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Receivers have traditionally been at the forefront of 
Amateur Radio technology and certainly are today, even as 
the long-reigning analog superheterodyne architecture is 
being overtaken by the digital software defined radio. While 
commercial designs and devices abound, receiving in the 
crowded amateur bands is still a demanding application with 
strong signals immediately adjacent to signals at the noise 
floor, a variety of natural and man-made interferences to 
reject, and modes ranging from manually sent Morse to the 
latest experimental modulations. Like the equipment in use 
today, expect this chapter to change from edition to edition 
as technology marches on.

In order to address these challenges, this chapter focuses 
on the functions of receiving and how they are implement-
ed, whether by analog or digital technologies. Metrics of 
receiver performance are discussed, recognizing that digital 
receivers behave differently than their established analog 
counterparts, requiring new measurement definitions and 
techniques. Receiver home-brew projects from past editions 
have been collected into a set of projects in the online con-
tent accompanying this book, 

This chapter’s material has been adapted and updated 
from or provided by a number of authors. A great deal of 
the receiver material was originally written by Joel Hal-
las, W1ZR, and the sections on mixers by Dave Newkirk, 
W9VES, and Rick Karlquist, N6RK. Some sections on SDR 
functions were adapted from “SDR: Simplified” columns 
in QEX magazine by Ray Mack, W5IFS. Material on SDR 
receivers, architecture, and noise reduction was contributed 
by Steve Hicks, N5AC, and Doug Grant, K1DG. Jim Brown, 
K9YC provided material on active noise canceling and di-
versity reception. Bob Allison, WB1GCM, and Adam Farson, 
VA7OJ/AB4OJ, contributed material on receiver testing. 
Additional material was taken from Chapters 10 and 11 in 
Experimental Methods in RF Design by Hayward, Campbell, 
and Larkin. The reader interested in the professional per-
spective and depth of detail is referred to the comprehensive 
Communications Receivers — Principles and Design, 4th 
Edition by Rohde, Whitaker, and Zahnd.

Coverage of VHF/UHF/microwave receivers from previous 
editions is included in the online content. Coverage of this 
topic will be revised and updated in future editions of the 
ARRL Handbook.

The major subsystems of a radio receiving system are the antenna, 
the receiver and the information processor. The antenna’s task is 
to provide a transition from an electromagnetic wave in space to 
an electrical signal that can be conducted on wires. The receiver 
has the job of retrieving the information content from a particular 
signal coming from the antenna and presenting it in a useful format 
to the processor for use. 

The processor typically is an operator, but can also be an auto-
mated system. When you consider that most “processors” require 
signals in the range of volts (to drive an operator’s speaker or 
headphones, or even the input of an A/D converter), and the par-
ticular signal of interest arrives from the antenna at a level of mere 
microvolts, the basic function of the receiver is to amplify the 
desired signal by a factor of a million. It must do this, while in the 
presence of signals many orders of magnitude greater and of com-
pletely different characteristics, without distortion of the desired 
signal or loss of the information it carries.

12.1 Characterizing 
Receivers

As we discuss receivers we will need to characterize their per-
formance, and often their performance limitations, using certain 
key parameters. The most commonly encountered are as described 
in the following sections. These are often the key performance 
parameters, but in many cases there are others that are important 
to specify, as well. Examples are audio output power, power con-
sumption, size, weight, control capabilities and so forth.

The ARRL Lab has developed an extensive set of standardized 
tests that it performs on transceivers in support of QST Product 
Reviews. These tests are described in the test procedure document 
referenced in the Test Equipment and Measurements chapter 
and in the book Amateur Radio Transceiver Performance Testing 
by ARRL Lab Staff Engineer, Bob Allison WB1GCM.

12.1.1 Receiver Sensitivity and Noise
Sensitivity is a measure of how weak a signal the receiver can 

extract information from. This generally is expressed at a particular 
signal-to-noise ratio (SNR) since noise is generally the limiting 
factor. A typical specification might be: “Sensitivity: 1 µV for  
10 dB SNR with 3 kHz bandwidth.” The bandwidth is stated because 
the amount (or power) of the noise, the denominator of the SNR 
fraction, increases directly with bandwidth. Generally the noise 
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parameter refers to the noise generated within 
the receiver, often less than the noise that 
arrives with the signal from the antenna. (See 
the RF Techniques chapter for a more com-
plete discussion of noise and noise sources.)

The sensitivity of a receiver is a measure 
of the lowest power input signal that can be 
received with a specified signal-to-noise ratio. 
In the early days of radio, this was a very 
important parameter and designers tried to 
achieve the maximum practical sensitivity. In 
recent years, device and design technology 
have improved to the point that other param-
eters may be of higher importance, particu-
larly in the HF region and below. Sensitivity 
remains an issue for receiving systems at VHF 
and above, particular with respect to noise.

Noise level is as important as signal level 
in determining sensitivity. This section builds 
on the discussion of noise in the RF Tech­
niques chapter. The most important noise 
parameters affecting receiver sensitivity are 
noise bandwidth, noise figure, noise factor, 
and noise temperature.

Since received noise power is directly pro-
portional to receiver bandwidth, any specifi-
cation of sensitivity must be made for a 
particular noise bandwidth. For DSP receiv-
ers with extremely steep filter skirts, receiver 
bandwidth is approximately the same as the 
filter or operating bandwidth. For other filter 
types, noise bandwidth is somewhat larger 
than the filter’s 6 dB response bandwidth.

The relationship of noise bandwidth to 
noise power is one of the reasons that narrow 
bandwidth modes, such as CW, have a sig-
nificant signal-to-noise advantage over modes 
with wider bandwidth, such as voice, assum-
ing the receiver bandwidth is the minimum 
necessary to receive the signal. For example, 
compared to a 2400-Hz SSB filter bandwidth, 
a CW signal received in a 200 Hz bandwidth 
will have a 2400/200 = 12 = 10.8 dB advan-
tage in received noise power. That is the same 
difference as an increase in transmitter from 
100 to 1200 W.

SOURCES OF NOISE
Any electrical component will generate a 

certain amount of noise due to random elec-
tron motion. Any gain stages after the internal 
noise source will amplify the noise along with 
the signal. Thus a receiver with no signal input 
source will have a certain amount of noise 
generated and amplified within the receiver 
itself.

Upon connecting an antenna to a receiver, 
there will be introduction of any noise exter-
nal to the receiver that is on the received fre-
quency. The usual sources and their properties 
are described below. Table 12.1 presents 
typical levels of external noise in a  
10 kHz bandwidth present in the environ-
ment from different sources.

Atmospheric noise. This is noise generated 

Table 12.1
Typical Noise Levels (Into the Receiver) and Their Source, by Frequency
Frequency Range	 Dominant Noise Sources	 Typical Level (mV/m)*
LF 30 to 300 kHz	 atmospheric	 150
MF 300 to 3000 kHz	 atmospheric/man-made	 70
Low HF 3 to 10 MHz	 man-made/atmospheric	 20
High HF 10 to 30 MHz	 man-made/thermal	 10
VHF 30 to 300 MHz	 thermal/galactic	  0.3
UHF 300 to 3000 MHz	 galactic/ thermal	 0.2

*The level assumes a 10 kHz bandwidth. Data from Reference Data for Engineers, 4th Ed,  
p. 273, Figure 1.

within our atmosphere due to natural phe-
nomena. The principal cause is lightning 
which sends wideband signals great dis-
tances. All points on the Earth receive this 
noise, but it is much stronger in some regions 
than others depending on the amount of local 
lightning activity. This source is usually the 
strongest noise source in the LF range and 
may dominate well into the HF region, 
depending on the other noises in the region. 
The level of atmospheric noise tends to drop 
off by around 50 dB every time the frequency 
is increased by a factor of 10. This source 
usually drops in importance by the top of the 
HF range (30 MHz).

Man-made noise. This source acts in a 
similar manner to atmospheric noise, although 
it is more dependent on local activity rather 
than geography and weather. The sources tend 
to be sparks from rotating and other kinds of 
electrical machinery as well as gasoline engine 
ignition systems and some types of lighting. 
In recent years, noise from computing and 
network equipment, switchmode power sup-
plies, and appliances has increased signifi-
cantly in urban and suburban environments. 
All things being equal, this source, on average, 
drops off by about 20 dB every time the fre-
quency is increased by a factor of ten. The 
slower decrease at higher frequencies is due 
to the sparks having faster rise times than 
lightning. The effect tends to be comparable 
to atmospheric noise in the broadcast band, 
less at lower frequencies and a bit more at HF.

Galactic Noise. This is noise generated by 
the radiation from heavenly bodies outside 
our atmosphere. Of course, while this is noise 
to communicators, it is the desired signal for 
radio-astronomers. This noise source is a 
major factor at VHF and UHF and is quite 
dependent on exactly where you point an 
antenna (antennas for those ranges tend to be 
small and are often pointable). It also happens 
that the Earth turns and sometimes moves an 
antenna into a position where it inadvertently 
is aimed at a noisy area of the galaxy. If the 
Sun, not surprisingly the strongest signal in 
our solar system, appears behind a commu-
nications satellite, communications is gener-
ally disrupted until the Sun is out of the 
antenna’s receiving pattern. Galactic noise 

occurs on HF, as well: Noise from the planet 
Jupiter can be heard on the 15 meter band 
under quiet conditions, for example.

Thermal Noise. Unlike the previous noise 
sources, this one comes from our equipment. 
All atomic structures have electrons that 
move within their structures. This motion 
results in very small currents that generate 
small amounts of wideband signals. While 
each particle’s radiation is small, the cumula-
tive effect of all particles becomes significant 
as the previous sources roll off with increas-
ing frequency. The reason that this effect is 
called thermal noise is because the electron 
motion increases with the particle’s tem-
perature. In fact the noise strength is directly 
proportional to the temperature, if measured 
in terms of absolute zero (0 K). For example, 
if we increase the temperature from 270 to 
280 K, that represents an increase in noise 
power of 10/270 = 0.037, or about 0.16 dB. 
Some extremely sensitive microwave receiv-
ers use cryogenically-cooled front-end 
amplifiers to provide large reductions in ther-
mal noise.

Oscillator Noise. As noted in the Oscilla-
tors and Synthesizers chapter, real oscilla-
tors will have noise sidebands that extend out 
on either side of the nominal carrier frequency 
at low amplitudes. Any such noise will be 
transferred to the received signal and through 
reciprocal mixing create noise products from 
signals on adjacent channels through the 
mixer. A good receiver will be designed with 
oscillators that generate noise well below the 
expected level of received noise.

NOISE POWER AND SENSITIVITY
There are a number of related measures 

that can be used to specify the amount of noise 
that is generated within a receiver. If that noise 
approaches, or is within perhaps 10 dB of the 
amount of external noise received, then it must 
be carefully considered and becomes a major 
design parameter. If the internally generated 
noise is less than perhaps 10 dB below that 
expected from the environment, efforts to 
minimize internal noise are generally not 
beneficial and can, in some cases, be coun-
terproductive.

While the total noise in a receiving system 
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is, as discussed, proportional to bandwidth, 
the noise generating elements are generally 
not. Thus it is useful to be able to specify the 
internal noise of a system in a way that is 
independent of bandwidth. It is important to 
note that even though such a specification is 
useful, the actual noise is still directly pro-
portional to bandwidth and any bandwidth 
beyond that needed to receive signal informa-
tion will result in reduced SNR.

To evaluate the effect of noise power on 
sensitivity, refer to the discussion of noise in 
the RF Techniques chapter. The discussion 
hinges on the value of Ni, the equivalent noise 
power in watts at the input of a perfect receiver 
that would result in the same noise output. Ni 
is generally expressed in dBmi:

dBmi = –198.6 + (10 × log10 B) +  
(10 × log10 TE)

where B is the system bandwidth in Hz and TE 
is the equivalent noise temperature expressed 
in K.

If input noise (Ni) is greater than the noise 
generated internally by the receiver, the 
receiver’s sensitivity is limited by the external 
noise. This is usually the case for HF receiv-
ers where atmospheric and man-made noise 
are much stronger than the receiver’s internal 
noise floor. If Ni is within, perhaps, 10 dB 
greater than the receiver’s internal noise, then 
the effect of the receiver’s internal circuits on 
overall system sensitivity must be taken into 
account. At VHF and above, noise generated 
by the system components begins to exceed 
input noise.

EFFECT OF INPUT NOISE
A receiver designer needs to know how 

strong the signals are to establish the range of 
signals the receiver will be required to handle. 
One may compare the equivalent noise power 
(Ni) with the expected external noise to deter-
mine whether the overall receiver SNR will 
be determined by external or internal noise. 
A reasonable design objective is the have the 
internal noise be less than perhaps 10 to 20 dB 
below the expected noise. As noted above, this 
is related closely to the frequency of signals 
we want to receive. Any additional sensitivity 
will not provide a noticeable benefit to SNR, 
and may result in reduced dynamic range, as 
will be discussed in the next section.

For frequencies at which external noise 
sources are strongest, the noise power (and 
signal power) will also be a function of the 
antenna design. In such cases, the signal-
to-noise ratio can be improved by using an 
antenna that picks up more signal and less 
noise, such as with a directional antenna that 
can reject noise from directions other than 
that of the signal. Some antennas improve 
SNR simply by rejecting noise, such as the 
Beverage antenna. Signals from a Beverage 
antenna are usually much weaker than from 

Figure 12.1 — The effect of adding a low-noise preamplifier ahead of a noisy receiver 
system.

Figure 12.2 — Examples comparing the effect on input NF of placing the preamplifier at 
different places in the antenna system. At (A), the preamplifier is ahead of the coax 
cable loss, resulting in an input NF of 1.13 dB. At (B), the coax loss before the preamp 
results in an input NF of 2.57 dB, a reduction in sensitivity.

a conventional antenna but their ability to 
reject noise from undesired directions creates 
a net improvement in the SNR at the receiver 
output.

MINIMUM DETECTABLE 
(DISCERNABLE) SIGNAL (MDS)
Also referred to as the noise floor of 

a receiver, the MDS is the strength of the 
smallest input signal that produces a specified 
increase in the output noise power of a 
receiver. MDS depends on the required SNR 
(SNRMIN in dB), the system bandwidth (B in 
Hz), the temperature of the receiver (TE), and 
the receiver noise figure (NF). (Measurement 
of MDS is discussed in the Test Equipment 
and Measurements chapter.)

An ideal receiver at room temperature with 
a bandwidth of 1 Hz has a theoretical MDS 
of –174 dBm. This is often referred to as the 
“1 Hz noise floor.”

As bandwidth, noise figure, and tempera-
ture increase, so does MDS as follows:

MDS (in dBm) = –174 + 10 log (B) + NF + 
SNRMIN

 + 10 log (TE/290)

For example, if a receiver at room temperature 
has a bandwidth of 1 kHz and a noise figure 
of 2.5 dB, for an SNRMIN of 3 dB:

MDS = –174 + 30 + 2.5 + 3 + 0 =  
–138.5 dBm

If the receiver’s equivalent temperature then 
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increases to 300 K, the MDS also increases to:

MDS = –174 + 30 + 2.5 + 3 + 0.15 = 
–138.35 dBm

Many commercial radios achieve an MDS 
of –135 to –140 dBm in a 500 Hz bandwidth — 
which is quite good — but at HF the external 
noise is much higher, making the lower 
MDS specification somewhat irrelevant. As 
frequency increases through the higher HF 
bands and into VHF, MDS becomes more 
important.

12.1.2 Preamplifiers and Noise
Often we are faced with the requirement 

of determining the noise figure of a system 
of multiple stages. In general adding an 
amplification stage between the antenna and 
the rest of the system will reduce the equivalent 
noise figure of the system by the amount of gain 
of the stage but adds in the noise of the added 
stage directly. In general, to improve system 
sensitivity, the preamp’s internal noise must 
be much lower than the noise generated by 
the receiver. (See the discussion of Cascaded 
Amplifiers in the RF Techniques chapter.) A 
number of preamplifier projects are included 
in the online content for this chapter.

In many cases elements of a receiving 
system exhibit loss rather than gain. Since 
they reduce the desired signal, while not 
changing the noise of following stages, they 
increase the noise figure at their input by an 
amount equal to the loss. This is the reason 
that a VHF low noise amplifier is mounted 
at the antenna, ahead of a noisy receiver as 
shown in Figure 12.1. As shown in the figure 
for fairly typical values, while the addition of 
a low noise amplifier does reduce the system’s 
noise figure, as can be observed, the amplifier 
gain and noise figure of the rest of the receiver 
can make a big difference.

As an example of the difference, if the coax 
between the antenna and radio has a loss of 1 
dB, and the preamp has a noise figure of 1 dB, 
the resulting noise figure with the preamp at 
the radio will be 2 dB, while if at the antenna, 
the noise added by the coax will be reduced 
by the gain of the preamp, resulting in a 
significant improvement in received SNR at 
VHF and above. Figure 12.2 shows a typical 
example.

Noise Measurement Terminology
There are many ways to measure and specify noise, each with its unique name and 

abbreviation. Most amateurs are familiar with SNR (signal-to-noise ratio) at least in a 
general sense, but fewer are aware of the need to specify bandwidth and possibly 
temperature. Communications professionals and receiver designers use a variety of 
names and methods to specify noise performance. Many of these are explained in 
Walt Kester’s excellent tutorial “Understand SINAD, ENOB, SNR, THD, THD+N, and 
SFDR so You Don’t Get Lost in the Noise Floor” published by Analog Devices as 
MT-003. See the References section for the complete URL for this document.

Along with noise figure, the preamplifier’s 
effect on distortion and dynamic range must 
be considered. As discussed in later sections 
of this chapter, distortion products can be 
generated by intermodulation from in-band 
and out-of-band signals. These distortion 
products can be considered noise and can 
reduce receiving system sensitivity.

System spurious-free dynamic range 
(SFDR) is the difference between MDS (see 
previous section) and the highest level of input 
signal that does not create spurious signals. 
Although the preamp may increase the ampli-
tude of the desired signal, it also increases the 
amplitude of the unwanted distortion prod-
ucts even more. For this reason, spurious-free 
dynamic range of the receiving system can 
be degraded by adding a preamplifier with a 
limited dynamic range.  

Both dynamic range and noise figure must 
be considered when choosing a preamp. A 
thorough discussion of how to evaluate and 
balance gain and noise figure when choos-
ing a preamp is available in Paul Shuch, 
N6TX’s online article “Quiet! Preamplifier at 
Work” (www.setileague.org/articles/ham/ 
preamp.pdf) listed in the References section.

12.1.3 Receiver Selectivity
Selectivity — Selectivity is just the band-

width discussed above. This is important 
because to a first estimate it identifies the 
receiver’s ability to separate stations. With a 
perfect “brick wall” filter in an ideal receiver, 
stations within the bandwidth will be heard, 
while those outside it won’t be detected. The 
selectivity thus describes how closely spaced 
adjacent channels can be. With a perfect 3 
kHz bandwidth selectivity, and signals 
restricted to a 3 kHz bandwidth at the trans-
mitter, a different station can be assigned 
every 3 kHz across the spectrum. In a less 
than ideal situation, it is usually necessary to 
include a guard band between channels. 

Note that the word channel is used here in 
its generic form, meaning the amount of spec-
trum occupied by a signal, and not defining 
a fixed frequency such as an AM broadcast 
channel. A CW channel is about 300 Hz wide, 
a SSB channel about 2.5-3 kHz wide, and so 
forth. “Adjacent channel” refers to spectrum 
immediately higher or lower in frequency. 

Table 12.2 shows the bandwidth required for 
such a “channel” in various services and 
modes.

Selectivity under linear operating condi-
tions is determined by the receiver’s filters. 
In analog heterodyne designs, the filters are 
typically crystal filters with a fixed band-
width. Clever frequency shifting schemes 
(Passband Tuning or IF Shift, for example) 
create a continuously adjustable filter by shift-
ing two fixed passbands relative to each other. 
DSP is also used in both hybrid and direct-
sampling SDR designs to provide perfor-
mance unavailable to filters using discrete 
components. Both types of filters are dis-
cussed in the Analog and Digital Filtering 
chapter.

12.1.4 Receiver  
Dynamic Range

In the case of all real receivers, there is a 
range of signals that a receiver can respond 
to linearly without distortion. This is referred 
to as dynamic range and, as will be discussed 
in more detail, can be established based on a 
number of different criteria. In the most gen-
eral sense, dynamic range can be defined as 
the ratio of the strongest to the weakest signal 
that a system, in this case our receiver, can 
respond to linearly. This range typically 
extends from the receiver’s noise floor to a 
level at which some intermediate stage or 
stages overload in some way. 

Table 12.1 gives us an idea of how small a 
signal we might want to receive. The designer 
must create a receiver that will handle signals 
from below the noise floor to as strong as the 
closest nearby transmitter can generate. Most 
receivers have a specified (or sometimes not) 
highest input power that can be tolerated, 
representing the other end of the spectrum. 
Usually the maximum power specified is the 
power at which the receiver will not be dam-
aged, while a somewhat lower power level is 
generally the highest that the receiver can 
operate at without overload and the accom-
panying degradation of quality of reception 
of the desired signal.

The type and severity of the overload is often 
part of the specification. A straightforward 
example might be a 130 dB dynamic range. 

