since the days when the first Drake radios 
hit the market. But it is a different kind of radio, and it takes 
time to learn how to operate and how to set all the param
eters, since just about everything can be changed in software 
by the user. Since 80% of the radio is DSP, the manufacturer 
can actually update your radio by just sending you new 
firmware. Great! 

Sometimes I have the impression that some of the 
design engineers of our transceivers never operate the radios 
themselves. Some of the control knobs we need to use often 
are tiny and in almost unreachable places on the front panel. 

Six years ago I wrote: “Development of modern Amateur 
Radio equipment is largely market driven. If the marketers 
keep telling the designers they want more bells and whistles, 
that is what the user will get. If users tell the manufacturers 
they want better basic performance often enough, maybe 
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WHAT ABOUT SPLATTER? 

By ARRL Senior Assistant Technical Editor, Dean Straw, N6BV 

Once a reasonable level of performance is reached in 
terms of receiver sensitivity and selectivity, high dynamic 
range is the most important parameter for low-band DXers 
and contesters. After all, if your receiver itself generates 
garbage that covers up weak desired signals, you’re not 
going to make QSOs. A dynamic range of 100 dB from the 
MDS to the level where third-order IMD products just start 
to appear is considered a very good figure of merit. 

ON4UN has already chastised equipment manufacturers 
whose poorly engineered keying waveforms produce 
horrendous key clicks. But what about SSB voice opera
tion? Having a receiver with a 100-dB dynamic range 
doesn’t do you much good if the guy down the block with 
that huge signal drives his transmitter so hard that he 
splatters 100 kHz up and down the band! Well maybe 
100 kHz is an extreme case. But we’ve all been infuriated 
by someone who moves perhaps 5 kHz below our fre
quency (on USB) and creates strong low-frequency 
buckshot—to the unmistakable cadence of “CQ contest, 
CQ contest.” If he is S9 + 20 dB on-channel and his 
buckshot is S7 off-channel, his splatter is only suppressed 
32 dB. That is not good enough. 

Present-day specifications for amateur transmitters 
rarely look at IMD beyond the fifth-order products. In the 
USA, the Federal Communications Commission (FCC) 
regulates technical specifications for transmitters, including 
Amateur Radio transmitters, for which the specs are rather 
lax. Wn the other hand, FCC technical specifications for 
commercial transmitters (for example, Part 80 in the 
Maritime service) are the toughest in the world. The 
FCC commercial limit is: Suppression > 43 dB + 10 log 
(Average Power) for 11th-order or higher two-tone IMD 
products. 

See Fig 3-B. For typical audio tones at 400 and 
1800 Hz, the 11th-order IMD products are located about 
7 kHz above and below the two main tones. For a 1500-W 
amplifier, this means that IMD products more than ±7 kHz 
away must be suppressed at least 75 dB below the 
average power (or 78 dB below PEP, the reference level 
usually used for Amateur transmitters). An IMD product 
that is 78 dB below an on-channel S9 + 20 dB signal would 
be less than S1. How many Amateur transmitters are that 
good?! (Just for reference, the same FCC limits for CW 
operation at 25 WPM requires 75 dB suppression of key 
clicks 300 Hz away from the carrier, resulting in “soft” 
keying. W1AW uses a commercial transmitter for their 
code-practice sessions and their code is perfectly 
copiable.) 

Commercial transmitters can indeed meet such splatter 
and key-click specifications, so it isn’t an impossible task! 

the designers will get the right message and we will see more 
progress toward better receiver performance.” Maybe I was 
a little optimistic. We have told the Yaesus and the Kenwoods 
of this world what we want. There has been very little 
response from them. The little one on the list of ham radio 
equipment manufacturers (Ten-Tec) apparently got the mes
sage. In that respect radio development is indeed market 
driven: The market shouted out loud what it wanted, and at 
least one listened and heard us. If the claimed specs (at the 
time of writing the first units are being delivered) hold true, 

Fig 3-B—FCC commercial specifications for 
transmitted IMD. For 11th and higher-order IMD 
products, the required suppression for a 1500-W 
transmitter is 75 dB below average power (the FCC 
definition), or 78 dB below PEP (the convention used 
by amateurs). 

Recently, Yaesu incorporated a “Class A” operating mode 
into their FT-1000MP MARK-V-FIELD model, where 
higher-level IMD products are very well suppressed on 
SSB. There are reports, however, that the amount of heat 
produced during contest operations using their Class-A 
mode is very high, leading to reliability problems. 

When I discussed the topic of ultimate splatter perfor
mance with ON4UN, he suggested that many contesters 
prefer a wider transmitted signal—at least within reason. 
This is to keep interlopers away from their transmitting 
frequency. While this is a realistic view of the way a 
contester thinks, it doesn’t absolve the manufacturers from 
the responsibility to produce really clean transmitters! 

ON4UN suggests that really “dirty” signals in contests 
could have their scores reduced: “We should have an 
independent jury noting the quality of the signals, and then 
giving a kind of multiplier to the score. Excellent signal: 
Multiplier 1; Bad signal: Multiplier 0.7; Very very bad 
signal: Multiplier = 0.4...” 

a drastic change in the market has to be envisaged. 

2. TRANSMITTERS 
2.1. Power 

It should be the objective of every sensible ham to build 
a well-balanced station. Success in DXing can only be achieved 
if the performance of the transmitter setup is well-balanced 
with the performance of the receiving setup. It is true that you 
can only work what you can hear, but it is also true that you can 
only work the stations that can hear you. It is indeed frustrat-
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ing when you can hear the DX very well but cannot make a 
QSO. There are some who cannot hear the DX, but they go so 
far as to make fictitious QSOs by “reading the Callbook.” 
Fortunately those bad guys are rare. 

A well-balanced station is the result of the combination 
of a good receiver, the necessary and reasonable amount of 
power and, most of all, the right transmitting and receiving 
antennas. It is, of course, handy to be able to run a lot of power 
for those occasions when it is necessary. In many countries in 
the world, amateur licenses stipulate that the minimum amount 
of power necessary to maintain a good contact should be used, 
while there is of course a upper limitation on the maximum 
power. 

There are modes of communication where we have real
time feedback of the quality of the communication link, and 
that is AMTOR, PACTOR as well as other similar error
correcting digital transmission systems. In CW as well as 
SSB, we can only go by feeling and by reports received, and 
therefore we are most of the time tempted to run power. 

There are a number of dedicated operators who have 
worked over 250 countries on 80 meters or 100 countries on 
160 meters without running an amplifier. But a large majority 
of active low-band DXers run some form of power amplifier, 
and most of them run between 800 and 1500 W output. 

2.2. Linear Amplifiers 
Today the newest technologies are utilized in receivers, 

transmitters and transceivers to a degree that makes competi
tive home construction of those pieces of equipment out of 
reach for all but a few. Most high-power amplifiers still use 
vacuum tubes, however, and circuit integration as we know it 
for low-power devices has not yet come to the world of high
power amplifiers. At any major flea market you can buy all the 
parts for a linear amplifier. See Fig 3-13. 

The amplifier builder will usually build more reserve 
into his design. He will have the option of spending a few more 
dollars on metal work and maybe on a larger power-supply 
transformer to have a better product that runs cool all the time 

Fig 3-13—This home-built amplifier uses surplus parts 
obtained at a hamfest. 
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and never lets him down. Maybe he will use two tubes instead 
of one, and run those very conservatively so that the eventual 
cost-effectiveness of his own design will be better than for a 
commercial black box. 

Power amplifiers designers and builders now have their 
own reflector on the Internet, where very interesting informa
tion is exchanged between builders. To subscribe to the AMP 
reflector send a message to amps-request@contesting. 
com with “subscribe” in the body text. 