Table 12.2
Typical Communications Bandwidths 
for Various Operating Modes
Mode	 Bandwidth (kHz)
FM Voice	 15
AM Broadcast	 10
AM Voice	 4-6.6
SSB Voice	 1.8-3
Digital Voice	 1.0-1.2
RTTY (170-850 Hz shift)	 0.3-1.5
CW	 0.1-0.5
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The nature of the distortion will determine the 
observed phenomenon. If the weakest and 
strongest signals are both on the same channel, 
for example, we would not expect to be able 
to process the weaker of the two. However, the 
more interesting case would be with the strong 
signal in an adjacent channel. In an ideal 
receiver, we would never notice that the adja-
cent signal was there. In a real receiver with a 
finite dynamic range or nonideal selectivity, 
there will be some level of adjacent channel 
signal or signals that will interfere with recep-
tion of the weaker on-channel signal.

Dynamic range is also affected by preampli-
fiers in the receiver front-end circuitry. 
(Passive resistive attenuators have less effect 
on dynamic range as they typically remain 
linear over a very wide range of signals.) 
Turning on a preamplifier may worsen various 
types of dynamic range performance if the 
preamplifier’s dynamic range is less than that 
of the rest of the receiver. Conversely, in some 
SDR receivers having the preamp on may 
improve performance. Dynamic range speci-
fications and measurements must include 
whether a preamp is on or off.

It is important to note that the behavior of 
a heterodyne receiver and an SDR receiver 
are quite different with respect to dynamic 
range. The notion of an “intercept point” dis-
cussed below is based on the assumption of 
intermodulation products increasing in a cer-
tain way that is characteristic of analog cir-
cuitry. This assumption is not valid for 
direct-sampling SDR equipment. An SDR’s 
input ADC is basically linear up to the point 
where the instantaneous sum of all signals 
present at the receiver input exceeds the full-
scale range of the input ADC. (See the DSP 
and SDR Fundamentals chapter.) Beyond 
that point, the receiver will generate spurious 
products based on its software and how that 
specific ADC responds. Hybrid analog/digital 
receivers that apply DSP at IF or audio fre-
quencies behave more like traditional analog 
receivers.

ON-CHANNEL DYNAMIC RANGE
The signal you wish to listen to can range 

from the strongest to the weakest, sometimes 
changing rapidly with conditions, or in a 
situation with multiple stations such as a net. 
While a slow change in signal level can be 
handled with manual gain controls, rapid 
changes require automatic systems to avoid 
overload and operator discomfort.

This is a problem that has been long solved 
with automatic gain control (AGC) systems. 
These systems are described in a later section 
of the chapter, but it is worth pointing out 
that the measurement and gain control points 
need to be applied carefully to the most 
appropriate portions of the receiver to main-
tain optimum performance. If all control is 
applied to early stages, the SNR for strong 

stations may suffer, while if applied in later 
stages, overload of early stages may occur in 
the presence of strong stations. Thus, gain 
control has to be designed into the receiver 
distributed from the input to the detector.

The next two sections illustrate a frequent 
limitation of receiver performance — dynamic 
range between the reception of a weak signal 
in the presence of one or more strong signals 
outside of the channel.

BLOCKING GAIN COMPRESSION
Because a direct-sampling SDR receiver 

has the same gain until the input ADC clips 
or overloads (see section below), these receiv-
ers do not exhibit blocking. (An exception 
arises if an active stage ahead of the ADC 
blocks prior to the onset of ADC clipping, 
due to incorrect gain distribution. This can be 
detected by testing for gain compression 
below the level of clipping.) Otherwise, the 
following section applies only to analog 
superheterodyne or direct-conversion receiv-
ers and receivers with a hybrid analog-DSP 
IF architecture. 

A very strong signal outside the channel 
bandwidth can cause a number of problems 
that limit receiver performance. Blocking gain 
compression (or “blocking”) occurs when 
strong signals overload the receiver’s high 
gain amplifiers and reduce its ability to 
amplify weak signals. (Note that the term 
“blocking” is often used outside Amateur 
Radio when referring to reciprocal mixing of 
oscillator noise with strong local signals.) 

While listening to a weak signal, all stages 
operate at maximum gain. If the weak signal 
were at a level of S0, a strong signal could be 
at S9 + 60 dB. Using the standard of S9 rep-
resenting a 50 µV input signal, and each S 
unit reflecting a change of 6 dB, the receiver’s 
front-end stages would be receiving a 0.1 µV 
signal and a 50,000 µV into the front end at 
the same time. A perfectly linear receiver 
would amplify each signal equally until the 
undesired signal is eliminated at the operating 
bandwidth setting stage. However, in practi-
cal receivers, after a few stages of full gain 
amplification, the stronger signal causes 
amplifier clipping, which reduces the gain 
available to the strong signal. This is seen as 
a gradual reduction in gain as the input signal 
amplitude increases. Gain reduction also 
reduces the amplitude of the weaker signal 
which is perceived to fade as the strong signal 
increases in amplitude. Eventually, the 
weaker signal is no longer receivable and is 
said to have been “blocked”, thus the name 
for the effect.

The ratio in dB between the strongest sig-
nal that a receiver can amplify linearly, with 
no more than 1 dB of gain reduction, and the 
receiver’s noise floor in a specified bandwidth 
is called the receiver’s blocking dynamic 
range or BDR or the compression-free 

dynamic range or CFDR. In an analog super-
het, BDR is established by the linear regions 
of the IF amplifiers and mixers. If the receiver 
employs DSP, the range of the analog-to-
digital converter usually establishes the 
receiver’s BDR. The spacing of the signals 
must also be specified so that any internal 
filtering is accounted for. Typical signal spac-
ing is 2, 5, 20, and 100 kHz.

A related term is “near-far interference” 
which is used primarily in the commercial 
environment to refer to a strong signal causing 
a receiver to reduce its gain and along with it 
the strength of weak received signals.

INTERMODULATION (IMD)
Blocking dynamic range is the straightfor-

ward response of a receiver to a single strong 
interfering signal outside the operating pass-
band. In amateur operation, we often have 
more than one interferer. While such signals 
contribute to the blocking gain compression 
in the same manner as a single signal described 
above, multiple signals also result in a poten-
tially more serious problem resulting from 
intermodulation (IM) products. As noted pre-
viously, analog heterodyne and SDR receivers 
behave quite differently with respect to inter-
modulation.

If we look again at the equation for two 
sinusoids in the sidebar on Nonlinear Signal 
Combinations, we note that there are an infi-
nite number of higher order terms. In general, 
the coefficients of these terms are progres-
sively lower in amplitude, but they are still 
greater than zero. Of primary interest is third-
order term, K3 × VIN

3, when considering VIN 
as the sum of two interfering signals (f1 and 
f2) near our desired signal (f0) and within the 
first IF passband, but outside the operating 
bandwidth.

VOUT = K3 × [Asin(f1)t+Bsin(f2)t]3 
= K3 × {A3sin3(f1)t + 3A2B [sin2(f1)t × 
sin(f2)t] + 3AB2 [sin(f1)t × sin2(f2)t] + 
B3sin3(f2)t }

The cubic terms (the first and last terms) 
result in products at three times the frequency 
and can be ignored in this discussion. Using 
trigonometric identities to reduce the remain-
ing sin2 terms and the subsequent cos( )sin( ) 
products reveal individual intermodulation 
(IM) products, recognizing that the signals 
have cross-modulated each other due to the 
nonlinear action of the circuit. (Math hand-
books such as the CRC Standard Mathemati-
cal Tables and Formulae have all the necessary 
trigonometry information.)

IM products have frequencies that are lin-
ear combinations of the input signal frequen-
cies, written as n(f1) ± m(f2), where n and m 
are integer values. The entire group of prod-
ucts that result from intermodulation are 
broadly referred to as intermodulation distor-
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amplitude is usually well below those of the 
third-order products.)

Thus we have two interfering signals that 
are not within our operating bandwidth so we 
don’t hear either by themselves. Yet they com-
bine in a nonlinear circuit and produce a sig-
nal exactly on top of our desired signal. If the 
interfering signals are within the passband of 
our first IF and are strong enough the IM 
product will be heard.

As the strength of the interfering signals 
increases, so does that of the resulting inter-
modulation products. For every dB of 
increase in the interfering signals, the third-
order IM products increase by approximately 
3 dB. Fifth-order IM increases by 5 dB for 
every dB increase in the interfering signals, 
and so forth. Our primary concern, however, 
is with the third-order products because they 
are the strongest and cause the most interfer-
ence.

IMD DYNAMIC RANGE AND 
INTERCEPT POINT

As with blocking, discussed in a previous 
section, a direct-sampling SDR receiver does 
not respond to signals in the same way as an 
all-analog or hybrid analog-DSP IF receiver.  
For that reason, 3IMD and Intercept Point 
measurements only apply to analog and 
hybrid analog-digital receivers.  IMD can be 
created by analog stages between the RF input 
and ADC input, such as preamps, preselec-
tors, and any analog stages prior to digitiza-
tion in the ADC device.  However, these 
sources of IMD are typically much less strong 
than in legacy receivers. (Passive LC filters 
used as bandpass filters or preselectors can 
exhibit passive IMD (PIM) caused by non-
linearities in the components. This can be 
measured by means of a two-port NPR test.) 

Third-order IMD dynamic range (3IMD_
DR) is the difference between a receiver’s 
MDS and the input level of two interfering 
signals that create an IMD product on the 
same frequency and as strong as a desired 
signal. (The complete test is described in the 
Test Measurements and Instruments chap-
ter and in the book by Allison.) The test is 
performed with the interfering signals at dif-
ferent spacings (usually 2, 5, and 20 kHz) and 
with the desired signal at several different 
levels. The ARRL uses a signal at the MDS, 
at S5 (–97 dBm) and 0 dBm. For QST Product 
Reports, the test is performed on the 3.5, 14, 
and 50 MHz bands. All of these conditions 
must be specified and no single number char-
acterizes 3IMD_DR performance entirely.

This dynamic range is particularly impor-
tant to the contest and DX community since 
they often need to copy very weak signals 
with very strong signals on an adjacent chan-
nel or just a few kHz away. Combined with 
reciprocal mixing, band noise, and spurious 
emissions from transmitters, third-order IMD 

Nonlinear Signal Combinations
Although a mixer is often thought of as nonlinear, it is neither necessary nor desir-

able for a mixer to be nonlinear. An ideal mixer is one that linearly multiplies the LO 
voltage by the signal voltage, creating two products at the sum and difference fre-
quencies and only those two products. From the signal’s perspective, it is a perfectly 
linear but time-varying device. Ideally a mixer should be as linear as possible.

If a signal is applied to a nonlinear device, however, the output will not be just a 
copy of the input, but can be described as the following infinite series of output signal 
products:

VOUT = K0 + K1 × VIN + K2 × VIN
2 + K3 × VIN

3 + . . . + KN × VIN
N

What happens if the input VIN consists of two sinusoids at F1 and F2, or A ×  
[sin (2pF1) × t] and B × [sin (2πF2) × t]? Begin by simplifying the notation to use 
angular frequency in radians/second (2πF = ω). Thus VIN becomes Asinw1t and 
Bsinw2t and equation A becomes:

VOUT = K0 + K1 × (Asinw1t + Bsinw2t) + K2 × (Asinw1t + Bsinw2t)2 + K3 × (Asinw1t + 
Bsinw2t)3 + … +KN × (Asinw1t + Bsinw2t)N

The zero-order term, K0, represents a dc component and the first-order term, K1 × 
(Asinw1t + Bsinw2t), is just a constant times the input signals. The second-order term 
is the most interesting for our purposes. Performing the squaring operation, we end 
up with:

Second order term = [K2A2sin2w1t + 2K2AB(sinw1t × sinw2t) + K2B2sin2w2t]

Using the trigonometric identity:

sin á sin â = 1/2 {cos ( á – â ) – cos ( á + â )}

the product term becomes:

K2AB × [cos(w1–w2)t – cos(w1+w2)t]

These products are at the sum and difference frequency of the input signals! The 
signals, originally sinusoids are now cosinusoids, signifying a phase shift. These sig-
nals, however, are just two of the many products created by the nonlinear action of 
the circuit, represented by the higher-order terms in the original series.

In the output of a mixer or amplifier, those unwanted signals create noise and 
interference and must be minimized or filtered out. This nonlinear process is respon-
sible for the distortion and intermodulation products generated by amplifiers operated 
nonlinearly in receivers and transmitters.

tion or IMD. The ratio in dB between the 
amplitude of the interfering signals, f1 and f2, 
and the resulting IM products is called the 
intermodulation ratio.

If all of the higher-order terms in the orig-
inal equation are considered, n and m can take 
on any integer value. If the sum of n and m is 
odd, (2 and 1, or 3 and 2, or 3 and 4, etc.) the 
result is products that have frequencies near 
our desired signal, for example, 2(f1) – 1(f2). 
Those are called odd-order products. Odd-
order products have frequencies close enough 
to those of the original signals that they can 
cause interference to the desired signal. If the 
sum of n and m is three, those are third-order 
IM products or third-order IMD. For fifth-
order IMD, the sum of n and m is five, and so 
forth. The higher the order of the IM products, 
the smaller their amplitude, so our main con-
cern is with third-order IMD.

If the two interfering signals have frequen-
cies of f0 + ∆, and f0 + 2∆, where ∆ is some 
offset frequency, we have for the third-order 
term:

VOUT = K3 × [A sin(f0 +∆)t +  
B sin (f0 + 2∆)t]3

A good example would be interfering sig-
nals with offsets of 2 kHz and 2 × 2 kHz or 
4 kHz from the desired frequency, a common 
situation on the amateur bands.

Discarding the cubic terms and applying 
the necessary trigonometric identities shows 
that a product can be produced from this com-
bination of interfering frequencies that has a 
frequency of exactly f0 — the same frequency 
as the desired signal! (The higher-order terms 
of the sidebar’s equation for sinusoid signals 
can also produce products at f0, but their 
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products can make for very difficult reception. 
Note that SDR receivers do not specify this 
dynamic range because their circuitry does 
not behave the same as analog superhetero-
dyne receivers as discussed the sections 
below.

Intercept point describes the IMD perfor-
mance of an individual stage or a complete 
receiver. For example, in an analog heterodyne 
receiver, third-order IM products increase at 
the rate of 3 dB for every 1-dB increase in the 
level of each of the interfering input signals 
(ideally, but not always exactly true). As the 
input levels increase, the distortion products 
seen at the output on a spectrum analyzer could 
catch up to, and equal, the level of the two 
desired signals if the receiver did not begin to 
exhibit blocking as discussed earlier. 
Remember that SDR equipment will behave 
differently.

The input level at which this occurs is the 
input intercept point. Figure  12.3 shows the 
concept graphically, and also derives from the 
geometry an equation that relates signal level, 
distortion and intercept point. The intercept 
point of the most interest in receiver evalua-
tion is that for third-order IM products and is 
called the third-order intercept point or IP3. 
A similar process is used to get a second-order 
intercept point for second-order IMD. A 
higher IP3 means that third-order IM products 
will be weaker for specific input signal 
strengths and the operator will experience less 
interference from IM products from strong 
adjacent signals.

These formulas are very useful in designing 
radio systems and circuits. If the input inter-
cept point (dBm) and the gain of the stage 
(dB) are added the result is an output intercept 
point (dBm). Receivers are specified by input 
intercept point, referring distortion back to 
the receive antenna input. Intercept point is a 
major performance limitation of receivers 
used in high density contest or DX operations. 
Keep in mind that we have been discussing 
this as an effect of two signals, one that is ∆ 
away from our operating frequency and 
another at twice ∆. In real life, we may be 
trying to copy a weak signal at f0, and have 
other signals at f0 ± 500, 750, 1000, 
1250…5000 Hz. There will be many combi-
nations that produce products at or near our 
weak signal’s frequency.

Note that the products don’t need to end 
up exactly on top of the desired signal to cause 
a problem; they just need to be within the 
operating bandwidth. So far we have been 
talking about steady carriers, such as would 
be encountered during CW operation with 
interference from nearby CW stations. SSB 
or other wider bandwidth modes with spec-
trum distributed across a few kHz will have 
signal components that go in and out of a 
relationship that results in on-channel inter-
ference from IMD. This manifests itself as a 

Figure 12.3 — Graphical representation of 
the third-order intercept concept.

time-varying synthetic noise floor, composed 
of all the resulting products across the chan-
nel. The difference in this low level “noise” 
can be dramatic between different receivers, 
especially when added to phase noise received 
from other stations and reciprocal mixing 
inside the receiver!

SPURIOUS-FREE DYNAMIC  
RANGE (SFDR)

IM products increase with the amplitude 
of the interfering signals that cause them and 
at some point become detectable above the 
receiver’s noise floor. The ratio of the strength 
of the interfering signals to the noise floor, in 
dB, is the receiver’s spurious-free dynamic 
range or SFDR. This is the range of signal 
strengths over which the receiver does not 
produce any detectable spurious products. 
SFDR can be specified for a specific order of 
IM products; for example, SFDR3 is the 
SFDR measured for third-order IM products 
only. The bandwidth for which the receiver’s 
noise floor is measured must also be specified, 
since smaller bandwidths will result in a lower 
noise floor.

INTERFERENCE FREE SIGNAL 
STRENGTH (IFSS)

To address the behavior of SDR receivers 
for which the IP3 specification is irrelevant 
new performance metrics have been proposed. 
One such measurement is the interference-free 
signal strength or IFSS. This measures the 
largest input signal for which no interference 
products are produced above the receiver noise 
floor. The noise floor is specified using the 
Rec. ITU P.372.7 band-noise levels. IFSS is 
similar to SFDR but does not specify a type of 
intermodulation products.

As a consequence of using the ITU band-
noise levels noise levels (see the RF 
Techniques chapter), the IFSS for a given 
receiver can be much higher on the lower HF 
bands, where external band noise is high and 
will mask any interfering products. On the 
upper HF and VHF bands where band noise 
is lower, the IFSS can also be lower. Similarly, 
there can be a difference between the rural, 
suburban, and urban environments. As such, 
IFSS measurements ignore distortion products 
below the noise floor.

IFSS measurements on current receivers 
show a great deal of variation in the perfor-
mance over a wide range of signal levels. The 
best performers show a smooth increase in 
the distortion product level beginning at the 
input signal level where the interference prod-
ucts are equal to the noise floor. These radios 
exhibit predictable performance over a wide 
range of inputs. Other models show large 
swings in distortion product levels, even 
decreasing with increased input over some 
ranges of signal levels. This indicates a need 
for better understanding of SDR behavior and 
design. Nevertheless, IFSS is a useful tool in 
assessing SDR performance.

RECIPROCAL MIXING  
DYNAMIC RANGE (RMDR)

All oscillators produce some noise. When 
the oscillator is used to control a receiver or 
transmitter, the noise is transferred to signals, 
causing extra noise in the receiver passband 
and in the transmitter output signal. In an 
analog heterodyne receiver, the noise is trans-
ferred to the signals in the mixing process 
from the local oscillator(s). While all of the 
LOs contribute some noise, in practice the 
first mixer is the dominant source. In an SDR 
receiver, noise is transferred primarily from 
the sampling clock for the input ADC and the 
DDS signal sources in the receiver. Some 
noise is contributed by jitter in the digitizing 
ADC, as well.

RMDR is measured by increasing a test 
input signal until the noise in the receive chan-
nel increases by a specified amount, usually 
3 dB. The difference between the input signal 
level and the receiver’s noise floor (MDS) is 
the RMDR. 
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How Phase Noise 
Affects a Receiver
By Steve Hicks, N5AC

Today’s receivers are generally 
built from one of two primary tech-
nologies: mixing or sampling. Some 
receivers will have components of 
both. In either case, an oscillator sets 
the frequency of the mixing or the 
sampling rate. Let’s take a look at 
how phase noise from an oscillator 
can affect performance of our 
receiver, looking first at mixing. (The 
effects of reciprocal mixing are pro-
duced by both amplitude and phase 
noise, a combination referred to as 
“composite noise.” – Ed)

Figure 12.A1 has a block diagram 
of a typical mixer circuit. The oscilla-
tor used with a mixer is called a local 
oscillator (LO) and the mixing pro-
cess is also known as heterodyning. 
Let’s assume for the moment that our 
radio designer selected an off-the-
shelf synthesizer IC to use as a local 
oscillator. The phase noise chart in 
Figure 12.A2 represents the phase 
noise provided by the manufacturer 
of the synthesizer integrated circuit. 
Assuming that the phase noise in our 
design matches the manufacturer’s 
data, we can use the phase noise 
plot to determine how phase noise 
will affect our receiver. Phase noise 
will generally change as the oscillator 
frequency is moved and, in the case 
of a synthesizer can also change 
with the parameters used to lock to a 
reference signal (An overview of PLL 
operation can be found in a number 
of good references — for example: 
www.ti.com/lit/an/swra029/
swra029.pdf and in www.analog.
com/media/en/training-seminars/
tutorials/MT-086.pdf). For now, let’s 
assume this plot was taken at 14 
MHz and this is where our receiver 
will operate. 

The two numbers we will use in 
our example are at an offset of 2 kHz 
and 10 kHz. Reading the plot, we 
 see that the 2 kHz phase noise is 
–93 dBc/Hz and the 10 kHz phase 
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Figure 12.A1 — Typical mixer block 
diagram.

Figure 12.A2 — Plot of phase noise versus frequency separation from the carrier.

noise is –96 dBc/Hz. The measure-
ment units of dBc/Hz indicates the 
noise that would be present in a 1 Hz 
bandwidth receiver, the number of dB 
below the carrier. For example,  
–93 dBc/Hz indicates that the noise 
floor would be 93 dB below a carrier 
signal measured using a 1 Hz band-
width receiver. To convert this to a  
100 Hz bandwidth we might use in a 
CW filter we must add 10 log (100 
Hz/1 Hz) or 20 dB to our phase noise 
numbers. So at a 2 kHz offset from our 
carrier, we have –93 dBc + 20 dB = 
–73 dBc and at 10 kHz, –96 dBc +  
20 dB = –76 dBc. In a mixer, this noise 
will be added to all signals present in 
the receiver.