A lot of very valuable information about building your 
own amplifier can be obtained at AG6K’s Web Page: 
www.vcnet.com/measures/. AG6K described the addition of 
160 meters to the Heath SB-220 (Ref 340), and in another 
article he covered the addition of QSK to the popular Kenwood 
TL-922 amplifier (Ref 338). 

If you do consider building your own amplifier, make 
sure you carefully study The ARRL Handbook, as well as 
W8JI’s website, which has lots of good information on this 
subject (www.w8ji.com/Amplifiers.htm). 

2.3. Phone Operation 
If you choose to play the DX game on phone (SSB), there 

are a few points to which you should pay great attention. 

2.3.1. Microphones (and headphones) 
Never choose a microphone because it looks pretty. 

Most of the microphones that match (aesthetically) the popu
lar transceivers have very poor audio. Most dynamic micro
phones have too many lows and too few highs. In some cases 
the response can be improved by equalizing the microphone 
output. W2IHY developed an 8-band audio equalizer (plus 
noise gate that can produce excellent communications audio 
even from a mediocre microphone or a lousy voice! (See 
w2ihy.com/Default.asp). It also can turn a studio-quality 
microphone (such as the Heil Goldline mike) into an effi
cient DXing and contesting microphone. 

In some cases the audio spectrum of a bad microphone 
can be drastically improved by changing the characteristics of 
the microphone resonant chamber. If the microphone has too 
many lows (which is usually the case), improvement can 
sometimes be obtained by filling the resonant chamber with 
absorbent foam material, or by closing any holes in the 
chamber (to dampen the membrane movement on the lower 
frequencies). 

The most practical solution, however, is to use a micro
phone designed for communications service. A typical com
munications microphone should have a flat peak response 
between 2000 and 3000 to 4000 Hz, a smooth roll-off of about 
7 to 10 dB from 2000 to 500 Hz and have a much steeper roll
off below 500 Hz. Fig 3-14 shows typical response curves for 
the Heil HC4 and HC5 communications microphone elements 
(www.heilsound.com/). We should caution against overkill 
here too, however! We know that the higher voice frequencies 
carry the intelligence, while the lower frequencies carry the 
voice power. Therefore a good balance between the lows and 
highs is essential for maximum intelligibility combined with 
maximum power. 

At this point I should mention that correct positioning of 
the carrier on the slope of the filter in the sideband-generating 
section of the transmitter is at least as important as the choice 
of a correct microphone. Therefore you should test your 

mailto:amps-request@contesting
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Fig 3-14—Typical responses of Heil communication 
microphones with a 2-kΩΩΩΩΩ resistive load. Note the sharp 
cut-off below 300 and 500 Hz. 

equalized microphone system into a good-quality tape recorder 
before doing any on-the-air tests. Incorrectly positioned car
rier crystals will also produce bad-sounding receive audio in 
a transceiver, since the same filter is (in most transceivers) 
used in both the transmit and receive chains. 

One way of checking to see if the USB and LSB carrier 
crystals have been set to a similar point on the filter slopes is 
to switch the rig to a dead band, turn up the audio and switch 
from USB to LSB. The pitch of the noise will be a clear 
indication of the carrier position on the filter slope. The pitch 
should be identical on both sidebands. Most modern trans
ceivers now allow tailoring of the AF bandpass curve through 
DSP. Some of the top range transceivers also make it possible 
to change the position of the carrier versus the filter curve 
through software programming. 

As important as the choice of the microphone is how you 
use the microphone. Communications microphones are made 
to be held close to the mouth when spoken into. Always keep 
the microphone a maximum of two inches from your lips. A 
very easy way to control this is to use a headset/boom
microphone combination. Heil has various headset/micro
phone combinations, which can be equipped with either their 
HC4 or HC5 cartridge. 

If you do not speak closely into the microphone, you will 
have to increase the microphone gain, which will bring the 
acoustics in your shack into the picture, and these are not 
always ideal. We often have a high background noise level 
because of the fans in our amplifiers. This background level— 
and the degree to which we practice close-talking into our 
microphone—that determines the maximum level of process
ing we can use. 

2.3.2. Speech processing (clipping) 
Speech processing should be applied to improve the 

intelligibility of the signal at the receiving station, not just to 
increase the ratio of average power to peak envelope power. 
After all, increased average power—together with the intro
duction of lots of distortion—will probably achieve little, or 
it may hurt your intelligibility. Although audio clippers can 
achieve a high degree of average power ratio increase, the 
generation of in-band distortion products raises the in-band 
equivalent noise power generated by harmonic and inter
modulation distortion and in turn decrease the intelligibility 

(signal-to-distortion-and-noise ratio) at the receiving end. 
RF clipping generates the same increase in the ratio of 

transmitted average power to PEP, but does not generate as 
much in-band distortion products. This basic difference even
tually leads to a typical 8-dB improvement of intelligibility 
over AF clipping (Ref 322). Virtually all high-end current 
transceivers are equipped with RF or DSP speech processors. 

Adjusting the speech-processor level seems to be a dif
ficult task with some modern transceivers, if you judge from 
what we sometimes hear on the air. All modern transceivers 
have a compression-level indicator, which is very handy when 
adjusting the clipping level. 

We already stated that the acoustics in the shack will be 
one of the factors determining the maximum allowable amount 
of speech clipping. By definition, a speech-clipped signal has 
a low dynamic range. In order not to be objectionable, the 
dynamic range should be kept on the order of 25 dB. This 
means that during speech pauses the transmitter output should 
be at least 25 dB down from the peak output power during 
speech. Let us assume we run 1400 W PEP output. A signal 
25 dB down from 1400 W is just under 5 W PEP. Under no 
circumstances should our peak-reading wattmeter indicate 
more than 5 W peak (about 3 W average), or we will have 
objectionable background noise (Ref 305). 

One way of getting rid of the background noise (from 
fans, etc), is to virtually extend the dynamic range of the audio 
by quieting the audio when the audio level drops below a 
certain threshold. The W2IHY audio equalizer described ear
lier has such a feature built-in, as does the Super Combo Keyer 
designed and built by ZS4TX (www.zs4tx.co.za/sck/). This 
keyer is multi-functional, and it includes an audio compressor 
and a noise gate that works very well. I have been using this 
unit very successfully for almost three years now. It also 
includes both a CW and a Voice keyer, each with 6 program
mable memories. It has all that’s needed for operating two 
radios in a SO2R (single-operator two-radio) contest setup, 
where the selection is controlled by the contesting software 
(compatible with NA, CT, TR and Writelog). 

2.4. CW Operation 
2.4.1. Keying waveform 

In older generations of transmitters, you could adjust an 
RC network to change the leading and trailing edges of the 
keying waveform to ensure a clean CW signal without clicks. 
Today’s transceivers are loaded with features, but judging 
from the lack of controls for the CW waveform, the designers 
of our present-day transceivers must not be serious CW 
operators. 

Most transceivers seem to have the waveform shaping 
adjusted for 70 WPM. A state-of-the art transmitter should 
allow adjustment of wave shaping so that the rise and fall time 
are independent of speed. This shape cannot be obtained with 
a single, simple RC-network. It requires knowledgeable engi
neering to get the proper results. For example, you can adjust 
the Ten-Tec ORION’s rise and fall times from 3 to 10 mS. 

Six years ago I wrote in the Third Edition of this book: 
“Let this be a message to the people who review the new 
transceivers to put emphasis on this issue, so that the design
ers wake up!” What has happened since then? Little or noth
ing, except that serious operators became aware of the poor 
quality of the keying of many commercial transceivers. The 
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FT-1000 series transceiver, praised as being the best low-band 
rigs (and used by two-thirds of low-band DXers and contesters 
in my poll) is such an example, although not a lonely case! 
George Cutsogeorge, W2VJN, notes: “The ‘bad name’ the 
MP has developed in recent times probably has something to 
do with the sheer number of radios in the field. In a major 
contest there are more MPs in use than all other radios 
together.” 