Looking at Figure 12.A3, we show a 
strong S8 CW signal at 14.000 MHz. 
S8 corresponds to –79 dBm as shown 
in the graph. Two kilohertz away is the 
signal we are trying to receive, an S3 
(–109 dBm) CW signal using a 100 Hz 
CW filter. Using our phase noise calcu-
lation, the S8 signal at –79 dBm would 
have phase noise at a 2 kHz offset of 
–79 dBm – 73 dB = –152 dBm. This is 
well below our atmospheric noise floor 
and will not interfere with our ability to 
listen to the signal at 14.002 MHz.

Figure 12.A4 shows a signal in the 
same location that is S9+40 dB or  
–33 dBm. Using the same math, at 
14.002 MHz we will experience phase 
noise of –33 dBm – 73 dB = –106 dBm. 
Since the signal we are trying to 
receive is S3 (–109 dBm), our noise 

floor in 100 Hz is 3 dB above this 
level, causing us interference while 
trying to copy the signal. The amount 
of actual interference received also 
depends on the required signal-to-
noise ratio required to successfully 
copy a signal.

Although it varies by type of oscil-
lator, phase noise generally 
decreases the further we are from 
the carrier, meaning that weak sig-
nals that are closer to strong signals 
are more likely to be interfered with 
than weak signals farther away from 
a strong carrier. Stations operating in 
a rural area with modest antennas 
and no strong neighbors are much 
less likely to suffer from the effects of 
phase noise than are multi-multi con-
test stations with large antennas and 
local transmitters in the same band. 
Field Day is another situation where 
many are familiar with the effects of 
phase noise. If you’ve ever operated 
the sideband station at your local 
Field Day and heard the noise floor 
modulated to the sound of the CW 
station next to you (or vice versa), 
you’ve experienced the effects of 
interference from phase noise. 

The effects of phase noise will 
also vary by mode. A CW signal may 
be copied with a SNR in the –10 to 
–20 dB range while a sideband sig-
nal may require an SNR of >+10 dB. 
Since sideband signals require a 
larger filter, we must also run our cal-
culations with this larger filter, recog-
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Figure 12.A4 — Same spectrum as 
Figure 12.A3 but with the left-hand sig-
nal replaced with one that is much 
stronger.
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Figure 12.A3 — Spectrum showing adja-
cent CW signals and the phase noise 
from each.

nizing that more noise will be 
present. Both the additional noise 
and the larger SNR required to copy 
a sideband signal make it more sus-
ceptible to phase noise interference 
than a CW transmission.

Division is Good
In most local oscillators for super-

heterodyne receivers, the phase 
noise of the oscillator will benefit 
from division. This means that the 
more the oscillator is reduced in fre-
quency through division, the better 
the resulting phase noise of the 
oscillator. Typically, we will see a  
6 dB improvement in phase noise 
with each division by two of the origi-
nal oscillator frequency. So a radio 
that might have good oscillator per-
formance on 20 meters could lose 11 
dB or more performance when oper-
ating on 6 meters. The superhetero-
dyne receiver designer can take 
advantage of this by using a good 
oscillator design and dividing down 
the oscillator as much as possible, 
thereby achieving better phase noise.

The raised background noise will mask 
weak signals, in effect raising the receiver’s 
noise floor when a nearby strong signal is pres-
ent to transfer the oscillator noise. For example, 
if a receiver’s noise floor or MDS is –127 dBm 
and an input signal of –37 dBm causes the  
3 dB increase in noise, the receiver’s RMDR 
= –37 – (–127) = 90 dB.

Since oscillator noise is lower farther from 
the oscillator frequency, the transferred noise 
will have a similar profile. (The discussion of 
noise in the Oscillators and Synthesizers 
chapter shows the noise profile of typical 
oscillators.) This requires RMDR to be mea-
sured with the strong signal a specified dis-
tance from the receiver channel in which noise 
is being measured. Typical separations are 2, 
5, and 20 kHz.

RMDR tends to be the most limiting 
dynamic range at the close signal spacing of 
2 and 5 kHz. Since close-spaced signals are 
typical of the most demanding receiver envi-
ronments for contesting and DXing, this is an 
important measurement to compare when 
purchasing a transceiver. 

NOISE POWER RATIO (NPR)
Another test method applicable to both 

SDR and heterodyne receivers, noise power 
ratio tests were originally developed for mul-
tiplexed telephone systems. These early sys-
tem combined many individual channels on 
one transmission system, cable or radio. 
Nonlinearities in the system would generate 
distortion products and interfere with the 
channels. To simulate the effect of many 
active channels, wideband noise was trans-
mitted with one channel removed by a narrow 
notch filter. (See Figure  12.4).

The noise simulated the presence of com-
plex speech waveforms in the other channels. 
Any distortion products from the noise would 
appear as a raised noise floor in the notched 
channel. As the noise amplitude was raised, 
the in-channel noise would rise, as well. 

This is a close analogue to a busy band with 
multiple channels of communication. 
Nonlinearities in the receiver generate distor-
tion products in the monitored channel. The 
ratio of the out-of-channel to in-channel noise 
is the noise power ratio. The more linear the 
receiver, the more noise power can be injected 
for a given amount of increase in the in-chan-
nel noise. (NPR is explained in the March/
April 2015 QEX article, “Noise Power Ratio 
(NPR) Testing on HF Receivers” by Adam 
Farson, VA7OJ, and in the Analog Devices 
tutorial MT-005, “Noise Power Ratio (NPR)” 
— see the References section.

ADC OVERLOAD
When overloaded, A/D converters behave 

similarly to amplifiers driven into saturation 
or clipping. In this condition, the ADC cannot 
distinguish between an input signal exactly at 
the limits of its range and a signal that exceeds 
the input range. In fact, the ADC cannot tell 
if the input range has been slightly exceeded 
or grossly exceeded. This is an example of 
hard clipping.

Most ADCs used in receivers have an out-
put signal to indicate the input range has been 
exceeded and the converter is in overload 
or overflow/underflow mode. This normally 
activates an overflow indicator (typ. OVF) and 
can result in the receiver reducing the gain 
of an amplifier or increasing the attenuation 
of any stages ahead of the ADC. Alternately, 
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the operator can reduce gain or turn on an 
attenuator to keep the input signals within 
range of the ADC.

Overload generally occurs only when a 
strong out-of-channel signal is present. In-
channel signals stimulate AGC action which 
attenuates the signal at the ADC input. The 
usual test method is to offset the receiver from 
the test signal before increasing test signal 
level until ADC overflow occurs.

LATENCY
With respect to a single receiver, latency 

is the time interval between arrival of an 
event at the receiver’s RF input (usually 
the antenna input) and the corresponding 
output event at the receiver’s demodulated 
output. The receiver output can be either an 
audio signal or some other type of baseband 
information, such as I/Q signals. The usual 
RF test signal is a pulse-modulated or re-
petitive burst signal that occurs at a well-
defined time. A dual-channel oscilloscope 
is used to measure the time interval between 
the input and output events.

Latency changes with various detection 
and filter bandwidth settings. If the receiver 
includes a waterfall or spectrum display, 
latency can include the time to display a 
change after the input changes. A single re-
ceiver may show different latencies for au-
dio, data, and visual outputs. This definition 
applies to only one piece of equipment and 
does not include network delays for receiv-
ers that are operated over a remote-control 
link.

Latency in a receiver is caused by the 
ADC that digitizes the incoming signal, 
either at the RF input or in the IF. It is 
also caused by the DAC that converts the 
received signal back to analog form. This 
converter latency is generally consistent 
and doesn’t depend on band/mode or filter-
ing. Radio group delay is more variable, 
created by the various DSP processes in the 
receiver, such as demodulation, frequency 
shifting, and filtering. Group delay depends 
on mode and filter settings.

Whether latency is considered excessive 
depends on the mode being used. For ex-
ample, some digital modes that use ARQ 
protocols (see the Digital Protocols and 
Modes chapter) have a maximum response 
time before a data frame is assumed to have 
been lost. The resulting re-transmissions 
can slow the system or cause the link to fail 
completely. Excessive latency when moni-

toring one’s own speech signal can become 
quite confusing, as well. Hybrid receivers 
with analog front ends and DSP IF and au-
dio filtering can also exhibit excessive la-
tency if the DSP is slow or underpowered. 
Latency in analog receivers is mostly insig-
nificant.

TYPICAL PERFORMANCE
Product reviews of receivers and the re-

ceiver sections of transceivers published in 
QST now provide the measured dynamic 
range in the presence of interfering signals 
with spacings of 2, 5, and 20 kHz. (Details of 
the test procedures used are given in the Test 
Equipment and Measurements chapter and 
in the book by Allison.) At 20 kHz spacing, 
the interfering signal is usually outside of the 
roofing filter bandwidth of any of the above 
architectures. Spacing of 2 and 5 kHz repre-
sents likely conditions on a crowded band.

A caveat about transceiver testing, par-
ticularly receiver performance, is warranted. 
While the dynamic range of a receiver is 
certainly important, most modern receivers 
perform quite adequately. By managing re-
ceiver gain (RF gain, attenuation, preamp, 
or RF amplifier on or off) even a modest re-
ceiver will perform well, even under crowded 
conditions. Evaluation of a receiver should 
include a number of parameters that will af-
fect performance according to the operator’s 
personal interests. THD (distortion), audio 
hiss, filter adjustment and selection, and noise 
performance are just a few of the features 
that matter to an operator. While dynamic 
range values get a lot of attention, don’t buy 
(or replace) a receiver based on one or two 
optimized figures. Try to look at the whole 
picture and consider how you are likely to use 
the receiver first.

A look at recent top-performing receiver 
measurements by the ARRL Lab and Sher-
wood Engineering (www.sherweng.com/
table.html) indicates that receivers have IMD 
(or distortion-product) dynamic range with  
2 kHz spacing results in the following ranges:

• Direct-sampling SDR: 80 to 110 dB
• Up-converting with VHF IF: 80 to 105 dB
• Down-converting with HF IF: 75 to  

110 dB
• Hybrid superhet/DSP architecture: Omni 

VII, 82 dB (2007); Icom IC-756PRO3,  
75 dB (2009)

(Note that SDR distortion products are not 

necessarily IMD. Receiver block diagrams 
are provided in the following sections. Data is 
taken from ARRL Lab tests and the long-term 
test program conducted by Rob Sherwood, 
NCØB, at www.sherweng.com/table.html.)

As we would expect, the blocking and IMD 
dynamic range (IMD DR) performance of a 
heterodyne receiver will depend on a combi-
nation of the early-stage filtering, the linearity 
of the mixers and amplifiers, and the dynamic 
range of any ADC used for DSP at the IF or 
audio stages. 

Let’s take an example of what this would 
mean. If we are listening to a signal at S3, for 
signals to generate a third-order IMD product 
at the same level in a receiver with a dynamic 
range of 60 dB, the f0 + ∆ and f0 + 2∆ signals 
would have to have a combined power equal 
to S9 +27 dB, or each at S9 +24 dB. This is 
not unusual on today’s amateur bands. On the 
other hand, if we had an IMD dynamic range 
of 102 dB, the interfering signals would have 
to be S9 +66 dB, much less likely. How much 
dynamic range you need depends in large 
measure on the kind of operating you do, how 
much gain your receiving antennas have and 
the closeness of the nearest station that oper-
ates on the same bands as you. Given that 
transmitters generate both phase noise and 
IMD products of their own, the dynamic range 
of most receivers on the market today is quite 
adequate for even the most demanding situ-
ations. Receivers may have other performance 
issues to consider such as filter design, AGC 
reaction, audio distortion, and so forth.

Keep in mind also that it is often difficult 
to tell whether or not you are hearing internal 
receiver-generated IMD — it just sounds like 
there are many more signals than are really 
present. A good test to assess the source of 
interference is first switch off any preampli-
fiers and noise-blankers or noise-reduction 
systems that affect the receiver’s linearity. 
Observe the level of the interference (if it’s 
still there) and then switch in some attenuation 
at the front-end of the receiver. If the level of 
the interference goes down by more than the 
level of attenuation (estimate 6 dB per S unit), 
then the interference is being generated (or 
at least aggravated) by non-linearity inside 
the receiver. Continue to increase attenuation 
until the interference either goes away or goes 
down at the same rate as the attenuation is 
increased. You might be surprised at how 
much better the band “sounds” when your 
receiver is operating in its linear region!
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Figure 12.5 — Converting received 
signal frequencies using a mixer 
forms the basis of the heterodyne 
receiver.

12.2 Heterodyne Receivers
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Figure 12.6 — Elements of an analog superheterodyne radio receiver.

The heterodyne receiver combines the input 
signal with a signal from a local oscillator 
(LO) in a mixer as discussed previously to 
generate the sum and difference frequencies 
as shown in Figure 12.5. The receiver may 
be designed so the output signal is anything 
from dc (a so-called direct conversion 
receiver) to any frequency above or below 
either of the two frequencies. The major ben-
efit is that most of the gain, bandwidth setting 
and processing are performed at a single fre-
quency, simplifying the design dramatically.

By changing the frequency of the LO, the 
operator shifts a signal at the input frequency 
the output, along with all its modulated infor-
mation. In most receivers the mixer output 
frequency is designed to be an RF signal, 
either the sum or difference — the other being 
filtered out at this point. This output frequency 
is called an intermediate frequency or IF. The 
IF amplifier system can be designed to provide 
the selectivity and other desired characteris-
tics centered at a single fixed frequency.

When more than one frequency conversion 
process is used, the receiver becomes a super-
heterodyne or superhet. A block diagram of 
a typical superhet receiver is shown in Figure  
12.6. In traditional form, the RF filter is used 
to limit the input frequency range to those 
frequencies that include only the desired sum 
or difference but not the other — the so-called 
image frequency. The dotted line represents 
the fact that in receivers with a wide tuning 
range, such as a simple AM broadcast receiver 
that tunes from 500 to 1700 kHz, a more than 
3:1 range, the input RF amplifier and filter is 
often tracked along with the local oscillator. 
The IF filter is used to establish selectivity 
— the operating bandwidth required by the 
information. Circuits from the antenna input 

through and including the mixer (the first 
mixer if more than one mixing stage is used) 
are generally referred to as the receiver’s front-
end.

For reception of suppressed carrier single-
sideband voice (SSB) or on-off or frequency-
shift keyed (FSK) signals, a second beat 
frequency oscillator or BFO is employed to 
provide an audible voice, an audio tone or 
tones at the output for operator or FSK pro-
cessing. This is the same as a heterodyne mixer 
with an output centered at dc, although the IF 
filter is usually designed to remove one of the 
output products.

Recent superhet receivers convert the 
incoming signal to digital form at one of the 
intermediate frequencies. DSP techniques are 
then used to control operating bandwidth and 
demodulate the input signal. See the DSP and 
SDR Fundamentals chapter for more infor-
mation on these techniques.

12.2.1 The Direct  
Conversion Receiver

The heterodyne process can occur at a num-
ber of different points in the receiver. The 
simplest form of heterodyne receiver is called 
a direct conversion or DC receiver because it 
performs the translation directly from the 
signal frequency to the audio output. It is, in 
effect, just the BFO and detector of the general 
superhet shown in Figure 12.6. In this case, 
the detector is often preceded by an RF ampli-
fier with a typical complete receiver shown 
in Figure  12.7. Such a receiver can be very 
simple to construct, yet can be quite effective 
— especially for the ultra-compact low-power 
consumer-oriented portable station known  
as the mobile telephone! In fact, given the 
direct conversion receiver’s use in the mobile 
telephone, it is the most widely used of all 
receivers.
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Table 12.3
Typical Communications Bandwidths 
for Various Operating Modes

Mode	 Bandwidth (kHz)
FM Voice	 15
AM Broadcast	 10
AM Voice	 4-6.6
SSB Voice	 1.8-3
Digital Voice	 1.0-1.2
RTTY (170-850 Hz shift)	 0.3-1.5
CW	 0.1-0.5

Figure 12.7 — Block diagram of a direct conversion receiver.

The basic function of a mixer is to multiply 
two sinusoidal signals and generate two new 
signals with frequencies that are the sum and 
difference of the two original signals. This 
function can be performed by a linear multi-
plier, a switch that turns one input signal on 
and off at the frequency of the other input 
signal, or a nonlinear circuit such as a diode. 
(The output of a nonlinear circuit is made up 
of an infinite series of products, all different 
combinations of the two input signals, as 
described in the sidebar on Nonlinear Signal 
Combinations.) Much more information 
about the theory, operation and application 
of mixers may be found in this chapter’s sec-
tion on them.

Figure  12.8 shows the progression of the 
spectrum of an on-off keyed CW signal 
through such a receiver based on the relation-
ships described above. (This example is based 
on the “Rock-Bending Receiver for 7 MHz” 
which is included in the online projects.) In 
12.8C, we include an undesired image signal 
on the other side of the local oscillator that 
also shows up in the output of the receiver. 
Note each of the desired and undesired 
responses that occur as outputs of the mixer.

Some mixers are designed to be balanced 
in order to cancel one of the input signals at 
the output while a double-balanced mixer 
cancels both. A double-balanced mixer sim-
plifies the output filtering job as shown in 
Figure 12.8D. 

Products generated by nonlinearities in the 
mixing process (see the previous sidebar on 
Nonlinear Signal Combinations) are heard as 
intermodulation distortion signals that we will 
discuss later. Note that the nonlinearities also 
allow mixing with unwanted signals near 
multiples of local oscillator frequency. These 
signals, such as those from TV or FM broad-
cast stations, must be eliminated in the filter-
ing before the mixer since their audio output 
will be right in the desired passband on the 
output of the mixer.

2.5:1 — much easier to implement.
Note that to detect standard AM signals, 

the receiver’s second oscillator, the beat fre-
quency oscillator (BFO), is turned off since 
the AM station provides its own carrier signal 
over the air. Receivers designed only for stan-
dard AM reception generally don’t have a 
BFO at all.

It’s not clear yet that we’ve gained anything 
by doing this; so let’s look at another example. 
If we decide to change from listening to the 
station at 600 kHz and want to listen to another 
station at, say, 1560 kHz, we can tune the 
single dial of our superhet to 1560 kHz. The 
RF stage is tuned to 1560 kHz, the LO is set 
to 1560 + 455 or 2010 kHz, and now the 
desired station is translated to our 455 kHz 
IF where the bulk of our amplification can 
take place. Note also that with the superhet-
erodyne configuration, selectivity (the ability 
to separate stations) occurs primarily in the 
intermediate-frequency (IF) stages and is thus 
the same no matter what frequencies we 
choose to listen to. This simplifies the design 
of each stage considerably.

12.2.3 Superheterodyne 
Bandwidth

Now we will discuss the bandwidth require-
ments of different operating modes and how 
that affects superhet design. One advantage 
of a superhet is that the operating bandwidth 
can be established by the IF stages, and further 
limited by the audio system. It is thus inde-
pendent of the RF frequency to which the 
receiver is tuned. It should not be surprising 
that the detailed design of a superhet receiver 
is dependent on the nature of the signal being 
received. We will briefly discuss the most 
commonly received modulation types and the 
bandwidth implications of each below. The 
typical operating modes expected to be 
encountered by an HF communications 
receiver are tabulated in Table 12.3. (Each 
modulation type is discussed in more detail 
in the Modulation or Digital Protocols and 
Modes chapters.) The same concerns for 
receiver bandwidth apply to SDR receivers 
although the filters are implemented using 
DSP techniques.

12.2.2 Superheterodyne 
Receivers

In many instances, it is not possible to 
achieve all the receiver design goals with a 
single-conversion receiver and multiple con-
version steps are used, creating the superhet-
erodyne architecture. Traditionally, the first 
conversion is tasked with removing the RF 
image signals, while the second generates the 
IF signal where the signal is amplified and 
filtered.

The superheterodyne concept was intro-
duced by Major Edwin Armstrong, a US Army 
artillery officer, just as WW I was coming to 
a close. He is the same Armstrong who 
invented frequency modulation (FM) some 
years later and who held many radio patents 
between WW I and WW II. 

In a superhet, a local oscillator and mixer 
are used to translate the received signal to an 
intermediate frequency rather than directly to 
audio. This provides an opportunity for addi-
tional amplification and processing. Then a 
second mixer is used as in the DC receiver to 
detect the IF signal, translating it to audio. 
The configuration was shown previously in 
Figure 12.6. 

An example will illustrate how this works. 
Let’s pick a common IF frequency used in a 
simple AM broadcast radio, 455 kHz. If we 
want to listen to a 600 kHz broadcast station, 
the RF stage would be set to amplify the  
600 kHz signal and the LO should be set to 
600 + 455 kHz or 1055 kHz. The 600 kHz 
signal, along with any audio information it 
contains, is translated to the IF frequency and 
is amplified and then detected.

Note that we could have also set the local 
oscillator to 600 – 455 kHz or 145 kHz. By 
setting it to the sum, we reduce the relative 
range that the oscillator must tune. To cover 
the 500 to 1700 kHz with the difference, our 
LO would have to cover from 45 to 1245, a 
28:1 range. Using the sum requires LO cover-
age from 955 to 2155 kHz, a range of about 
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Figure 12.8 — Frequency relationships in a direct conversion receiver. At (A), the 
desired receive signal from antenna, a 7050 kHz on-off keyed carrier. At (B), the internal 
local oscillator (LO) and receive frequency relationships. At (C), the frequency relation-
ships of mixer/detector products (not to scale). At (D), the sum and difference outputs 
from a double balanced mixer (not to scale). Note the mixer inputs that are balanced 
out so that they cancel in the output (dashed lines).

AMPLITUDE MODULATION AM)
As shown in Figure 12.8, multiplying (in 

other words, modulating) a carrier with a 
single tone results in the tone being translated 
to frequencies of the sum and difference of 
the two. Thus, if a transmitter were to multi-
ply a 600 Hz tone and a 600 kHz carrier 
signal, we would generate additional new 
frequencies at 599.4 and 600.6 kHz. If instead 
we were to modulate the 600 kHz carrier 
signal with a band of frequencies correspond-
ing to human speech of 300 to 3300 Hz (the 
usual range of communication quality voice 
signals), we would have a pair of information-
carrying sidebands extending from 596.7 to 
603.3 kHz, as shown in Figure  12.9. 

Note that the total bandwidth of this AM 
voice signal is twice the highest modulation 
signal frequency, or 6600 Hz. If we choose  
to transmit speech and limited-range music, 
we might allow modulating frequencies up  
to 5000 Hz, resulting in a bandwidth of  
10,000 Hz or 10 kHz. This is the standard 
channel spacing that commercial AM broad-
casters use in the US. (9 kHz is used in 
Europe) In actual use, transmitters on adja-
cent channels are generally geographically 
separated, so broadcasters can extend some 
energy into the next channels for improved 
fidelity. We would refer to this as a narrow-
bandwidth mode.

What does this say about the bandwidth 
needed for our receiver? If we want to receive 
the full information content transmitted by a 
US AM broadcast station, then we need to 
set the bandwidth to at least 10 kHz. What if 
our receiver has a narrower bandwidth? Well, 
we will lose the higher frequency components 
of the transmitted signal — perhaps ending 
up with a radio suitable for voice but not very 
good at reproducing music.

On the other hand, what is the impact of 
having too wide a bandwidth in our receiver? 
In that case, we will be able to receive the 
full transmitted spectrum but we will also 
receive some of the adjacent channel informa-
tion. This will sound like interference and 
reduce the quality of what we are receiving. 
If there are no adjacent channel stations, we 
will get any additional noise from the addi-
tional bandwidth and minimal additional 
information. The general rule is that the 
received bandwidth should be matched to the 
bandwidth of the signal we are trying to 
receive to maximize SNR and minimize inter-
ference.

As the receiver bandwidth is reduced, intel-
ligibility suffers, although the SNR is 
improved. With the carrier centered in the 
receiver bandwidth, most voices are difficult 
to understand at bandwidths less than around 
4 kHz. In cases of heavy interference, full 
carrier AM can be received as if it were SSB, 
as described below, with the carrier inserted 
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Figure 12.9 — Spectrum of sidebands of 
an AM voice signal with a carrier fre-
quency of 600 kHz.

Figure 12.10 — Spectrum of single side-
band AM voice signal with the sup-
pressed carrier frequency of 600 kHz.

at the receiver, and the receiver tuned to 
whichever sideband has the least interference.

SINGLE-SIDEBAND (SSB)
A single-sideband signal is contains just 

one of the AM signal’s sideband and no car-
rier, as shown in Figure  12.10. To receive 
the SSB signal, the receiver uses a BFO (beat 
frequency oscillator) in the receiver to provide 
a substitute carrier. The BFO oscillator signal 
is multiplied with the sideband in order to 
provide demodulated audio output. The impli-
cations in the receiver are that the bandwidth 
can be slightly less than half that required for 
double sideband AM (DSB). The tradeoff is 
that the BFO signal must be at exactly the 
right frequency. If the frequency is improperly 
set, the frequency of the demodulated audio 
will be offset from the original signal. The 
effect is quite audible even for small frequency 
errors of a few tens of Hz. (The QST article 
“About SSB” by the editor illustrates this 
effect, including a video on tuning in an SSB 
signal — see the References section.)

This results in a requirement for a much 
more stable receiver design with a much finer 
tuning system — a more expensive proposi-
tion than the DC receiver. An alternate is to 
transmit a reduced level carrier and have the 
receiver lock on to the weak carrier, usually 
called a pilot carrier. Note that the pilot carrier 
need not be of sufficient amplitude to demod-
ulate the signal, just enough to allow a BFO 
to lock to it. These alternatives are effective, 
but tend to make SSB receivers expensive, 
complex and most appropriate for the case in 
where a small number of receivers are listen-
ing to a single transmitter, as is the case of 
two-way amateur communication.

Note that the bandwidth required to effec-
tively demodulate an SSB signal is actually 
less than half that required for the AM signal 
because the range centered on the AM carrier 
need not be received. Thus the communica-
tions-quality range of 300 to 3300 Hz can be 
received in a bandwidth of 3000 not 3300 Hz. 
Early SSB receivers typically used a band-
width of around 3 kHz, but with the heavy 

interference frequently found in the amateur 
bands, it is more common for amateurs to use 
bandwidths of 1.8 to 2.4 kHz with the cor-
responding loss of some of the higher- and 
lower-frequency speech sounds.

RADIOTELEGRAPHY (CW)
We have described radiotelegraphy as 

being transmitted by “on-off keying of a car-
rier.” You might think that since a carrier takes 
up just a single frequency, the receive band-
width needed should be almost zero. This is 
only true if the carrier is never turned on and 
off. In the case of CW, it will be turned on 
and off quite rapidly. The rise and fall of the 
carrier results in sidebands extending on either 
side of the carrier, and they must be received 
in order to reconstruct the signal in the 
receiver.

A rule of thumb is to consider the rise and 
fall time as about 10% of the pulse width and 
the bandwidth as the reciprocal of the quickest 
of rise or fall time. This results in a bandwidth 
requirement of about 50 to 200 Hz for the 
usual CW transmission rates. Another way to 
visualize this is with the bandwidth being set 
by a high-Q tuned circuit. Such a circuit will 
continue to “ring” after the input pulse is gone. 
Thus, too narrow a bandwidth will actually 
“fill in” between the code elements and act 
like a “no bandwidth” full period carrier and 
this is exactly what is heard if a very narrow 
crystal filter is used when receiving CW.

DIGITAL MODULATION
(This is a short overview to establish 

receiver requirements for the digital modes. 
See the Modulation and Digital Protocols 
and Modes chapters and the Digital Com-
munications chapter in the Handbook’s  
online content for more in-depth treatment.)

The Baudot code (used for teletype com-
munications) and ASCII code — two popular 
digital communications codes used by ama-
teurs — are constructed with sequences of 
elements or bits. The state of each bit — ON 
or OFF — is represented by a signal at one of 
two distinct frequencies: one designated mark 

and one designated space. This is referred to 
as frequency shift keying (FSK). The transmit-
ter frequency shifts back and forth with each 
character’s individual elements.

Amateur operators typically use a 170 Hz 
separation between the mark and space fre-
quencies for the most popular FSK mode, 
radioteletype or RTTY, depending on the  
data rate and local convention, although  
850 Hz is sometimes used. The minimum 
bandwidth required to recover the data is 
approximately twice the spacing between  
the tones. Note that the tones can be gener-
ated by directly shifting the carrier frequency 
(direct FSK), or by using a pair of 170 Hz 
spaced audio tones applied to the audio input 
of an SSB transmitter (audio FSK or AFSK). 
Direct FSK and AFSK are indistinguishable 
to a receiver.

Note that if the standard audio tones of 
2125 Hz (mark) and 2295 Hz (space) are 
used, they fall within the bandwidth of a voice 
channel and thus a voice transmitter and 
receiver can be employed without any addi-
tional processing needed outside the radio 
equipment.

If the receiver can shift its BFO frequency 
appropriately, the two tones can be received 
through a filter designed for CW reception 
with a bandwidth of about 300 Hz or wider. 
Some receivers provide such a narrow filter 
with the center frequency shifted midway 
between the tones (2210 Hz) to avoid the need 
for retuning. The most advanced receivers 
provide a separate filter for mark and space 
frequencies, thus maximizing interference 
rejection and signal-to-noise ratio (SNR). 
Using a pair of tones for FSK or AFSK results 
in a maximum data rate of about 1200 bit/s 
over a high-quality voice channel.

Phase shift keying (PSK) can also be used 
to transmit bit sequences, requiring good fre-
quency stability to maintain the required time 
synchronization to detect shifts in phase. If 
the channel has a high SNR, as is often the 
case at VHF and higher, telephone network 
data-modem techniques such as Bell 102 and 
Bell 202 can be used. (FCC §97.307(f) spec-
ifies a maximum transmitted symbol rate for 
each band.)

At HF, the signal is subjected to phase and 
amplitude distortion as it travels. Noise is also 
substantially higher on the HF bands. Under 
these conditions, modulation and demodula-
tion techniques designed for “wireline” con-
nections become unusable at bit rates of more 
than a few hundred baud. As a result, amateurs 
have begun adopting and developing state of 
the art digital modulation techniques. These 
include the use of multiple carriers (MFSK, 
Clover, PACTOR III, etc.), multiple ampli-
tudes and phase shifts (QAM and QPSK tech-
niques), and advanced error detection and 
correction methods to achieve a net data 
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Figure 12.11 — Block diagram of an FM superheterodyne receiver. Changes from an AM/SSB receiver are enclosed by the 
dashed line.

throughput as high as 3600 bits per second 
(bps) over a voice-bandwidth channel. Newly 
developed coding methods for digital voice 
using QPSK modulation result in a signal 
bandwidth of less than 1200 Hz. (See freedv.
org for more information.) Spread-spectrum 
techniques are also being adopted on the ama-
teur UHF bands, but are beyond the scope of 
this discussion.

The bandwidth required for data commu-
nications can be as low as 100 Hz for PSK31 
to 1 kHz or more for the faster speeds of 
PACTOR III and Clover. Beyond having suf-
ficient bandwidth for the data signal, the 
primary requirements for receivers used for 
data communications are linear amplitude 
and phase response over the bandwidth of the 
data signal to avoid distorting these critical 
signal characteristics. The receiver must also 
have excellent frequency stability to avoid 
drift and frequency resolution to enable the 
receiver filters to be set on frequency.

FREQUENCY MODULATION (FM)
Another popular voice mode is frequency 

modulation or FM. FM can be found in a 
number of variations depending on purpose. 
In Amateur Radio and commercial mobile 
communication use on the shortwave bands, 
it is universally narrow band FM or NBFM. 
In NBFM, the frequency deviation is limited 
to around the maximum modulating fre-
quency, typically 3 kHz. The bandwidth 
requirements at the receiver can be approxi-
mated by Carson’s Rule of BW = 2 ×  
(D + M), where D is the deviation and M is 
the maximum modulating frequency. Thus  
3 kHz deviation and a maximum voice fre-
quency of 3 kHz results in a bandwidth of 12 
kHz, not far beyond the requirements for 
broadcast AM. (Additional signal compo-
nents extend beyond this bandwidth, but are 
not required for voice communications.)

In contrast, broadcast or wideband FM or 
WBFM occupies a channel width of 150 kHz. 
Originally, this provided for a higher modula-

tion index, even with 15 kHz audio that 
resulted in an improved SNR. However, with 
multiple channel stereo and sub-channels all 
in the same allocated bandwidth the deviation 
is around the maximum transmitted signal 
bandwidth.

In the US, FCC amateur rules limit wide-
band FM use to frequencies above 29 MHz. 
Some, but not all, HF communication receiv-
ers provide for FM reception. For proper FM 
reception, two changes are required in the 
receiver architecture as shown within the 
dashed line in Figure  12.11. The fundamen-
tal change is that the detector must recover 
information from the frequency variations of 
the input signal. The most common such 
detector is called a discriminator. The dis-
criminator does not require a BFO, so that is 
turned off, or eliminated in a dedicated FM 
receiver. Since amplitude variations convey 
no information in FM, they are generally 
eliminated by a limiter. The limiter is a high-
gain IF amplifier stage that clips the positive 
and negative peaks of signals above a certain 
threshold. Since most noise of natural origins 
is amplitude modulated, the limiting process 
also strips away noise from the signal.

12.2.4 Superheterodyne  
FM Receivers

Narrow-band frequency modulation 
(NBFM) is the most common mode used on 
VHF and UHF. Figure  12.12 is a block dia-
gram of an FM receiver for the VHF/UHF 
amateur bands. Many FM transmitters are 
actually phase-modulated (PM) but aside 
from frequency response of the transmitted 
audio, the two types of signals can be received 
with the same equipment. This section’s ref-
erences to FM include PM signals unless 
noted otherwise.

FRONT END
A low-noise front end is desirable because 

of the decreasing atmospheric noise level at 

these frequencies and also because portable 
gear often uses short rod antennas at ground 
level. Nonetheless, the possibilities for gain 
compression and harmonic IMD, multi-tone 
IMD and cross modulation are also substan-
tial. Therefore dynamic range is an important 
design consideration, especially if large, high-
gain antennas are used. FM limiting should 
not occur until after the crystal filter. Because 
of the high occupancy of the VHF/UHF spec-
trum by powerful broadcast transmitters and 
nearby two-way radio services, front-end 
preselection is desirable, so that a low noise 
figure can be achieved economically within 
the amateur band. (See the section on 
Preselectors elsewhere in this chapter.)

DOWN-CONVERSION
Down-conversion to the final IF can occur 

in one or two stages. Favorite IFs are in the 5 
to 10 MHz region (10.7 MHz is common), 
but at the higher frequencies rejection of the 
image 10 to 20 MHz away can be difficult, 
requiring considerable preselection as dis-
cussed in the sections below on IF selection 
and image rejection. At the higher frequencies 
an intermediate IF in the 30 to 50 MHz region 
is a better choice. Figure 12.12 shows dual 
down-conversion.

IF FILTERS
The customary peak frequency deviation 

in amateur FM on frequencies above 29 MHz 
is about 5 kHz and the audio speech band 
extends to 3 kHz. This defines a maximum 
modulation index (defined as the deviation 
ratio) of 5/3 = 1.67. An inspection of the Bessel 
functions that describe the resulting FM sig-
nal shows that this condition confines most 
of the 300 to 3000 Hz speech information 
sidebands within a 15 kHz or so bandwidth. 
Using filters of this bandwidth, channel sep-
arations of 20 or 25 kHz are achievable.

 Many amateur FM transceivers are chan-
nelized in steps that can vary from 1 to  
25 kHz. For low distortion of the audio output 
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(after FM detection), this filter should have 
good phase linearity across the bandwidth. 
This would seem to preclude filters with very 
steep descent outside the passband, which 
tend to have very nonlinear phase near the 
band edges. But since the amount of energy 
in the higher speech frequencies is naturally 
less, the actual distortion due to this effect 
may be acceptable for speech purposes. The 
normal practice is to apply pre-emphasis to 
the higher speech frequencies at the transmit-
ter and de-emphasis compensates at the 
receiver.

LIMITING AND DEMODULATION
After the filter, hard limiting of the IF is 

needed to remove any amplitude modulation 
components. In a high-quality receiver, spe-
cial attention is given to any nonlinear phase 
shift that might result from the limiter circuit 
design. This is especially important in data 
receivers in which phase response must be 
controlled. In amateur receivers for speech it 
may be less important. Also, the ratio detec-
tor largely eliminates the need for a limiter 
stage, although the limiter approach is prob-
ably still preferred. FM demodulation is 
described in the section on Demodulation and 
Detection.

FM PERFORMANCE FOR  
WEAK SIGNALS

The noise bandwidth of the IF filter is not 
much greater than twice the audio bandwidth 
of the speech modulation, less than it would 
be in wideband FM. Therefore such things as 
capture effect, the threshold effect and the 
noise quieting effect so familiar to wideband 
FM are still operational, but somewhat less 
so, in FM. For FM receivers, sensitivity is 
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Figure 12.12 — Block diagram of a typical VHF FM receiver using dual down-conversion.

specified in terms of a SINAD (see the Test 
Equipment and Measurements chapter) 
ratio of 12 dB. Typical values are –110 to 
–125 dBm, depending on the low-noise RF 
pre-amplification that often can be selected 
or deselected (in strong signal environments).

EFFECT OF LO PHASE NOISE
In an FM receiver, LO phase noise is super-

imposed on phase modulation, and therefore 
creates frequency modulation of the desired 
signal. This reduces the ultimate signal-to-
noise ratio within the passband. This effect is 
called incidental FM (IFM). The power den-
sity of IFM (W/Hz) is proportional to the 
phase noise power density (W/Hz) multiplied 
by the square of the modulating frequency 
(the familiar parabolic effect in FM). If the 
receiver uses high-frequency de-emphasis at 
the audio output (–6 dB per octave from 300 
to 3000 Hz, a common practice), the IFM 
level at higher audio frequencies can be 
reduced. Ordinarily, as the signal increases 
the noise would be “quieted” (that is, “cap-
tured”) in an FM receiver, but in this case the 
signal and the phase noise riding “piggy back” 
on the signal increase in the same proportion 
as described in this and the Oscillators and 
Synthesizers chapter’s discussion of recipro-
cal mixing. IFM is not a significant problem 
in modern FM radios, but phase noise can 
become a concern for adjacent-channel inter-
ference.

As the signal becomes large the signal-to-
noise ratio therefore approaches some final 
value. A similar ultimate SNR effect occurs 
in SSB receivers. On the other hand, a perfect 
AM receiver tends to suppress LO phase 
noise. (See the reference entry for Sabin.)

FM RECEIVER ICs
A wide variety of special ICs for commu-

nications-bandwidth FM receivers are avail-
able. Many of these were designed for 
“cordless” or mobile telephone applications 
and are widely used. One is an RF amplifier 
chip (NE/SA5204A) for 50 Ω input to 50 Ω 
output with 20 dB of gain. The second chip 
(NE/SA602A) is a front-end device with an 
RF amplifier, mixer and LO. The third is an 
IF amplifier, limiter and quadrature FM detec-
tor (NE/SA604A) that also has a very useful 
RSSI (logarithmic Received Signal Strength 
Indicator) output and also a “mute” function. 
The fourth is the LM386, a widely used audio-
amplifier chip. Another FM receiver chip, 
complete in one package, is the MC3371P.

The MC13135 features double conversion 
and two IF amplifier frequencies. This allows 
more gain on a single chip with less of the 
cross coupling that can degrade stability. This 
desirable feature of multiple down-conversion 
was mentioned previously in this chapter.

Design details and specific parts values can 
be learned from a careful study of the data 
sheets and application notes provided by the 
IC vendors. Amateur designers should learn 
how to use these data sheets and other infor-
mation such as application notes available 
online from the manufacturers.

12.2.5 Superheterodyne 
Image Rejection

Now that we have established the range of 
bandwidths that our receiver will need to pass, 
we are in a position to discuss the selection 
of the IF frequency at which those bandwidths 
will be established. 

In addition, selection of the first and any 
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Figure 12.13 — The IF section of a superhet using crystal filters to establish receiver bandwidth.

following IF frequencies is important in 
receiving weak signals on bands where strong 
signals are present. If the desired signal is 
near the noise, a signal at an image frequency 
could easily be 100 dB stronger, and thus to 
avoid interference, an image rejection of 110 
dB would be needed. While some receivers 
meet that target, the receiver sections of most 
current amateur transceivers are in the 70 to 
100 dB range.

IF IMAGE RESPONSE
As noted earlier, a superhet with a single 

local oscillator or LO and specified IF can 
receive two frequencies, selected by the tun-
ing of the RF stage. For example, using a 
receiver with an IF of 455 kHz to listen to a 
desired signal at 7000 kHz can use an LO of 
7455 kHz. However, the receiver will also 
receive a signal at 455 kHz above the LO 
frequency, or 7910 kHz. This undesired signal 
frequency, located at twice the IF frequency 
from the desired signal, is called an image.

Images will be separated from the desired 
frequency by twice the IF and the filter ahead 
of the associated mixer must reduce the image 
signal by the amount of the required image 
rejection. For a given IF, this gets more dif-
ficult as the received frequency is increased. 
For example, with a 455 kHz single conver-
sion system tuned to 1 MHz, the image will 
be at 1.91 MHz, almost a 2:1 frequency ratio 
and relatively easy to reject with a filter. The 
same receiver tuned to 30 MHz, would have 
an image at 30.91 MHz, a much more difficult 
filtering problem

While an image that falls on an occupied 
channel is obviously a problem — it’s rarely 
desirable to receive two signals at the same 

time — problems occur even if the image 
frequency is clear of signals. This is because 
the atmospheric noise in the image bandwidth 
is added to the noise of the desired channel, 
as well as any internally-generated noise in 
the RF amplifier stage. If the image response 
is at the same level as the desired signal 
response, there will be a 3 dB reduction in 
SNR.

REDUCING IMAGES  
BY INCREASING IF 

An obvious solution to the RF image 
response is to raise the IF frequency high 
enough so that signals at twice the IF fre-
quency from the desired signal are sufficiently 
attenuated by filters ahead of the mixer. This 
can easily be done with IF stages operating 
at 5 to 10% of the highest receiving frequency 
(1.5 to 3 MHz for a receiver that covers the 
3-30 MHz HF band). The concept is used at 
higher frequencies as well. The FM broad-cast 
band (150 kHz wide channels over 87.9 to 
108 MHz in the US) is generally received on 
superhet receivers with an IF of 10.7 MHz, 
which places all image frequencies outside 
the FM band, eliminating interference from 
other FM stations.

The use of higher-frequency tuned circuits 
for IF selectivity works well for the 150 kHz 
wide FM broadcast channels, but not so well 
for the relatively narrow channels encoun-
tered on HF or lower, or even for many  
V/UHF narrowband services. Fortunately, 
there are three solutions that were commonly 
used to resolve this problem.