For years we’ve told the designers at Yaesu that there 
was a serious problem, but succeeding FT-1000-style models 
all retained the same poor CW keying waveform shape. In the 
beginning of 2003 suddenly a modification was developed by 
Yaesu and applied to all new transceivers leaving the factory, 
although this was not announced to the public. Several people, 
including W8JI, tried the factory modification. The results 
were disappointing. W8JI, wrote to me: “We are in very big 
trouble, because for every ten new radio’s sold, at best one 
will get repaired correctly. This will eventually ruin the low 
bands for many years to come. Many people have horrible 
clicks and refuse to fix the radios, or use poor corrections. We 
need to put great pressure on Yaesu and other manufacturers 
to correct radios or we will slowly lose all pleasure on 
lowband CW.” 

Both George, W2VJN, of International Radio 
(www.qth.com/inrad/) and Tom, W8JI, (www.w8ji.com/ 
keyclicks.htm) dug into the FT-1000 problems on their own 
and came up with modifications that cure the problem. The 
bandwidth occupied in the W2JVN-modified FT-1000MP 
and the Ten-Tec ORION are very similar. 

In truth, something should be done to improve key clicks 
in most popular radios, not only Yaesu’s models. Most mod
ern radios have worse keying characteristics than many rigs 
that are 30 or 40 years old. See “about-key clicks” on CD. 

2.4.2. Harsh-sounding CW 
The problem of harsh keying seems to go hand in hand 

with the problem of oscillator phase noise. Again, some 
40-year old transmitters show better performance than today’s 
radios. Sometimes you can often hear noise sidebands several 
kHz away! 

2.4.3. Leading-edge spikes 
Another common problem with several modern trans

ceivers is that they generate a power surge on the leading edge 
of the first CW character. This surge is in some cases twice the 
level of a constant key-down signal. This causes increased 
transmitted garbage, sounding like key-clicks, and can trip the 
protective overdrive circuits of some commercial amplifiers. 

In some transceivers this problem can be overcome by 
turning the RF OUT knob down to the point where the output 
power just begins to drop. But some transceivers use an 
internal ALC (automatic level control) loop that is controlled 
by the front-panel RF OUT knob. The attack time of an ALC is 
designed to be fast, but it isn’t instantaneous. The delay before 
the ALC can automatically reduce the transmitter gain allows 
the initial spike to appear at the output. 

2.4.4. Using ALC with an external amplifier 
In a properly designed and operated station there is no 

need for external ALC between the amplifier and the trans
ceiver. Controlling the output from a 200-W exciter by means 

of ALC from an amplifier that only requires 50 W of drive is 
a bad thing, again because of the attack time constant inevita
bly associated with an ALC circuit. This will always cause 
some overshoot on the first CW character or SSB syllable, 
showing up as extra sidebands—that is, clicks on CW or SSB 
splatter. In a good transmitter you can adjust the output power 
very precisely (in the Ten Tec ORION in 1-W increments, for 
example). 

2.5. QSK, Semi Break-In and Amplifier 
Switching Timing 

QSK (full break-in) is a nice feature, but not essential, 
either for the low-band DXer or for the contester. However, 
properly implemented QSK can be an asset to contesters and 
DXers. When calling, an operator can hear immediately when 
the DX transmits and can stop sending. This is beneficial to 
everyone on the frequency. QSK can help determine the DX 
station’s pattern so that he can be called at the right time. Of 
course, good QSK used by two operators during a rag chew is 
really a pleasure. 

If not properly designed and set up, however, QSK can be 
a disaster: It can generate severe key-clicks. It can ruin the 
antenna relay in the amplifier in no time, or cause component 
arcing and destruction of very expensive component (such as 
band switches) in the amplifier. Even stations operating semi
break-in on CW often exhibit poor timing and hot switching. 
In every JA-contest I seem to copy a lot of OA stations calling 
me—These are extreme cases where the entire first dot is 
missing. The same problem sometimes turns a W- station 
(USA) into a M-station (England). 