The first, double conversion, converted the 
desired signal to a relatively high IF followed 
by a second conversion to a lower IF to set 

the selectivity. This was a popular technique 
in the 1950s. Improvements on the double 
conversion technique led to triple conversion 
with a very low, highly selective third IF. The 
Collins system of moving a single-range VFO 
to the second mixer and using switchable 
crystal oscillators for the first mixer also 
became popular. The pre-mixed arrangement, 
a third approach to double conversion was a 
combination of the two, used a single variable 
oscillator range, as with the Collins, but mixes 
the VFO and LO before applying them to the 
first mixer – outside of the signal path. 

These methods are obsolete for current 
receivers but are commonly encountered in 
vintage equipment. They are discussed in 
previous editions of the Handbook.

HIGH-FREQUENCY  
CRYSTAL LATTICE FILTERS

Commercial quartz-crystal filters with 
bandwidths appropriate for CW and SSB 
became available in the 1970s with center 
frequencies into the 10 MHz range. This 
allowed a single-conversion receiver (see 
Figure 12.2) with an IF in the HF range to 
provide both high image rejection and needed 
channel selectivity. This single-conversion 
architecture remains popular among designers 
of portable and low-power equipment. Crystal 
filter design is discussed in the Analog and 
Digital Filtering chapter as well as in the 
online content.

As an example Figure  12.13 shows the IF 
section of a single-conversion superhet using 
simple filters centered 1500 kHz. While the 
filters shown are actually buildable by ama-
teurs at low cost, multiple-section filters  
with much better performance can be pur-
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Figure 12.15 — Block diagram of a typical upconverting receiver using DSP for the 3rd 
IF filter which sets operating bandwidth. Hybrid heterodyne/SDR receivers applying 
DSP filters at IF frequencies are common.

Figure 12.14 — ARRL Lab measured 
response of an aftermarket 2400 Hz DSP 
bandpass filter.

chased or constructed. Other IF frequencies 
can be used, depending on crystal or filter 
availability.

The circuit shown demonstrates the con-
cepts involved and can be reproduced at low 
cost. Remaining receiver functional blocks 
such as the AGC circuitry, detectors and BFO, 
and audio amplifiers and filters can be found 
elsewhere in the book.

DSP IF FILTERS
Digital signal processing provides a level 

of filter performance not practical with other 
technologies. (See the Analog and Digital 
Filtering chapter) While much better than 
most low frequency IF LC bandwidth filters, 
the very good crystal or mechanical band-
width filters in amateur gear are not very close 
to the rectangular shaped frequency response 
of an ideal filter, but rather have skirts with a 
6 to 60 dB response of perhaps 1.4 to 1. That 
means if we select an SSB filter with a nom-
inal (6 dB) bandwidth of 2400 Hz, the width 
at 60 dB down will typically be 2400 × 1.4 
or 3360 Hz. Thus a signal in the next channel 
that is 60 dB stronger than the signal we are 
trying to copy (as often happens) will have 
energy just as strong as our desired signal.

DSP filtering approaches the ideal response. 
Figure  12.14 shows the ARRL Lab measured 
response of a DSP bandwidth filter with a 6 
dB bandwidth of 2400 Hz. Note how rapidly 
the skirts drop to the noise level. In addition, 
while analog filtering generally requires a 
separate filter assembly for each desired band-
width, DSP filtering is adjustable — often in 
steps as narrow as 50 Hz — in both bandwidth 
and center frequency. In addition to band-
width filtering, the same DSP can often pro-
vide digital noise reduction and digital notch 
filtering to remove interference from fixed 
frequency carriers.

UP-CONVERSION AND  
DOWN-CONVERSION

Current crystal filter technology allows 
down-conversion HF receivers to use an IF in 
the 4-10 MHz range. With a 10 MHz IF and 
an LO above the signal frequency, a  
30 MHz signal would have an image at 50 
MHz. This makes image-rejection filtering 
relatively straightforward, although many 
receiver IF frequencies tend to be at the lower 
end of the above range. Still, as will be dis-
cussed in the next section, they have other 
advantages.

Many current HF receivers (or receiver sec-
tions of transceivers) have elected to employ 
an up-conversion architecture. They typically 
have an IF in the VHF range, perhaps 60 to 
70 MHz, making HF image rejection easy. A 
30 MHz signal with a 60 MHz IF will have 
an image at 150 MHz. Not only is it five times 
the signal frequency, but signals in this range 

(other than perhaps the occasional taxicab) 
tend to be weaker than some undesired HF 
signals. Receivers with this architecture have 
image responses at the upper end of the above 
range, often with the image rejected by a 
relatively simple low-pass filter with a cut off 
at the top of the receiver range.

Another advantage of this architecture 
is that the local oscillator can cover a wide 
continuous range, making it convenient for 
a general coverage receiver. For example, 
with a 60 MHz IF, a receiver designed for 
LF through HF would need an LO covering  
60.03 to 90 MHz, a 1.5 to 1 range, easily 
provided by a number of synthesizer tech-
nologies, as described in the Oscillators 
and Synthesizers chapter. The article “A 
High Performance 45 MHz IF Amplifier”  
by Colin Horrabin, G3SBI, has been includ-
ed in the online content as an example of 
circuits suitable for up-conversion receivers.

The typical up-converting receiver uses 
multiple conversions to move signals to fre-
quencies at which operating bandwidth can 
be established. While crystal filters in the VHF 
range used by receivers with upconverting IFs 
have become available with bandwidths as 
narrow as around 3 kHz, they do not yet 
achieve the shape factor of similar bandwidth 
filters at MF and HF. Thus, these are com-
monly used as roofing filters, discussed in the 
following section on Superhet Design for 

Dynamic Range. They are inserted in the IF 
chain, prior to a conversion to one or more 
lower IF frequencies at which the operating 
bandwidth is established. Figure  12.15 is a 
block diagram of a typical upconverting 
receiver using DSP for setting the operating 
bandwidth.

THE IMAGE-REJECTING MIXER
Another technique for reduction of image 

response in receivers is not as commonly 
encountered in HF receivers as the preceding 
designs, but it deserves mention because it 
has some very significant applications. The 
image-rejecting mixer requires phase-shift 
networks, as shown in Figure  12.16. 
Frequency F1 represents the input frequency 
while F2 is that of the local oscillator. Note 
that the two 90° phase shifts are applied at 
different frequencies. The phase shift network 
following Mixer 1 is at a fixed center fre-
quency corresponding to the IF, while the 
phase shift network at F2 must provide the 
required phase shift as the local oscillator 
tunes across the band. 

If the local oscillator is required to tune 
over a limited fractional frequency range, this 
is a very feasible approach. On the other hand, 
maintaining a 90° phase shift over a wide 
range can be tricky. The good news is that this 
approach provides image reduction that is 
independent of, and in addition to, any other 
mechanisms such as filters that are employed 
toward that end.

Additionally, with the ability of DSP com-
ponents to operate at higher and higher fre-
quencies, the necessary operations seen in 
Figure 12.16 can be performed in software 
which does not depend on precision hardware 
design to maintain nearly exact phase relation-
ships.

The image-rejecting mixing process has 
several attractive features:

• It is the only way to provide “single signal” 
reception with a direct conversion receiver, 
effectively reducing the audio image. This can 
make the DC receiver a very good performer, 
although the added complexity is not always 
warranted in typical amateur DC applica-
tions.
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Figure 12.16 — Image rejecting mixer, block diagram, and signal relationships.

• This option is frequently found in micro-
wave receivers in which sufficiently selective 
RF filtering can be difficult to obtain. Since 
they often operate on fixed frequencies, main-
taining the required phase shift can be straight-
forward.

• It is found in advanced receivers that are 
trying to achieve optimum performance. Even 
with a high first IF frequency, additional 
image rejection can be provided.

• In transmitters, the same system is called 
the phasing method of SSB generation. The 
same blocks run “backwards” — one of the 
phase shift networks can be applied to the 
speech band and used to cancel one sideband. 
This is discussed in the Transmitting chapter.

12.2.6 Preselectors
Placing a filter at the receiver’s antenna 

input, called a preselector, is a technique that 
improves both image rejection and overload 
from out-of-band signals. You can see such a 
filter at the front-end of several of the receiver 
block diagrams in this chapter. Preselection 
to avoid overload is often required with the 
inexpensive USB “dongle” style SDR receiv-
ers that are designed for DTV reception and 
not for strong-signal performance.

There are three types of preselectors:
• Manually-tuned — a tuned circuit or 

tuned input transformer that is adjusted by the 
operator for maximum signal level. The tuned 
circuit usually has several ranges that are 
selected by the receiver band switch. These 
were once common, especially on general-
coverage receivers. Preselectors were also 
very popular in European equipment where 
extremely strong signals from high-power 
shortwave broadcast (SWBC) stations often 
caused receiver overload unless attenuated 
with a filter.

• Switched band-pass — a bank of band-
pass filters selected by the band switch or 
under control of the receiver’s controlling 
microprocessor. Most of the top-performing 
receivers feature switched band-pass prese-
lectors that do not require manual adjustment.

• Tracking — a continuously-variable 
tuned circuit or band-pass filter that is con-
trolled by software to have peak response at 
the frequency of operation. This feature is 
relatively expensive to implement so it is only 
available on high-end receivers.

The online content includes a pair of pre-
selector designs. The manual general-cover-
age preselector from Ham Radio magazine is 
by George Hirshfield, W5OZF. It covers from 
0.5 to 30 MHz with a tuning capacitor aug-
mented by fixed capacitors and tapped 
inductors. A software-controlled switched 
band-pass preselector covering 1.8 to 30 MHz 
from QEX is included as a project. Designed 
by Juan Onate, MØWWA and Xavier de 
Fortuny, the preselector includes a number of 

auxiliary features (input protection, attenua-
tors, LNA, and so on) and is controlled by a 
PIC microcontroller. All software is available 
from the ARRL as described in the article.

12.2.7 Superhet Design  
for Dynamic Range

In the past, the receivers with the best close-
in third order intermodulation distortion and 
maximum blocking dynamic range were 
amateur-band-only receivers, such as the pri-
mary receiver in the TEN-TEC Orion and 
Omni series, and the receivers in the Elecraft 
K2 and K3. A look at a typical block diagram, 
as shown in Figure  12.17, makes it easy to 
see why. The problems resulting from strong 
unwanted signals near a desired one are min-
imized if the unwanted signals are kept out 
of the places in the receiver where they can 
be amplified even more and cause the nonlin-
ear effects that we try to avoid.

Note that in Figure 12.17, the only place 
where the desired and undesired signals all 
coexist is before the first mixer. If the first 
mixer and any RF preamp stages have suffi-
cient strong-signal handling capability, the 
undesired signals will be eliminated in the 
filter immediately behind the first mixer. This 

HF crystal filter is generally switchable to 
support desired bandwidths as narrow as  
200 Hz. The later amplifier, mixer and DSP 
circuits only have to deal with the signal we 
want. For additional discussion of these 
issues, see the reference entry for Hallas’ 
Product Review of the FT-1000MP.

Careful attention to gain distribution among 
the stages between the filters maintains de-
sired sensitivity, but not so high that the 
undesired products have a chance to become 
a serious problem. With bandwidths of 20, 6 
and 2.5 kHz supplied, and 500 and 300 Hz as 
accessories, the undesired close-in signals are 
eliminated before they have an opportunity to 
cause serious trouble in the DSP stages that 
follow.

Another variation is found in the Kenwood 
TS-590S and SG models which switch 
between down-conversion on the more 
crowded “contest bands” (160, 80, 40, 20 and 
15 meters) and up-conversion on the remain-
ing bands. In effect, this trades sensitivity for 
dynamic range. 

ROOFING FILTERS
Now look at a typical modern general-

coverage receiver as shown previously in 
Figure 12.15. In this arrangement, a single 

Figure 12.17 — Block diagram of a down-converting amateur band receiver with roof-
ing filters and operating bandwidth filter to improve performance in the presence of 
strong in-band signals. 
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Sampling Rates
Digital audio equipment, that is audio equipment that uses digital sampling at 

some point in the device, has been around since the 1970s. There are two primary 
fundamental sampling rates that are used in all digital audio equipment: 44.1 ksps 
and 48 ksps. From these two rates, all other rates are derived by using factors of 
these two numbers. In amateur radio, the latter number, 48 kHz, is most often used 
and is why all our signal chains typically operate at a multiple or sub-multiple of these 
numbers. The most common processing speeds are 24 ksps, 36 ksps, 48 ksps, 96 
ksps and 192 ksps. 48 ksps is by far the most common, but it varies by the manufac-
turer and radio design.

digital synthesizer, perhaps covering from 70 
to 100 MHz, shifts the incoming signal(s) to 
a VHF IF, often near 70 MHz. A roofing fil-
ter at 70 MHz follows the first mixer. The 
name “roofing filter” comes from the filter’s 
wide bandwidth extending over the narrower 
operating bandwidth filter like a house’s roof. 
This arrangement offers simplified local 
oscillator (LO) design and the possibility of 
excellent image rejection. Unfortunately, 
crystal filter technology has only recently 
been able to produce narrow filters for  
70 MHz, and so far they have much wider 

skirts than the crystal filters used in Figure 
12.17. As technology is rapidly shifting to 
SDR designs, the current models are likely 
exhibiting the peak performance level for 
upconverting receivers.

Many receivers and transceivers set the 
roofing filter bandwidth wider than any oper-
ating bandwidth and use DSP filtering much 
later in the signal chain to set the final oper-
ating bandwidth. For a receiver that will 
receive FM and AM, as well as SSB and CW, 
that usually means a roofing filter with a 
bandwidth of around 20 kHz. With this 

arrangement, all signals in that 20 kHz band-
width pass all the way through IF amplifiers 
and mixers and into the A/D converter before 
we attempt to eliminate them using DSP fil-
ters. By that time they have had an opportu-
nity to generate intermodulation products and 
cause the blocking and IMD problems that 
we are trying to eliminate. However, top of 
the line heterodyne radios feature both gen-
eral coverage at HF and VHF roofing filters, 
such as the Icom IC-7851 and Yaesu 
FTDX9000 transceivers. 

12.3 SDR Receivers

The SDR was introduced in the DSP and 
SDR Fundamentals chapter. Repeated here 
are the sections of that chapter describing 
SDR architecture and performance issues. 
This section presents and compares several 
block-diagram-level concepts for software-
defined radio. For the basic elements of SDR 
and DSP, see the chapter referenced above.

12.3.1 Digitizing at IF
The first generation of radios to make use 

of DSP techniques at RF performed the ana-
log-digital conversion on an IF signal. Figure  
12.18 shows such a design. In such a receiver, 
placing the A/D converter after a crystal IF 
filter improves the blocking dynamic range 
(BDR) for interfering signals that fall outside 
the crystal filter bandwidth. As shown, the 
down-conversion to I/Q format still uses 
lower-speed A/D converters, but often the 
signal is actually at a low IF, say, 15 kHz or 
so. This allows an SSB-bandwidth signal to 
be contained within the 20 kHz bandwidth of 
a typical audio codec and avoids errors due 
to dc offsets in the signal path. With careful 
design, a receiver with such an architecture 
can achieve 140 dB or more of BDR (if there 
are no other limiting factors such as LO phase 
noise). The third-order dynamic range is 
similar to that achieved with a conventional 
analog architecture since the circuitry up to 

the crystal filter, including amplifiers and 
mixer(s) is the same.

Another advantage of the IF-based approach 
compared to directly sampling the RF fre-
quency is that the ADC does not have to run 
at such a high sample rate. In fact, because the 
crystal filter acts as a high-performance, nar-
row-bandwidth anti-aliasing filter, undersam-
pling is possible if the A/D converter has 
sufficient sampling bandwidth (ADCs intended 
for audio applications generally do not). With 
bandwidths of a few kHz or less, sample rates 
in the tens of kHz can be used even though the 
center frequency of the IF signal is much 
higher, so long as the ADC’s sample-and-hold 
circuit has sufficient bandwidth. 

12.3.2 Direct RF Digitizing
The ultimate SDR architecture is to convert 

between the analog and digital domains right 
at the frequency to be transmitted or received, 
or convert a wide range of frequencies and do 
all filtering in the digital domain. The receive 
path of such a design is shown in Figure  
12.19. In this receiver, the only remaining 
analog components in the signal chain are a 
wide-band anti-aliasing filter and an amplifier 
to improve the noise figure of the ADC if 
necessary. A preselector stage may be used 
to prevent overload from strong signals far 
from the selected frequency or frequency 
band. The local oscillator, mixer, IF filters, 
AGC, demodulators and other circuitry are 
all replaced by digital hardware and software. 
The digital/software implementations of these 
functions are perfectly stable with time, tem-
perature, and need no adjustments. 

It has only been recently that low-cost high-



Receiving    12.21

Hbk0887

RF
Amp

DSP or PC

BPF

ADC

fS

DSP
(typ FPGA)

Figure 12.19 — Direct RF-sampling DSP SDR receiver architecture.
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Figure 12.18 — Hybrid superhet/DSP SDR receiver architecture.

speed ADCs have become available with 
specifications good enough to allow reason-
able performance in an RF-sampling com-
munications receiver. Today it is possible to 
achieve blocking dynamic range of  
130 dB. That is not quite as good as the best 
analog or hybrid radios, but with every new 
generation of A/D converter that becomes 
available for use in SDR, the performance gap 
becomes narrower.

It is worth noting here that while huge BDR 
numbers can be measured in the laboratory, 
the performance achieved in a real-world 
environment with a receiver connected to an 
antenna is quite different. Often local noise 
sources raise the noise floor such that the 
receiver’s full BDR cannot be utilized and 
other specifications become more important. 
In many of these specifications (dynamic 
range for close-spaced signals, etc.), RF- 
sampling SDRs can provide performance 
comparable or superior to conventional all-
analog and IF-sampling receivers.

Third-order dynamic range (3IMD_DR) is 
not a meaningful specification for this type 
of radio because it is based on the behavior 
of analog circuits. In addition, calculation of 
IP3 assumes that distortion products increase 
3 dB for each 1 dB increase in signal level, 
which is not always true for an ADC. The 
level of the distortion products in an ADC 
tends to be more-or-less independent of signal 
level until the signal peak exceeds the ADC’s 
full scale input, at which point the distortion 
increases dramatically. It is important to read 
the data sheet carefully and note the test con-
ditions for the distortion measurements.

There are definite advantages to sampling 
at RF. For one thing, it saves a lot of analog 
circuitry. Even though a high-speed ADC is 
more expensive than an audio converter, the 
radio may be end up being cheaper to build 
because of the reduced component count and 
fewer adjustments. Performance is improved 
in some areas. For example, image rejection 

Figure 12.20 — The baseband spectrum of an analog signal before sampling is given at 
A, showing both positive and negative frequencies. Part B shows the spectrum of the 
baseband signal after it is sampled by an ideal sampling waveform. Note that there is 
an upper and lower sideband version of the baseband for each harmonic of the sam-
pling frequency, just as if it were a double sideband suppressed carrier signal.)
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is no longer a worry, as long as the anti-alias-
ing filter is doing its job. (As well as any 
preselector filters that may be present.) The 
dynamic range of an SDR theoretically does 
not depend on signal spacing — close-in 
dynamic range is often better than with a con-
ventional architecture that uses a wide IF 
filter. With no crystal filters in the signal chain, 
the entire system has a completely linear 
phase response, which can improve the qual-
ity of both analog and digital signals after 
demodulation.

The biggest challenge with RF sampling is 
what to do with the torrent of high-speed data 
coming out of the receiver’s ADC. To cover 
0-54 MHz without aliasing requires a sample 
rate of at least 120 or 130 MHz, and commer-
cial products typically operate the ADC at 
sample rates well over 200 MHz. That is much 
faster than a typical microprocessor or pro-
grammable DSP can handle. The local oscil-
lator, mixer, and decimator or interpolator must 
be implemented in digital hardware so that the 
DSP can send and receive data at a more-
reasonable sample rate. Digital down-convert-
ers (DDC) perform those functions and output 
a lower-sample-rate digital I/Q signal to the 
DSP. Stand-alone DDC ICs were available in 
the past, but the function is now usually inte-
grated with the A/D converter. It is also pos-
sible to implement a DDC in a 
field-programmable gate array or FPGA. (See 
the “Hands-On SDR” QEX columns provided 
in the online content.) Digital upconverters 
(DUC) do the same conversion in reverse for 
the transmitter and are available integrated 
with the D/A converter or can be implemented 
in an FPGA. Some commercial integrated 
DDC/DAC products even include the capabil-
ity to encode several digital modulation for-
mats such as GMSK, QPSK and π/4 DQPSK. 
In an attempt to simplify the interface to the 
digital domain, many high-speed converters 
now use a standardized serial interface speci-
fication called JESD204B, capable of handling 
up to 12 Gb/s. Code to implement this interface 
on the digital FPGA is readily available.

Some designers have been successful in 
repurposing a graphics processor (GPU) for 
this purpose, and some GPU manufacturers 
now offer FFT libraries to assist in the design 
process.

12.3.3 Sample-Rate  
Down-Conversion

SDR receivers generally do not use analog 
mixers to convert RF frequencies to an IF or 
to baseband. Down-conversion is achieved 
by the process of decimation as described in 
the DSP and SDR Fundamentals chapter. 
It describes how the frequency of a sampled 
signal can be divided by N by removing every 
Nth sample from the digital signal data. This 
actually creates an alias of the original signal 

Figure 12.21 — Part A shows the spectrum of the sampled signal. Note that the fre-
quency only extends from –500 kHz to +500 kHz since that is the extent that the math 
will manage. Part B shows the digital low-pass filter response superimposed on the 
sampled spectrum. The spectrum of the filtered signal, which is still sampled at 500 kHz, 
is shown at C. Part D shows the spectrum of the resulting sampled waveform after deci-
mation by 2 (every other sample discarded). This is the spectrum of the signal when it is 
sampled at 250 kHz.)

as if it had been sampled at a rate lower than 
the Nyquist rate. As shown in Figure  12.20, 
this process creates a replica of the original 
signal or original spectrum at harmonics of 
the sampling rate. One of the replica spectra 
can then be selected with a filter and operated 
on just as if it had been processed by an ana-
log mixer. 

This is one example multirate signal pro-
cessing which is not nearly as complicated as 
it sounds. The topic we are interested in now 

is sample-rate down conversion (decimation). 
(Sample-rate up conversion is another multi-
rate signal processing technique that performs 
frequency multiplication in much the same 
way as down-conversion performs frequency 
division.)

If we want to receive directly at the 40 
meter band for instance, we would need to 
sample above 14.6 MHz in order to satisfy 
the Nyquist criterion. We do not need a sam-
ple rate that fast to actually manipulate the 
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Figure 12.22 — Part A shows the spectrum of a 90 kHz signal that was band-pass fil-
tered and then sampled at 500 kHz (only one-half of the spectrum is shown for clarity). 
The resulting spectrum when the signal is decimated by 4 (3 of every 4 samples dis-
carded) is shown in Part B. Notice that this causes the signal to be aliased and the sig-
nal in the first Nyquist zone (k=0) has its frequencies inverted just as a lower sideband 
signal is inverted. The signal is now sampled at 125 kHz. The initial sampled signal, 
showing the Nyquist zones that would occur if a decimation by 5 were attempted, is 
shown at C. Note that input energy exists in both the second and third Nyquist zones. 

information on receive, though, since the 
bandwidth of the widest signal will be on the 
order of 7 kHz or less. Even if we want to 
look at the entire band and generate a spec-
trum display, we only need about 650 kHz 
for the sample rate since the band is only 300 
kHz wide. Any higher sample rate on receive 
is a waste of processor resources.

There are two main reasons why we would 
want to match the sample rate closely to our 
intended bandwidth. The first reason to lower 
the sample rate is that the transition band and 
ripple of our filters are dependent on the ratio 
of the filter length (the number of taps) to the 
sample rate. The second reason is to allow 
more CPU cycles for processing each sample.

An AM radio is a good example for sample 
rate conversion. Let’s say we want to receive 
an band of signals through a tuned-circuit 
input filter with a bandwidth of 80 kHz cen-
tered at 590 kHz. If we undersample the input 
at a rate of 100 kHz, we create a range of 
signals centered at 90 kHz so that the energy 
is all within the range of dc to 125 kHz. This 
is low-pass filter decimating. (See the QEX 
SDR: Simplified column for July/August 
2009 for a more complete discussion of this 
process.)

The first step in the decimation process is 
to filter the input signal so that there is no 
energy above one fourth the sample fre-
quency. A DSP low-pass filter with cutoff at 
one fourth of the sample frequency has a very 
easy set of coefficients and can be imple-
mented with a small number of taps. We 
sampled our AM radio at 500 kHz, so we need 
125 kHz cutoff for the low pass filter. We now 
have a signal that has no energy above 125 
kHz and is sampled at 500 kHz. We can throw 
away every other sample at  
this point to create a signal that is sampled at 
250 kHz, with energy up to 125 kHz. The 
Nyquist criterion is satisfied with this new 
signal. Figure  12.21 shows the spectrum of 
the process. 

The signal at 90 kHz is only about 40 kHz 
wide (70 kHz to 110 kHz), so it would be nice 
if we could drop the sample frequency even 
further. It turns out that our signal will fit into 
the band from dc to 62.5 kHz if it were trans-
lated down in frequency. That would only 
require a 125 kHz sample rate. This is integer 
band-pass decimating. If we throw away 
every 3 samples of the original data, we can 
accomplish both frequency translation and 
sample rate reduction. The energy now spans 
from 15 kHz to 55 kHz. The signal spectrum 
is also inverted. In a superhet AM radio, you 
would need to band-pass filtered the signal 
before sampling. It is possible to do the band 
pass filtering digitally with a small number 
of taps, and then do the decimation. 

We succeeded in reducing the sample rate 
by a factor of 4. We cannot further reduce the 
sample rate using straight decimation. Each 

integer sample rate reduction requires that the 
band limited data fit completely within one 
of the Nyquist regions for the new sample 
rates. The next integer sample rate would 
reduce the sample rate by 5. The new sample 
rate would be 100 kHz. The data is contained 
in both the k = 1 (50 kHz to 100 kHz) and k 
= 2 (100 kHz to 150 kHz) Nyquist bands. 
Figure  12.22 shows the overlap. The overlap 
into the third Nyquist zone prevents further 
rate reduction. The requirement that all of the 
energy fits into one Nyquist zone limits the 
usefulness of this technique. 

Integer sample rate reduction is a very use-
ful tool because the filters are easily realized 
in hardware such as a field programmable gate 
array (FPGA) or other dedicated hardware.

12.3.4 Decimation and 
Dynamic Range

When we talk about dynamic range, we are 

discussing the range of largest to smallest 
signals that can represented simultaneously. 
What does dynamic range buy us? Having a 
high dynamic range allows us to represent or 
hear weak signals in the presence of large 
signals. With a lower dynamic range, our 
receiver may overload in the presence of a 
large signal or we may be forced to shift what 
dynamic range we have to accommodate the 
large signals. For example, if we only had  
80 dB of dynamic range in our receiver with 
the weakest signal possible of –120 dBm and 
the largest of –40 dBm, this means the stron-
gest signal we can hear is S9+33 dB (–50 
dBm). If an S9+50 dB (–23 dBm) signal is 
present in our receiver, we would overload. 

To allow the reception of large and small 
signal, receivers can implement automatic 
gain control (AGC) in the RF section. The 
AGC will add attenuation to the receiver, shift-
ing the available dynamic range up. For 
example, it the AGC adds 20 dB of attenua-
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tion, we can now hear signals from –100 dBm 
to –20 dBm. Note that we have just reduced 
the sensitivity of our receiver by 20 dB and 
if we were trying to listen to a weak CW 
signal with a power of –110 dBm, we will 
now be unable to hear it. RF AGC is necessary 
in some receivers where the instantaneous 
dynamic range is not sufficient to handle both 
very strong and very weak signals simultane-
ously. This should not be confused with audio-
derived AGC which is discussed in the section 
on AGC below.

A common question about direct sampling 
receivers centers around available dynamic 
range. We are taught that for each bit in an 
ADC, we can have 6 dB of dynamic range. 
Often, someone will attempt to look at wide-
band sampled converter (ADC), multiply the 
bits by 6 dB and state that this is the available 
dynamic range for narrowband operation. As 
it turns out, this is an incorrect if not uncom-
mon error. In a wideband sampled system 
where the receiver outputs are narrowband, 
we use a process called decimation to reduce 
the bandwidth for our narrowband receiver 
and increase dynamic range. How does this 
work?

Decimation is a two-step process: we first 
apply a digital filter to the samples and then 
we discard a portion of the samples. In deci-
mation by two, we apply a filter to cut the RF 
bandwidth in half and then we discard one 
half of the samples. In doing so, the digital 
filter combines multiple samples to produce 
the output sample stream and in this combina-
tion, we pick up additional bits of resolution 
in the output samples. This increase in 
dynamic range is called processing gain. 
Specifically, in decimation by two we typi-
cally pickup about 1⁄2-bit of resolution for each 
decimation by two. Imagining for a moment 
a sampled system with 16-bits of resolution 
at 196.608 Msps, if we decimate down to 48 
ksps, this represents twelve decimate-by-two 
operations. This means that we pick up about 
six bits per sample, increasing our dynamic 
range by about 36 dB. As a practical matter, 
the dynamic range of an ADC depends not 

only on the number of samples in the output, 
but also the level of the spurs. ADC manufac-
turers consider any level below the spurs to 
be tarnished by the spurs and therefore not 
included in the specified dynamic range. As 
a first order approximation for the dynamic 
range that can be achieved, we can take the 
dynamic range specified by the ADC manu-
facturer and add the processing gain that 
we’ve computed.

Finally, in amateur radio we generally talk 
about dynamic range in terms of a 500 Hz 
bandwidth. So for the purposes of dynamic 
range in the amateur world, we don’t use the 
entire 48 ksps bandwidth, we look just at the 
500 Hz bandwidth as if we had a 500 Hz filter. 
To determine the total processing gain we 
would achieve through decimation and filter-
ing, we use can use the formula 3log2(sampling 
rate/final bandwidth) to get an approximation 
of the processing gain from our original sam-
pling rate to a 500 Hz bandwidth receiver. 
Using a logarithmic identity, it may be easier 
to compute on a calculator as 3log10(sampling 
rate/final bandwidth)/log10(2).

12.3.5 Phase Noise in 
Sampled Systems

Just like with mixers, analog to digital con-
verters that sample signals and produce a 
digital output are also susceptible to phase 
noise. Many of today’s older transceivers use 
superheterodyne receivers which use mixers 
and terminate in an ADC operating at base-
band. For receiver systems where the ADC is 
operating in the tens to hundreds of ksps, 
phase noise introduced by the ADC is rarely 
an issue. Since good phase noise is easily 
achievable in this frequency range, most 
designers ensure that phase noise will not 
impact the design in the ADC. It’s much more 
likely in such a radio that the LO feeding the 
mixers nearer the antenna would be at fault. 
With today’s technology, the high we go in 
oscillator frequency, the more difficult it is to 
design a low phase noise oscillator.

In an RF sampled system where the ADC 
is placed either right on the antenna or just 
behind an amplifier and/or preselectors, we 
will be sampling at a significantly higher fre-
quency. Because of the Nyquist sampling 
theorem, if we want to design an HF through 
6 meter receiver, we must sample at least 2x 
the highest frequency, 54 MHz. This means 
we will be sampling above 108 MHz, with 
122.88 MHz being a common frequency 
because it divides evenly down to standard 
audio sampling rates (see the sidebar on sam-
pling rates). In these systems, the local oscil-
lator may be called a clock oscillator and 
phase noise may be referred to as jitter. While 
phase noise and jitter are roughly interchange-
able, jitter benefits the digital designer’s view 
of the world and discusses a time-domain 
effect while phase noise benefits the RF 
designer and discusses a frequency domain 
effect. Most ADCs that will be used for RF 
will specify both. In case you’re wondering, 
there is no absolute conversion from jitter 
directly to phase noise, but there are estimates 
that make assumptions about the characteris-
tics of the oscillator.

Unlike the superheterodyne system, phase 
noise in a direct sampling receiver is imparted 
on the signal during the sampling process at 
the sampling frequency. What does this mean? 
While a superheterodyne system may rely on 
the division of the clock to produce an excel-
lent phase noise signal on the band of interest, 
signals in a direct sampling system inherit the 
phase noise of the ADC clock at the sampling 
frequency. So if our phase noise is –110 dBc/
Hz at 10 kHz for a 122.88 MHz clock, this is 
the phase noise we will have on all sampled 
frequencies. This makes clock (or LO) selec-
tion for the direct sampling receiver all the 
more important. We must ensure that the oscil-
lator’s phase noise characteristics will not be 
an issue at any frequency of interest.

More detailed discussions about the effects 
of phase noise in direct-sampled receivers can 
be found in Analog Devices application notes 
AN-741 and AN-756. (See the reference sec-
tion.)

12.4 Mixing and Mixers
This section examines mixers which are 

used for frequency shifting or conversion in 
heterodyne receivers and transmitters. Mixers 
are often used as modulators and demodula-
tors because they translate information to an 
RF signal and back again. These translation 
processes can be thought of as forms of fre-
quency translation or frequency shifting — 
the function traditionally ascribed to mixers. 
We’ll therefore begin our investigation by 
examining what a mixer is (and isn’t), and 

what a mixer does.

MULTIPLYING VERSUS ADDING
Mixer is the term for a circuit that shifts 

one signal’s frequency up or down by combin-
ing it with another signal. The word mixer is 
also the name of a device used to blend mul-
tiple audio inputs together for recording, 
broadcast or sound reinforcement. A radio 
mixer makes new frequencies from its input 
signals and an audio mixer does not. In their 

most basic, ideal forms, both devices have 
two inputs and one output. 

The audio mixer is a combiner that simply 
adds the instantaneous voltages of the two 
signals together to produce the output at each 
point in time (Figure  12.23). The radio mixer, 
on the other hand, multiplies the instantaneous 
voltages of the two signals together to produce 
its output signal from instant to instant (Figure  
12.24). Comparing the output spectra of the 
combiner and mixer, we see that the com-
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Figure 12.23 — Adding or summing two sine waves of different frequencies (f1 and f2) combines their amplitudes without affecting 
their frequencies. Viewed with an oscilloscope (a real-time graph of amplitude versus time), adding two signals appears as a simple 
superimposition of one signal on the other. Viewed with a spectrum analyzer (a real-time graph of signal amplitude versus fre-
quency), adding two signals just sums their spectra. The signals merely coexist on a single cable or wire. All frequencies that go into 
the adder come out of the adder, and no new signals are generated. Drawing B, a block diagram of a summing circuit, emphasizes 
the stage’s mathematical operation rather than showing circuit components. Drawing C shows a simple summing circuit, such as 
might be used to combine signals from two microphones. In audio work, a circuit like this is often called a mixer — but it does not 
perform the same function as an RF mixer.

Figure 12.24 — Multiplying two sine waves of different frequencies produces a new output spectrum. Viewed with an oscilloscope, 
the result of multiplying two signals is a composite wave that seems to have little in common with its components. A spectrum-ana-
lyzer view of the same wave reveals why: The original signals disappear entirely and are replaced by two new signals — at the sum 
and difference of the original signals’ frequencies. Drawing B diagrams a multiplier, known in radio work as a mixer. The circled X 
emphasizes the stage’s mathematical operation. (The circled X is only one of several symbols you may see used to represent mixers 
in block diagrams, as Figure 12.25 explains.) Drawing C shows a very simple multiplier circuit. The diode, D, does the mixing. 
Because this circuit does other mathematical functions and adds them to the sum and difference products, its output is more com-
plex than f1 + f2 and f1 – f2, but these can be extracted from the output by filtering.
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Mixer Math: Mixing as Multiplication
Since a mixer works by means of multiplication, a bit of math can show us how 

they work. To begin with, we need to represent the two signals we’ll mix, A and B, 
mathematically. Signal A’s instantaneous amplitude equals

πa aA sin2 f t

in which A is peak amplitude, f is frequency, and t is time. Likewise, B’s instantaneous 
amplitude equals

= πb bA Asin (2 f t)

Since our goal is to show that multiplying two signals generates sum and difference 
frequencies, we can simplify these signal definitions by assuming that the peak ampli-
tude of each is 1. The equation for Signal A then becomes

= π aa(t) Asin (2 f t)

and the equation for Signal B becomes

= π bb(t) Bsin (2 f t)

Each of these equations represents a sine wave and includes a subscript letter to 
help us keep track of where the signals go.

Merely combining Signal A and Signal B by letting them travel on the same wire 
develops nothing new:

+ = π + πa ba(t) b(t) Asin (2 f t) Bsin (2 f t)

As simple as that equation may seem, we include it to highlight the fact that multi-
plying two signals is a quite different story. From trigonometry, we know that multiply-
ing the sines of two variables can be expanded according to the relationship

[ ]1
sin x sin y cos (x y) cos (x y)

2
= − − +

Conveniently, Signals A and B are both sinusoidal, so we can use equation 6 to 
determine what happens when we multiply Signal A by Signal B. In our case,  
x = 2pfat and y = 2pfbt, so plugging them into equation 6 gives us

( ) ( )   × = π − − π +   a b a b
AB AB

a(t) b(t) cos 2 f f t cos 2 f f t
2 2

Now we see two momentous results: a sine wave at the frequency difference 
between Signal A and Signal B 2π(fa – fb)t, and a sine wave at the frequency sum of 
Signal A and Signal B 2π(fa + fb)t. (The products are cosine waves, but since equiva-
lent sine and cosine waves differ only by a phase shift of 90°, both are called sine 
waves by convention.)

This is the basic process by which we translate information into radio form and 
translate it back again. If we want to transmit a 1-kHz audio tone by radio, we can feed 
it into one of our mixer’s inputs and feed an RF signal — say, 5995 kHz — into the 
mixer’s other input. The result is two radio signals: one at 5994 kHz (5995 – 1) and 
another at 5996 kHz (5995 + 1). We have performed modulation.

Converting these two radio signals back to audio is just as straightforward. All we 
do is feed them into one input of another mixer, and feed a 5995-kHz signal into the 
mixer’s other input. Result: a 1-kHz tone. We have performed demodulation.

Figure 12.25 — The traditional symbol for 
a mixer is a circled X (A) although current 
standards allocate this symbol to a lamp. 
Current practice is to use one of the three 
IEC symbols shown at B, C, or D. For the 
frequency converter or changer symbol at 
D, a third connection can be included for 
the local oscillator. (IEC stands for 
International Electrotechnical 
Commission and the symbols are pub-
lished in the IEEE 315A standard.)

biner’s output contains only the frequencies 
of the two inputs, and nothing else, while the 
mixer’s output contains new frequencies. The 
process is called heterodyning as used in the 
heterodyne receivers described in the preced-
ing sections. The sidebar, “Mixer Math: 
Mixing as Multiplication,” describes this pro-
cess mathematically. Use of the word “mixer” 
in this book should be assumed to mean the 
radio mixer.

The key principle of a radio mixer is that 
in mixing multiple signal voltages together, 
it adds and subtracts their frequencies to pro-
duce new frequencies. (In the field of signal 
processing, this process, multiplication in the 

time domain, is recognized as equivalent to 
the process of convolution in the frequency 
domain. Those interested in this alternative 
approach to describing the generation of new 
frequencies through mixing can find more 
information about it in the many textbooks 
available on this subject.)

The difference between the mixer we’ve 
been describing and any mixer, modulator or 
demodulator that you’ll ever use is that it’s 
ideal. We put in two signals and got just two 
signals out. Real mixers, modulators and 
demodulators, on the other hand, also produce 
distortion products that make their output 
spectra “dirtier” or “less clean,” as well as 

putting out some energy at input-signal fre-
quencies and their harmonics. Much of the 
art and science of making good use of multi-
plication in mixing, modulation and demod-
ulation goes into minimizing these unwanted 
multiplication products (or their effects) and 
making multipliers perform frequency trans-
lation as efficiently as possible.

12.4.1 Mixers and Distortion
This radio-amateur-oriented discussion of 

mixers, modulators and demodulators will 
begin with a look at their common underlying 
mechanism before discussing practical mixer, 
modulator and demodulator circuits. This will 
make it easier to understand the functions of 
those circuits. Figure  12.25 shows the block 
symbol for a traditional mixer along with 
several IEC symbols for other functions mix-
ers may perform.

NONLINEAR DISTORTION
The mechanism underlying multiplication, 

mixing, modulation and demodulation is a 
pretty straightforward thing: Any circuit 
structure that nonlinearly distorts ac wave-
forms acts as a multiplier to some degree. 

The phrase nonlinear distortion sounds 
redundant, but isn’t. Distortion, an externally 
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Figure 12.26 — Feeding two signals into 
one input of a mixer results in the same 
output as if f1 and f2 are each first mixed 
with f3 in two separate mixers, and the 
outputs of these mixers are combined.

imposed change in a waveform, can be linear; 
that is, it can occur independently of signal 
amplitude. Consider a radio receiver front-end 
filter that passes only signals between 6 and 
8 MHz. It does this by linearly distorting the 
single complex waveform corresponding to 
the wide RF spectrum present at the radio’s 
antenna terminals, reducing the amplitudes 
of frequency components below 6 MHz and 
above 8 MHz relative to those between 6 and 
8 MHz. (Considering multiple signals on a 
wire as one complex waveform is just as valid, 
and sometimes handier, than considering 
them as separate signals. In this case, it’s a bit 
easier to think of distortion as something that 
happens to a waveform rather than something 
that happens to separate signals relative to 
each other. It would be just as valid — and 
certainly more in keeping with the consensus 
view — to say merely that the filter attenuates 
signals at frequencies below 6 MHz and above 
8 MHz.) The filter’s output waveform cer-
tainly differs from its input waveform; the 
waveform has been distorted. But because 
this distortion occurs independently of signal 
level or polarity, the distortion is linear. No 
new frequency components are created; only 
the amplitude relationships among the wave’s 
existing frequency components are altered. 
This is amplitude or frequency distortion, and 
all filters do it or they wouldn’t be filters.

Phase or delay distortion, also linear, 
causes a complex signal’s various component 
frequencies to be delayed by different amounts 
of time, depending on their frequency but 
independently of their amplitude. No new 
frequency components occur, and amplitude 
relationships among existing frequency com-
ponents are not altered. Phase distortion 
occurs to some degree in all real filters.

The waveform of a non-sinusoidal signal 
can be changed by passing it through a circuit 
that has only linear distortion, but only non-
linear distortion can change the waveform of 
a simple sine wave. It can also produce an 
output signal whose output waveform changes 
as a function of the input amplitude, some-
thing not possible with linear distortion. 
Nonlinear circuits often distort excessively 
with overly strong signals, but the distortion 
can be a complex function of the input level.

Nonlinear distortion may take the form of 
harmonic distortion, in which integer multi-
ples of input frequencies occur, or intermod-
ulation distortion (IMD), in which different 
components multiply to make new ones, as 
described in previous sections.