If you don’t want to ruin your amplifier, or ruin the 
bands with clicks and clacks for your neighbors, have a close 
look at the timings involved in your station. In every JA
contest I seem to copy a lot of OA stations calling me; these 
are extreme cases where the entire first dot is missing! The 
same problem sometimes turns a W- station (USA) into a 
M-station (England). 

QSK (full break-in) is a nice feature, but it is not 
essential, either for the Low Band DXer or for the contester. 
However, properly designed QSK can be an asset to contesters 
and DXers. When calling a DX station the operator can hear 
immediately when he transmits and can stop sending. This is 
a benefit to all callers on the frequency. QSK can help 
determine the DX station’s pattern so that he can be called at 
the right time to maximize returns. Of course, good QSK used 
by two operators during a rag chew is really a pleasure. 

If not properly designed and set up, QSK can be disas
trous: It can generate severe key-clicks, and it can ruin the 
antenna relay in the amplifier in no time, or cause component 
arcing and destruction of very expensive components (such as 
band switches) in the amplifier. 

Even radios operating semi-break-in on CW can exhi
bit poor timing and hot switching, which can be avoided if 
the manufacturers obey the following general rules. The 
sequence of things happening on all QSK modes should be: 

Make side: 
•	 Appearance of signal input (key closure or data input). 
•	 The transmitter immediately sends “on” signal to ampli

fier with minimum possible delay. 
•	 Ideally the transmitter should have an adjustable RF-on 
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delay (1 to 30 ms), after which it allows RF output to start
rising. If not adjustable, 15 to 20 mS is a must to accom-
modate amplifiers with slow relays.

• Wait for handshake signal (if handshake system is active),
then deliver RF to the amplifier.

Break side:
• Data stops.
• RF output from transmitter stops with zero delay.
• After making sure envelope is just at zero, the amplifier

keying line unkeys.

The sequence on semi-break CW in or VOX should be:

Make side:
• Appearance of TX Signal input (key closure, data input)
• Transmitter keys the amplifier relay line without any delay
• The transmitter should have adjustable RF-on delay (to

make sure the amplifier relays are closed, see QSK mode)
after which it allows RF output or checks for handshake if
used. If no adjustable time, a minimum of 15-20 mS is
required, and this may not be enough for some older
amplifiers.

Break side:
• Data stops.
• RF envelope reaches zero.
• After independently adjustable OFF delay (0-1 second

hang delay) amp unkeys. In better transmitters there is an
independent adjustment for voice operation (VOX) and
for semi-break-in CW. On CW this delay is advanced to a
point where on semi-break on CW the amplifier relay does
not clatter at the CW keying rate. It drops out after an
adjustable delay.

On SSB the transmitter should have standard VOX
adjustments (sensitivity, anti-VOX and hang-time) then gen-
erally follow this rule:

• The VOX trip and the amplifier immediately comes up
• After an adjustable TX Delay (can be same as CW or data)

RF comes up (delay minimum of 15-20 mS)
• The VOX hang drops out only after the RF has reached

zero, even at fastest hang setting

How can we know that the TX delay of 15 mS is enough?
The best way is to listen for the transmitted signal quality of
a second receiver. Listen around the transmitted signal and on
its harmonics. Adjust the time delay for total cleanliness.

If the delay is longer than 20 mS it may fool very fast
speed CW operators, and in that case it might be time to have
a look at installing faster relays in the transmitter (for example,
small vacuum relays).

• Background noise elimination (to kill the noisy blower).