Any departure from absolute linearity 
results in some form of nonlinear distortion, 
and this distortion can work for us or against 
us. Any amplifier, including a so-called linear 
amplifier, distorts nonlinearly to some degree; 
any device or circuit that distorts nonlinearly 
can work as a mixer, modulator, demodulator 
or frequency multiplier. An amplifier opti-

mized for linear operation will nonetheless 
mix, but inefficiently; an amplifier biased for 
nonlinear amplification may be practically 
linear over a given tiny portion of its input-
signal range. The trick is to use careful design 
and component selection to maximize non-
linear distortion when we want it (as in a 
mixer), and minimize it when we don’t. Once 
we’ve decided to maximize nonlinear distor-
tion, the trick is to minimize the distortion 
products we don’t want, and maximize the 
products we want.

MINIMIZING UNWANTED 
DISTORTION PRODUCTS

Ideally, a mixer multiplies the signal at one 
of its inputs by the signal at its other input, 
but does not multiply a signal at the same 
input by itself, or multiple signals at the same 
input by themselves or by each other. 
(Multiplying a signal by itself — squaring it 
— generates harmonic distortion [specifi-
cally, second-harmonic distortion] by adding 
the signal’s frequency to itself. Simultaneously 
squaring two or more signals generates simul-
taneous harmonic and intermodulation distor-
tion.)

Consider what happens when a mixer must 
handle signals at two different frequencies (f1 
and f2) applied to its first input, and a signal 
at a third frequency (f3) applied to its other 
input. Ideally, a mixer multiplies f1 by f3 and 
f2 by f3, but does not multiply f1 and f2 by 
each other. This produces output at the sum 
and difference of f1 and f3, and the sum and 
difference of f2 and f3, but not the sum and 
difference of f1 and f2. Figure  12.26 shows 

that feeding two signals into one input of a 
mixer results in the same output as if f1 and 
f2 are each first mixed with f3 in two separate 
mixers, and the outputs of these mixers are 
combined. This shows that a mixer, even 
though constructed with nonlinearly distort-
ing components, actually behaves as a linear 
frequency shifter. Traditionally, we refer to 
this process as mixing and to its outputs as 
mixing products, but we may also call it fre-
quency conversion, referring to a device or 
circuit that does it as a converter, and to its 
outputs as conversion products. If a mixer 
produces an output frequency that is higher 
than the input frequency, it is called an up-
converter; if the output frequency is lower 
than the input, a down-converter.

Real mixers, however, at best act only as 
reasonably linear frequency shifters, generat-
ing some unwanted IMD products — spurious 
signals, or spurs — as they go. Receivers are 
especially sensitive to unwanted mixer IMD 
because the signal-level range over which they 
must operate without generating unwanted 
IMD is often 90 dB or more, and includes 
infinitesimally weak signals. In a receiver, 
IMD products so weak that you’d never notice 
them in a transmitted signal can easily oblit-
erate weak signals. This is why receiver 
designers apply so much effort to achieving 
“high dynamic range.”

The degree to which a given mixer, modu-
lator or demodulator circuit produces 
unwanted IMD is often the reason why we 
use it, or don’t use it, instead of another circuit 
that does its wanted-IMD job as well or even 
better.

MISCELLANEOUS  
MIXING PRODUCTS

In addition to desired sum-and-difference 
products and unwanted IMD products, real 
mixers also put out some energy at their input 
frequencies. Some mixer implementations 
may suppress these outputs — that is, reduce 
one or both of their input signals by a factor 
of 100 to 1,000,000, or 20 to 60 dB. This is 
good because it helps keep input signals at 
the desired mixer-output sum or difference 
frequency from showing up at the IF terminal 
— an effect reflected in a receiver’s IF rejec-
tion specification. Some mixer types, espe-
cially those used in the vacuum-tube era, 
suppress their input-signal outputs very little 
or not at all.

Input-signal suppression is part of an over-
all picture called port-to-port isolation. Mixer 
input and output connections are traditionally 
called ports. By tradition, the port to which 
we apply the shifting signal is the local-oscil-
lator (LO) port. By convention, the signal or 
signals to be frequency-shifted are applied to 
the RF (radio frequency) port, and the fre-
quency-shifted (product) signal or signals 
emerge at the IF (intermediate frequency) 
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Figure 12.27 — Part (A) shows a general-purpose diode reversing-switch mixer. This 
mixer uses a square-wave LO and a sine-wave input signal. The text describes its 
action. Part (B) is an ideal multiplier mixer. The square-wave LO and a sine-wave input 
signal produce the output waveform shown in part (C). The solid lines of part (D) show 
the output spectrum with the square-wave LO. The dashed lines show the output spec-
trum with a sine-wave LO.

port. This illustrates the function of a mixer 
in a heterodyne receiver: Since it is often 
impractical to achieve the desired gain and 
filtering at the incoming signal’s frequency 
(at RF), a mixer is used to translate the incom-
ing RF signal to an intermediate frequency 
(the IF), where gain and filtering can be 
applied. The IF maybe be either lower or 
higher than the incoming RF signal. In a trans-
mitter, the modulated signal may be created 
at an IF, and then translated in frequency by 
a mixer to the operating frequency. 

A mixer may be used in an SDR to convert 
a range of signals into the range the SDR can 
process. This is very common when using 
SDR equipment designed for VHF and higher 
frequencies to receive HF signals. In that case 
an up-converting mixer is required.

Some mixers are bilateral; that is, their RF 
and IF ports can be interchanged, depending 
on the application. Diode-based mixers are 
usually bilateral. Many mixers are not bilat-
eral (unilateral); the popular SA602/612 
Gilbert cell IC mixer is an example of this.

It’s generally a good idea to keep a mixer’s 
input signals from appearing at its output port 
because they represent energy that we’d rather 
not pass to subsequent circuitry. It therefore 
follows that it’s usually a good idea to keep 
a mixer’s LO-port energy from appearing at 
its RF port, or its RF-port energy from making 
it through to the IF port. But there are some 
notable exceptions.

12.4.2 Switching Mixers
Depending on the application, mixers may 

vary from the extremely simple to the com-
plex. For example, a simple half-wave rectifier 
(a signal diode, such as a 1N34 [germanium] 
or a 1N914 [silicon]) can do the job. This is 
an example of a switching mixer, in which 
mixing occurs as one signal — in this case, 
the carrier, which in effect turns the diode on 
and off as its polarity reverses — interrupts 
the transmission of another (in demodulation 
of full-carrier AM, the sidebands).

A switch can be thought of as an amplifier 
toggled between two gain states, off and on, 
by a control signal. It turns out that a binary 
amplifier is not necessary; any device that can 
be gain-varied in accordance with the ampli-
tude of a control signal can serve as a mixer.

Most modern radio mixers act more like 
fast analog switches than analog multipliers. 
In using a mixer as a fast switching device, 
we apply a square wave to its LO input with 
a square wave rather than a sine wave, and 
feed sine waves, audio, or other complex sig-
nals to the mixer’s RF input. The RF port 
serves as the mixer’s “linear” input, and there-
fore must preferably exhibit low intermodula-
tion and harmonic distortion. Feeding a ±1-V 
square wave into the LO input alternately 
multiplies the linear input by +1 or –1. 
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Multiplying the RF-port signal by +1 just 
transfers it to the output with no change. 
Multiplying the RF-port signal by –1 does the 
same thing, except that the signal inverts (flips 
180° in phase). The LO port need not exhibit 
low intermodulation and harmonic distortion; 
all it has to do is preserve the fast rise and fall 
times of the switching signal.

REVERSING-SWITCH MIXERS
We can multiply a signal by a square wave 

without using an analog multiplier at all. All 
we need is a pair of balun transformers and 
four diodes (Figure  12.27A).

With no LO energy applied to the circuit, 
none of its diodes conduct. RF-port energy 
(1) can’t make it to the LO port because there’s 
no direct connection between the secondaries 
of T1 and T2, and (2) doesn’t produce IF 
output because T2’s secondary balance results 
in energy cancellation at its center tap, and 
because no complete IF-energy circuit exists 
through T2’s secondary with both of its ends 
disconnected from ground.

Applying a square wave to the LO port 
biases the diodes so that, 50% of the time, D1 
and D2 are on and D3 and D4 are reverse-
biased off. This unbalances T2’s secondary 
by leaving its upper wire floating and con-
necting its lower wire to ground through T1’s 
secondary and center tap. With T2’s second-
ary unbalanced, RF-port energy emerges from 
the IF port.

The other 50% of the time, D3 and D4 are 
on and D1 and D2 are reverse-biased off. This 
unbalances T2’s secondary by leaving its 
lower wire floating, and connects its upper 
wire to ground through T1’s secondary and 
center tap. With T2’s secondary unbalanced, 
RF-port energy again emerges from the IF 
port — shifted 180° relative to the first case 
because T2’s active secondary wires are now, 
in effect, transposed relative to its primary.

A reversing switch mixer’s output spectrum 
is the same as the output spectrum of a mul-
tiplier fed with a square wave. This can be 
analyzed by thinking of the square wave in 
terms of its Fourier series equivalent, which 
consists of the sum of sine waves at the square 
wave frequency and all of its odd harmonics. 
The amplitude of the equivalent series’ fun-
damental sine wave is 4/π times (2.1 dB 
greater than) the amplitude of the square wave. 
The amplitude of each harmonic is inversely 
proportional to its harmonic number, so the 
third harmonic is only 1⁄3 as strong as the fun-
damental (9.5 dB below the fundamental), the 
5th harmonic is only 1⁄5 as strong (14 dB below 
the fundamental) and so on. The input signal 
mixes with each harmonic separately from 
the others, as if each harmonic were driving 
its own separate mixer, just as we illustrated 
with two sine waves in Figure 12.26. Normally, 
the harmonic outputs are so widely removed 
from the desired output frequency that they 

are easily filtered out, so a reversing-switch 
mixer is just as good as a sine-wave-driven 
analog multiplier for most practical purposes, 
and usually better — for radio purposes — in 
terms of dynamic range and noise.

An additional difference between multi-
plier and switching mixers is that the signal 
flow in a switching mixer is reversible (that 
is, bilateral). It really only has one dedicated 
input (the LO input). The other terminals can 
be thought of as I/O (input/output) ports, since 
either one can be the input as long as the other 
is the output.

CONVERSION LOSS IN  
SWITCHING MIXERS

Figure 12.27B shows a perfect multiplier 
mixer. That is, the output is the product of the 
input signal and the LO. The LO is a perfect 
square wave. Its peak amplitude is ±1.0 V and 
its frequency is 8 MHz. Figure 12.27C shows 
the output waveform (the product of two 
inputs) for an input signal whose value is  
0 dBm and whose frequency is 2 MHz. Notice 
that for each transition of the square-wave 
LO, the sine-wave output waveform polarity 
reverses. There are 16 transitions during the 
interval shown, at each zero-crossing point of 
the output waveform. Figure 12.27D shows 
the mixer output spectrum. The principle 
components are at 6 MHz and 10 MHz, which 
are the sum and difference of the signal and 
LO frequencies. The amplitude of each of 
these is –3.9 dBm. Numerous other pairs of 
output frequencies occur that are also spaced 
4 MHz apart and centered at 24 MHz, 40 MHz 
and 56 MHz and higher odd harmonics of 8 
MHz. The ones shown are at –13.5 dBm, 
–17.9 dBm and –20.9 dBm. Because the mixer 
is lossless, the sum of all of the outputs must 
be exactly equal to the value of the input sig-
nal. As explained previously, this output spec-
trum can also be understood in terms of each 
of the odd-harmonic components of the 
square-wave LO operating independently.

If the mixer switched without losses, such 
as in Figure 12.27A, with diodes that are per-
fect switches, the results would be mathemat-
ically identical to the above example. The 
diodes would commutate the input signal 
exactly as shown in Figure 12.27C.

Now consider the perfect multiplier mixer 
of Figure 12.27B with an LO that is a perfect 
sine wave with a peak amplitude of ±1.0 V. 
In this case the dashed lines of Figure 12.27D 
show that only two output frequencies are 
present, at 6 MHz and 10 MHz (see also Figure 
12.24). Each component now has a  
–6 dBm level. The product of the 0 dBm sine-
wave input at one frequency and the ±1.0V 
sine-wave LO at another frequency (see equa-
tion 6 in this chapter) is the –3 dBm total 
output.

These examples illustrate the difference 
between the square-wave LO and the sine-

wave LO, for a perfect multiplier. For the same 
peak value of both LO waves, the square-wave 
LO delivers 2.1 dB more output at 6 MHz and 
10 MHz than the sine-wave LO. An actual 
diode mixer such as Figure 12.27A behaves 
more like a switching mixer. Its sine-wave 
LO waveform is considerably flattened by 
interaction between the diodes and the LO 
generator, so that it looks somewhat like a 
square wave. The diodes have nonlinearities, 
junction voltages, capacitances, resistances 
and imperfect parameter matching. (See the 
RF Techniques chapter.) Also, “re-mixing” 
of a diode mixer’s output with the LO and the 
input is a complicated possibility. The practi-
cal end result is that diode double-balanced 
mixers have a conversion loss, from input to 
each of the two major output frequencies, in 
the neighborhood of 5 to 6 dB. (Conversion 
loss is discussed in a later section.)

12.4.3 The Diode Double-
Balanced Mixer (DBM)

The diode double-balanced mixer (DBM) 
is standard in many commercial, military and 
amateur applications because of its excellent 
balance and high dynamic range. DBMs can 
serve as mixers (including image-reject 
types), modulators (including single- and 
double-sideband, phase, biphase, and quadra-
ture-phase types) and demodulators, limiters, 
attenuators, switches, phase detectors and 
frequency doublers. In some of these applica-
tions, they work in conjunction with power 
dividers, combiners and hybrids.

THE BASIC DBM
We have already seen the basic diode DBM 

circuit (Figure 12.27A). In its simplest form, 
a DBM contains two or more unbalanced-to-
balanced transformers and a Schottky-diode 
ring consisting of 4 × n diodes, where n is the 
number of diodes in each leg of the ring. Each 
leg commonly consists of up to four diodes.

As we’ve seen, the degree to which a mixer 
is balanced depends on whether either, neither 
or both of its input signals (RF and LO) 
emerge from the IF port along with mixing 
products. An unbalanced mixer suppresses 
neither its RF nor its LO; both are present at 
its IF port. A single-balanced mixer sup-
presses its RF or LO, but not both. A double-
balanced mixer suppresses its RF and LO 
inputs. Diode and transformer uniformity in 
the Figure 12.27 circuit results in equal LO 
potentials at the center taps of T1 and T2. The 
LO potential at T1’s secondary center tap is 
zero (ground); therefore, the LO potential at 
the IF port is zero.

Balance in T2’s secondary likewise results 
in an RF null at the IF port. The RF potential 
between the IF port and ground is therefore 
zero — except when the DBM’s switching 
diodes operate!
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The Figure 12.27 circuit normally also 
affords high RF-IF isolation because its bal-
anced diode switching precludes direct con-
nections between T1 and T2. A diode DBM 
can be used as a current-controlled switch or 
attenuator by applying dc to its IF port, albeit 
with some distortion. This causes opposing 
diodes (D2 and D4, for instance) to conduct 
to a degree that depends on the current mag-
nitude, connecting T1 to T2.

TRIPLE-BALANCED MIXERS
The triple-balanced mixer shown in Figure  

12.28 (sometimes called a “double double-
balanced mixer”) is an extension of the single-
diode-ring mixer. The diode rings are fed by 
power-splitting baluns at the RF and LO ports. 
An additional balun is added at the IF output. 
The circuit’s primary advantage is that the IF 
output signal is balanced and isolated from 
the RF and LO ports over a large bandwidth 
— commercial mixer IF ranges of 0.5 to 10 
GHz are typical.

It has higher signal-handling capability and 
dynamic range (a 1-dB compression point 
within 3 to 4 dB below LO signal levels) and 
lower intermodulation levels (by 10 dB or 
more) than a single-ring mixer. The triple-
balanced mixer is used when a very wide IF 
range is required. 

Adding the balancing transformer in the IF 
output path increases IF-to-LO and IF-to-RF 
isolation. This makes the conversion process 
much less sensitive to IF impedance mis-
matches. Since the IF port is isolated from 
the RF and LO ports, the three frequency 
ranges (RF, LO and IF) can overlap. A disad-
vantage of IF transformer coupling is that a 
dc (or low-frequency) IF output is not avail-
able, so the triple-balanced mixer cannot be 
used for direct-conversion receivers.

DIODE DBM COMPONENTS
Commercially manufactured diode DBMs 

generally consist of a supporting base, a diode 
ring, two or more ferrite-core transformers 
commonly wound with two or three twisted-
pair wires, encapsulating material, an enclo-
sure.

Diodes
Hot-carrier (Schottky) diodes are the 

devices of choice for diode-DBM rings 
because of their low ON resistance, although 
ham-built DBMs for non-critical MF/HF use 
commonly use switching diodes like the 
1N914 or 1N4148. The forward voltage drop, 
Vf, across each diode in the ring determines 
the mixer’s optimum local-oscillator drive 
level. Depending on the forward voltage drop 
of each of its diodes and the number of diodes 
in each ring leg, a diode DBM will often be 
specified by the optimum LO drive level in 
dBm (typical values are 0, 3, 7, 10, 13, 17, 23 
or 27). As a rule of thumb, the LO signal must 

Figure 12.28 — The triple-balanced mixer uses a pair of diode rings and adds an addi-
tional balancing transformer to the IF port.

be 20 dB stronger than the RF and IF signals 
for proper operation. This ensures that the LO 
signal, rather than the RF or IF signals, 
switches the mixer’s diodes on and off — a 
critical factor in minimizing IMD and maxi-
mizing dynamic range.

Transformers
From the DBM schematic shown in Figure 

12.27, it’s clear that the LO and RF transform-
ers are unbalanced on the input side and bal-
anced on the diode side. The diode ends of 
the balanced ports are 180° out of phase 
throughout the frequency range of interest. 
This property causes signal cancellations that 
result in higher port-to-port isolation. Figure  
12.29A plots LO-RF and LO-IF isolation 
versus frequency for Synergy Microwave’s 
CLP-403 DBM, which is specified for  
+7 dBm LO drive level. Isolations on the order 
of 70 dB occur at the lower end of the band 
as a direct result of the balance among the 
four diode-ring legs and the RF phasing of 
the balanced ports.

As we learned in our discussion of generic 
switching mixers, transformer efficiency 
plays an important role in determining a 
mixer’s conversion loss and drive-level 
requirement. Core loss, copper loss and 
impedance mismatch all contribute to trans-
former losses. Ferrite in toroidal, bead, balun 
(multi-hole)or rod form can serve as DBM 
transformer cores. Radio amateurs commonly 
use Fair-Rite Mix 43 ferrite (µ = 950) in HF 
and VHF applications.

RF transformers combine lumped and dis-

tributed capacitance and inductance. The 
interwinding capacitance and characteristic 
impedance of a transformer’s twisted wires 
sets the transformer’s high-frequency 
response. The core’s µ and size, and the num-
ber of winding turns, determine the trans-
former’s lower frequency limit. Covering a 
specific frequency range requires a compro-
mise in the number of turns used with a given 
core. Increasing a transformer’s core size and 
number of turns improves its low-frequency 
response. Cores may be stacked to meet low-
frequency performance specs.

Inexpensive mixers operating up to 2 GHz 
most commonly use twisted trifilar (three-
wire) windings made of a wire size between 
#36 and #32. The number of twists per unit 
length of wire determines a winding’s char-
acteristic impedance. Twisted wires are anal-
ogous to transmission lines. The 
transmission-line effect predominates at the 
higher end of a transformer’s frequency range.

PRACTICAL DIODE DBMS
Important DBM specifications include 

conversion loss and amplitude flatness across 
the required IF bandwidth; variation of con-
version loss with input frequency; variation 
of conversion loss with LO drive, 1-dB com-
pression point; LO-RF, LO-IF and RF-IF 
isolation; intermodulation products; noise 
figure (usually within 1 dB of conversion 
loss); port SWR; and dc offset, which is 
directly related to isolation among the RF, LO 
and IF ports. Most of these parameters also 
apply to other mixer types.
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Figure 12.29 — The port-to-port isolation 
of a diode DBM depends on how well its 
diodes match and how well its transform-
ers are balanced. (A) shows LO-IF and 
LO-RF isolation versus frequency and (B) 
shows conversion loss for a typical diode 
DBM, the Synergy Microwave CLP-403 
mixer. In (B), LO driver level is +7 dBm.

Figure 12.30 — Simulated diode-DBM output spectrum with four LO harmonics eval-
uated. Note that the desired output products (the highest two products, RF – LO and 
RF + LO) emerge at a level 5 to 6 dB below the mixer’s RF input (–40 dBm). This indi-
cates a mixer conversion loss of 5 to 6 dB. (Serenade SV8.5 simulation.)

Conversion Loss of Diode DBMs
Figure 12.29B shows conversion loss ver-

sus intermediate frequency in a typical DBM. 
The curves show conversion loss for two fixed 
RF-port signals, one at 100 kHz and the 
another at 500 MHz, while varying the LO 
frequency from 100 kHz to 500 MHz.

Figure  12.30 graphs a diode DBM’s sim-
ulated output spectrum. Note that the RF input 
(900 MHz) is –40 dBm and the desired IF 
output (51 MHz, the frequency difference 
between the RF and LO signals) is –46 dBm, 
implying a conversion loss of 6 dB. Very 
nearly the same value (5 dB) applies to the 
sum of both signals (RF + LO). We minimize 
a diode DBM’s conversion loss, noise figure 
and intermodulation by keeping its LO drive 
high enough to switch its diodes on fully and 
rapidly. Increasing a mixer’s LO level beyond 
that sufficient to turn its switching devices all 
the way on merely makes them dissipate more 
LO power without further improving perfor-
mance. 