2.7. Signal-Monitoring Systems
You should have some means of monitoring the quality

of your transmissions. All modern transceivers have some sort
of built-in monitor system. The best ones are not mere audio
output monitors, but instead monitor the directly detected
SSB signal, so you can evaluate the adjustment of the speech
processor. This feature allows the operator to check the audio
quality and is particularly useful for checking for RF pickup
into the microphone circuitry. A monitor-scope should also be
mandatory in any amateur station. With a monitor scope you
can:

• Monitor your output waveform (envelope).
• Check and monitor linearity of your amplifier (trapezoidal

pattern).
• Monitor the keying shape on CW.
• Observe any trace of hot-switching on QSK.
• Check the tone of the CW signal (for power-supply ripple).
• Correctly adjust the speech processor.
• Correctly adjust the drive level of the exciter to optimize

the make and the break waveform on CW and to avoid
leading-edge overshoot.

I have been using a monitor scope at my stations ever
since I got licensed almost 40 years ago, and without this
simple tool I would feel distinctly uncomfortable when on the
air (see Fig 3-15). Specific monitor ’scopes (eg, Yaesu,
Kenwood) are rather expensive and have one distinct disad-
vantage: You must route the full output RF from the amplifier
“through” the ‘scope to tap off some RF, which is fed directly
to the plates of the CRT. I decided to use a good second-hand
professional one (Tektronix 2213, 20-MHz bandwidth), which
cost less than a new monitor scope. You need to sample only
a very small amount of RF to feed to the input of the scope. A
small resistive power divider can be mounted at the output of
the amplifier, from where millivolts of sampled RF can be

2.6. DSP in the Transmitter
Most, if not all HF transceivers make extensive use of

DSP technology. DSP is typically used to perform one of the
following functions:

• DSP speech processing.
• DSP audio tailoring (nice velvet-like audio for a rag chew,

and piercing sharp quality for the contest).
• CW make and break timing (hard or soft keying).
• DSP VOX control (delayed audio switching).

Fig 3-15—The Ten-Tec Orions are the new “battleships”
at the ON4UN two-radio lowband DXing and contesting
station. Between the two transceiver are all the antenna
direction control units. Antenna selection is full
automatic, controlled by the band data output from the
transceiver. Two ACOM 2000 amplifiers complemented
these radios.

Receiving and Transmitting Equipment 3-19

CH3.pmd 3/4/2005, 10:00 AM19



CH3.pmd	 20 2/11/2005, 12:57 PM 

routed to the scope through a small coaxial cable. 

2.8. Transmitter Areas for Improvement 
•	 Improve all intermodulation distortion products of the 

transmitter significantly. 
•	 Noise sidebands (VCO noise) down to at least −135 dBc at 

2-kHz separation. 
•	 Easily and precisely adjustable power output (like the 

Ten-Tec ORION). 
•	 No leading-edge power spikes on CW. 
•	 Cure the key-click problems. 
•	 SSB transmitter with 2.1-kHz bandwidth filters. 
•	 Fully adjustable timing for QSK and semi break-in opera

tion (to match amplifier characteristics). 

3. CONCLUSION 
If you’re starting on the low bands and have a limited 

budget, then the best solution is to look for a decently 
priced second-hand transceiver with a decent reputation. 
The Kenwood TS-830 was one of the best low-band rigs in 
its day and would be a very good starting rig for any 
newcomer. 

If you’re not on a tight budget and you want only the best, 
there are a few choices. Judging by the popularity among by 
low-band DXers and contesters, you might look for a Yaesu 
FT-1000D transceiver. The later FT-1000 models (MP and 
MP MARK-V) have not brought any substantial improve
ments in basic performance, although they’ve added more 
bells and whistles. 

The Ten-Tec ORION looks like it will be a serious 
competitor to the Japanese top-range transceivers. Yes, the 
ORION does not have the color display like the ICOM, but are 
you going to hear the DX better or work more stations in a 
contest thanks to a color display? 

Fig 3-16—W2VJN of International Radio measured an FT-1000MP before and after modification to reduce key 
clicks. At spacings from the carrier of ±1 kHz, the modification reduced clicks by about 11 dB, a very significant 
amount. 
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