Insufficient LO drive results in increased 
noise figure and conversion loss. IMD also 
increases because RF-port signals have a 
greater chance to control the mixer diodes 
when the LO level is too low.

APPLYING DIODE DBMS
At first glance, applying a diode DBM is 

easy: We feed the signal(s) we want to fre-

quency-shift (at or below the maximum level 
called for in the mixer’s specifications, such 
as –10 dBm for the Mini-Circuits SBL-1 and 
TUF-3, and Synergy Microwave S-1, popular 
7 dBm LO power parts) to the DBM’s RF 
port, feed the frequency-shifting signal (at the 
proper level) to the LO port, and extract the 
sum and difference products from the mixer’s 
IF port.

There’s more to it than that, however, 
because diode DBMs (along with most other 
modern mixer types) are termination-sensi-
tive. That is, their ports — particularly their 
IF (output) ports — must be resistively ter-
minated with the proper impedance (com-
monly 50 Ω, resistive). A wideband, resistive 
output termination is particularly critical if a 
mixer is to achieve its maximum dynamic 
range in receiving applications. Such a load 
can be achieved by:

• Terminating the mixer in a 50-Ω resistor 
or attenuator pad (a technique usually avoided 
in receiving applications because it directly 
degrades system noise figure);

• Terminating the mixer with a low-noise, 
high-dynamic-range post-mixer amplifier 
designed to exhibit a wideband resistive input 
impedance; or

• Terminating the mixer in a diplexer, a 
frequency-sensitive signal splitter that appears 
as a two-terminal resistive load at its input 
while resistively dissipating unwanted out-
puts and passing desired outputs through to 
subsequent circuitry.

Termination-insensitive mixers are avail-

able, but this label can be misleading. Some 
termination-insensitive mixers are nothing 
more than a termination-sensitive mixer pack-
aged with an integral post-mixer amplifier. 
True termination-insensitive mixers are less 
common and considerably more elaborate. 
Amateur builders will more likely use one of 
the many excellent termination-sensitive mix-
ers available in connection with a diplexer, 
post-mixer amplifier or both.

Figure  12.31 shows one diplexer imple-
mentation. In this approach, L1 and C1 form 
a series-tuned circuit, resonant at the desired 
IF, that presents low impedance between the 
diplexer’s input and output terminals at the 
IF. The high-impedance parallel-tuned circuit 
formed by L2 and C2 also resonates at the 
desired IF, keeping desired energy out of the 
diplexer’s 50-Ω load resistor, R1.

The preceding example is called a band-
pass diplexer. Figure  12.32 shows another 
type: a high-pass/low-pass diplexer in which 
each inductor and capacitor has a reactance 
of 70.7 Ω at the 3-dB cutoff frequency. It can 
be used after a “difference” mixer (a mixer in 
which the IF is the difference between the 
signal frequency and LO) if the desired IF 
and its image frequency are far enough apart 
so that the image power is “dumped” into the 
network’s 51-Ω resistor. (For a “summing” 
mixer — a mixer in which the IF is the sum 
of the desired signal and LO — interchange 
the 50-Ω idler load resistor and the diplexer’s 
“50-Ω Amplifier” connection.) 

Figure  12.33 shows a BJT post-mixer 
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Figure 12.31 — A diplexer resistively terminates energy at unwanted frequencies while passing energy at desired frequencies. This 
band-pass diplexer (A) uses a series-tuned circuit as a selective pass element, while a high-C parallel-tuned circuit keeps the net-
work’s terminating resistor R1 from dissipating desired-frequency energy. Computer simulation of the diplexer’s response with ARRL 
Radio Designer 1.0 characterizes the diplexer’s insertion loss and good input match from 8.8 to 9.2 MHz (B) and from 1 to 100 MHz (C); 
and the real and imaginary components of the diplexer’s input impedance from 8.8 to 9.2 MHz with a 50-Ω load at the diplexer’s output 
terminal (D). The high-C, low-L nature of the L2-C2 circuit requires that C2 be minimally inductive; a 10,000-pF chip capacitor is recom-
mended. This diplexer was described by Rohde and Bucher in Communications Receivers: Principles and Design, 3rd Edition.
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Figure 12.32 — All of the inductors and capacitors in this high-pass/low-pass diplexer (A) exhibit a reactance of 70.7 Ω at its tuned 
circuits’ 3-dB cutoff frequency (the geometric mean of the IF and IF image). B and C show ARRL Radio Designer simulations of this 
circuit configured for use in a receiver that converts 7 MHz to 3.984 MHz using a 10.984-MHz LO. The IF image is at 17.984 MHz, giv-
ing a 3-dB cutoff frequency of 8.465 MHz. The inductor values used in the simulation were therefore 1.33 µH (Q = 200 at 25.2 MHz); 
the capacitors, 265 pF (Q = 1000). This drawing shows idler load and “50-Ω Amplifier” connections suitable for a receiver in which 
the IF image falls at a frequency above the desired IF. For applications in which the IF image falls below the desired IF, interchange 
the 50-Ω idler load resistor and the diplexer’s “50-Ω Amplifier” connection so the idler load terminates the diplexer low-pass filter 
and the 50-Ω amplifier terminates the high-pass filter.

amplifier design made popular by Wes 
Hayward, W7ZOI, and John Lawson, K5IRK. 
RF feedback (via the 1-kΩ resistor) and emit-
ter degeneration (the ac-coupled 5.6-Ω emit-
ter resistor) work together to keep the stage’s 
input impedance near 50 Ω and uniformly 
resistive across a wide bandwidth. Performance 
comparable to the Figure 10.28 circuit can be 
obtained at MF and HF by using paralleled 
2N3904s as shown in Figure  12.34.

Phase Detection with a DBM
As we saw in our exploration of quadrature 

detection, applying two signals of equal fre-
quency to a DBM’s LO and RF ports produces 
an IF-port dc output proportional to the cosine 
of the signals’ phase difference (Figure  
12.35). This assumes that the DBM has a 
dc-coupled IF port, of course. If it doesn’t 
— and some DBMs don’t — phase-detector 
operation is out. Any dc output offset intro-

duces error into this process, so critical phase-
detection applications use low-offset DBMs 
optimized for this service.

12.4.4 Active Mixers
We’ve covered diode DBMs in depth 

because their ease of use in homebrew proj-
ects, high performance, and suitability for 
direct connection into 50-Ω systems makes 
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Figure 12.35 — Generating full-carrier AM 
with a diode DBM. A practical modulator 
using this technique is described in 
Experimental Methods in RF Design.

Figure 12.33 — The post-mixer amplifier 
from Hayward and Lawson’s “Progressive 
Communications Receiver” (November 
1981 QST). This amplifier’s gain, including 
the 6-dB loss of the attenuator pad, is 
about 16 dB; its noise figure, 4 to 5 dB; its 
output intercept, 30 dBm. The 6-dB attenu-
ator is essential if a crystal filter follows 
the amplifier; the pad isolates the ampli-
fier from the filter’s highly reactive input 
impedance. This circuit’s input match to 
50 Ω below 4 MHz can be improved by 
replacing 0.01-µF capacitors C1, C2 and 
C3 with low-inductance 0.1-µF units (chip 
capacitors are preferable). Q1 is a TO-39 
CATV-type bipolar transistor, fT = 1 GHz or 
greater (2N3866, 2N5109, 2SC1252, 
2SC1365 or MRF586 suitable.) Use a small 
heat sink on this transistor. T1 is a broad-
band ferrite transformer, ≈42 µH per wind-
ing: 10 bifilar turns of #28 enameled wire 
on an FT 37-43 core.

Figure 12.34 — At MF and HF, paralleled 
2N3904 BJTs can provide performance 
comparable to that of the Figure 12.33 cir-
cuit with sufficient attention paid to 
device standing current, here set at »30 
mΑ for the pair. The value of decoupling 
resistor R1 is critical in that small 
changes in its value cause a relatively 
large change in the 2N3904s’ bias point. 
This circuit is part of the “EZ-90 Receiver,” 
described by Hayward, Campbell and 
Larkin in Experimental Methods in RF 
Design.
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Figure 12.36 — Two 2N4416 JFETs provide highdynamic range in this mixer circuit from 
Sabin, QST, July 1970. L1, C1 and C2 form the input tuned circuit; L2, C3, and C4 tune 
the mixer output to the IF. The trifilar input and output transformers are broadband 
transmission-line types.

Figure 12.37 — The ICOM IC-765’s single-balanced 2SK125 mixer achieves a high 
dynamic range (per QST Product Review, an IP3 of 10.5 dBm at 14 MHz with preamp 
off). The first receive mixer in many commercial amateur radio transceiver designs of 
the 1980s and 1990s used a pair of 2SK125s or similar JFETs in much this way.

them attractive to amateur builders. The abun-
dant availability of high-quality manufac-
tured diode mixers at reasonable prices makes 
them excellent candidates for home construc-
tion projects. Although diode DBMs are com-
mon in telecommunications as a whole, their 
conversion loss and relatively high LO power 
requirement have usually driven the manu-
facturers of high-performance MF/HF 
Amateur Radio receivers and transceivers to 
other solutions. Those solutions have gener-
ally involved single- or double-balanced FET 
mixers — MOSFETs in the late 1970s and 
early 1980s, JFETs from the early 1980s to 
date. A comprehensive paper that explores 
the differences between various forms of 
active mixers, “Performance Capabilities of 
Active Mixers,” by Ulrich Rohde, N1UL, is 
included in the online content accompanying 
this Handbook.

Many of the JFET designs are variations 
of a single-balanced mixer circuit introduced 
to QST readers in 1970. Figure  12.36 shows 
the circuit as it was presented by William 
Sabin in “The Solid-State Receiver,” QST, 
July 1970. Two 2N4416 JFETs operate in a 
common-source configuration, with push-
pull RF input and parallel LO drive. Figure  
12.37 shows a similar circuit as implemented 
in the ICOM IC-765 transceiver. In this ver-
sion, the JFETs (2SK125s) operate in com-
mon-gate, with the LO applied across a 220-Ω 
resistor between the gates and ground.

Current state of the art for active mixers in 
the HF through GHz range replaces discrete 
device designs with integrated designs such 
as the Analog Devices AD8342 (www. 
analog.com). Using an IC greatly improves 
matching of the active devices, improving 
circuit balance. The AD8342 has a conversion 
gain of 3.7 dB, a noise figure of 12.2 dB, and 
an input IP3 of 22.7 dBm. The device operates 
with a single-voltage power supply and is 
well-suited to interface with digital hardware, 
such as for SDR applications. Reference cir-
cuits for applications at HF and VHF/UHF 
are provided in the device’s datasheet.

12.4.5 The Tayloe Mixer
[The following description of the Tayloe 

Product Detector (a.k.a. — the Tayloe Mixer) 
is adapted from the July 2002 QEX article, 
“Software-Defined Radio For the Masses, 
Part 1” by Gerald Youngblood AC5OG, now 
K5SDR. — Ed.]

The beauty of the Tayloe detector (see ref-
erence listings for Tayloe) is found in both its 
design elegance and its exceptional perfor-
mance. In its simplest form, you can build a 
complete quadrature downconverter with 
only three or four ICs (less the local oscillator) 
at a cost of less than $10. 
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Figure 12.C1 — The equipment setup for measuring mixer performance at HF.

Testing Mixer 
Performance

In order to make proper tests on mix-
ers using signal generators, a hybrid 
coupler with at least 40 dB of isolation 
between the two input ports and an 
attenuator are required. The test set-up 
provided by DeMaw and Collins in QST, 
January 1981, shown in Figure 12.C1 is 
ideal for this.* Two signal generators 
operating near 14 MHz are combined in 
the hybrid coupler, then isolated from 
the mixer under test (MUT) by a variable 
attenuator. The LO is supplied by a VFO 
covering 5.0 – 5.5 MHz and applied to 
the MUT through another variable atten-
uator. The output is isolated with 
another attenuator, amplified and 
applied to a spectrum analyzer for anal-
ysis.

Attenuation should be sufficient to 
provide isolation (minimum of 6 to  
10 dB required) and to result in signal 
levels to the mixer under test (MUT) 
appropriate for the required testing and 
as suitable for the particular mixer 
device.

The 2N5109 amplifier shown may not 
be sufficient for extremely high intercept 
point tests as this stage may no longer 
be transparent (operate linearly) at high 
signal levels. For stability tests, it is rec-
ommended to have a reactive network 
at the output of the mixer for the sole 
purpose of checking whether the mixer 
can become unstable.

The two 14 MHz oscillators must 
have extremely low harmonic content 
and very low noise sidebands. A conve-
nient oscillator circuit is provided in 
Figure 12.C2, based on a 1975 
Electronic Design article.** — Dr Ulrich 
L. Rohde, N1UL

*DeMaw, W1FB, and Collins, ADØW, 
“Modern Receiver Mixers for High 
Dynamic Range,” QST, Jan 1981, p 19.

**U. Rohde, “Crystal Oscillator Provides 
Low Noise,” Electronic Design, Oct 11, 
1975.

Figure 12.C2 — A low-noise VXO circuit for driving the LO port of the mixer under 
test in Figure 12.C1.

Figure  12.38 illustrates a single-balanced 
version of the Tayloe detector. It can be visu-
alized as a four-position rotary switch revolv-
ing at a rate equal to the carrier frequency. 
The 50-Ω antenna impedance is connected to 
the rotor and each of the four switch positions 
is connected to a sampling capacitor. Since 
the switch rotor is turning at exactly the RF 
carrier frequency, each capacitor will track 
the carrier’s amplitude for exactly one-quarter 
of the cycle and will then hold its value for 
the remainder of the cycle. The rotating switch 
will therefore sample the signal at 0°, 90°, 
180° and 270°, respectively. 

As shown in Figure  12.39, the 50-Ω imped-
ance of the antenna and the sampling capaci-
tors form an R-C low-pass filter during the 

period when each respective switch is turned 
on. Therefore, each sample represents the 
integral or average voltage of the signal during 
its respective one-quarter cycle. When the 
switch is off, each sampling capacitor will 
hold its value until the next revolution. If the 
RF carrier and the rotating frequency were 
exactly in phase, the output of each capacitor 
will be a dc level equal to the average value 
of the sample.

If we differentially sum outputs of the 0° 
and 180° sampling capacitors with an op amp 
(see Figure 12.38), the output would be a dc 
voltage equal to two times the value of the 
individually sampled values when the switch 
rotation frequency equals the carrier fre-
quency. Imagine, 6 dB of noise-free gain! The 

same would be true for the 90° and 270° 
capacitors as well. The 0°/180° summation 
forms the I channel and the 90°/270° summa-
tion forms the Q channel of a quadrature 
downconversion. (See the Modulation chap-
ter for more information on I/Q modulation.)

As we shift the frequency of the carrier away 
from the sampling frequency, the values of the 
inverting phases will no longer be dc levels. 
The output frequency will vary according to 
the “beat” or difference frequency between 
the carrier and the switch-rotation frequency 
to provide an accurate representation of all the 
signal components converted to baseband.

Figure  12.40 is the schematic for a simple, 
single-balanced Tayloe detector. It consists of 
a PI5V331, 1:4 FET demultiplexer (an analog 
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Figure 12.38 — Tayloe detector: The switch rotates at the carrier frequency so that each 
capacitor samples the signal once each revolution. The 0° and 180° capacitors differen-
tially sum to provide the in-phase (I) signal and the 90° and 270° capacitors sum to pro-
vide the quadrature (Q) signal.

Figure 12.39 — Track-and-hold sampling 
circuit: Each of the four sampling capaci-
tors in the Tayloe detector form an RC 
track-and-hold circuit. When the switch is 
on, the capacitor will charge to the aver-
age value of the carrier during its respec-
tive one-quarter cycle. During the 
remaining three-quarters cycle, it will hold 
its charge. The local-oscillator frequency 
is equal to the carrier frequency so that 
the output will be at baseband.

Figure 12.40 — Single-balanced Tayloe detector.
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Figure 12.41 — Alias summing on Tayloe detector output: Since the Tayloe detector 
samples the signal, the sum frequency (fc + fs) and its image (–fc – fs) are located at 
the first alias frequency. The alias signals sum with the baseband signals to elimi-
nate the mixing product loss associated with traditional mixers. In a typical mixer, 
the sum frequency energy is lost through filtering thereby increasing the noise fig-
ure of the device.

Figure 12.42 — The SA602/612’s equivalent circuit reveals its Gilbert-cell origins.

switch) that switches the signal to each of the 
four sampling capacitors. The 74AC74 dual 
flip-flop is connected as a divide-by-four 
Johnson counter to provide the two-phase 
clock to the demultiplexer chip. The outputs 
of the sampling capacitors are differentially 
summed through the two LT1115 ultra-low-
noise op amps to form the I and Q outputs, 
respectively. 

Note that the impedance of the antenna 
forms the input resistance for the op-amp gain 
as shown in the equation for gain below. This 
impedance may vary significantly with the 
actual antenna. In a practical receiver, a buf-
fer amplifier should be used to stabilize and 
control the impedance presented to the mixer.

Since the duty cycle of each switch is 25%, 
the effective resistance in the RC network is 
the antenna impedance multiplied by four in 
the op-amp gain formula:

= f

ant

RG
4R

For example, with a feedback resistance, 
Rf, of 3.3 kΩ and antenna impedance, Rant, 
of 50 Ω, the resulting gain of the input stage 
is:

= =
×

3300G 16.5
4 50

The Tayloe detector may also be analyzed 
as a digital commutating filter (see reference 
by Kossor). This means that it operates as a 
very-high-Q tracking filter, where the follow-
ing equation determines the bandwidth:

=
πdet

ant s

1BW
n R C

where n is the number of sampling capacitors, 
Rant is the antenna impedance and Cs is the 
value of the individual sampling capacitors. 
Qdet of the filter is:

= c
det

det

fQ
BW

where fc is the center frequency and BWdet is 
the bandwidth of the filter.

By example, if we assume the sampling 
capacitor to be 0.27 µF and the antenna imped-
ance to be 50 Ω, then BW and Q at an operat-
ing frequency of 14.001 MHz are computed 
as follows: 

−= =
π × × × ×

det 7
1BW 5895 Hz

4 50 (2.7 10 )

−×
= =

6

det
14.001 10Q 2375
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The real payoff in the Tayloe detector is its 
performance. It has been stated that the ideal 
commutating mixer has a minimum conver-
sion loss (which determines noise figure — 
see the RF Techniques chapter) of 3.9 dB. 

Typical high-level diode mixers have a con-
version loss of 6-7 dB and noise figures 1 dB 
higher than the loss. The Tayloe detector has 
less than 1 dB of conversion loss, remarkably. 
How can this be? The reason is that it is not 
really a mixer but a sampling detector in the 
form of a quadrature track-and-hold circuit. 
This means that the design adheres to discrete-
time sampling theory, which, while similar 
to mixing, has its own unique characteristics. 
Because a track and hold actually holds the 
signal value between samples, the signal out-
put never goes to zero. (See the DSP and 
SDR Fundamentals chapter for more on 
sampling theory.)

This is where aliasing can actually be used 

to our benefit. Since each switch and capaci-
tor in the Tayloe detector actually samples the 
RF signal once each cycle, it will respond to 
alias frequencies as well as those within the 
Nyquist frequency range. In a traditional 
direct-conversion receiver, the local-oscilla-
tor frequency is set to the carrier frequency 
so that the difference frequency, or IF, is at  
0 Hz and the sum frequency is at two times 
the carrier frequency. We normally remove 
the sum frequency through low-pass filtering, 
resulting in conversion loss and a correspond-
ing increase in noise figure. In the Tayloe 
detector, the sum frequency resides at the first 
alias frequency as shown in Figure  12.41. 
Remember that an alias is a real signal and 
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Figure 12.43 — The SA602/612’s inputs and outputs can be single- or double-ended (balanced). The balanced configurations mini-
mize second-order IMD and harmonic distortion, and unwanted envelope detection in direct-conversion service. CT tunes its induc-
tor to resonance; CB is a bypass or dc-blocking capacitor. The arrangements pictured don’t show all the possible input/output 
configurations; for instance, a center-tapped broadband transformer can be used to achieve a balanced, untuned input or output.

will appear in the output as if it were a base-
band signal. Therefore, the alias adds to the 
baseband signal for a theoretically lossless 
detector. In real life, there is a slight loss, 
usually less than 1 dB, due to the resistance 
of the switch and aperture loss due to imper-
fect switching times. 

12.4.6 The NE602/SA602/
SA612 Gilbert Cell Mixer

Introduced as the Philips NE602 in the mid-
1980s, the NXP SA602/SA612 mixer-oscil-
lator IC has become greatly popular with 
amateur experimenters for receive mixers, 
transmit mixers and balanced modulators. 
The SA602/612’s mixer is a Gilbert cell 
multiplier. Figure  12.42 shows its equivalent 
circuit. A Gilbert cell consists of two differ-
ential transistor pairs whose bias current is 
controlled by one of the input signals. The 
other signal drives the differential pairs’ 
bases, but only after being “predistorted” in 
a diode circuit. (This circuit distorts the signal 
equally and oppositely to the inherent distor-
tion of the differential pair.) The resulting 
output signal is an accurate multiplication of 
the input voltages.

SA602/612A VARIANTS
The SA602/612 began life as the NE602/

SA602. SA-prefixed 602/612 parts are 
specified for use over a wider temperature 

range than their NE-prefixed equivalents. 
Parts without the A suffix have a slightly lower 
IP3 specification than their A counterparts. 
The pinout-identical NE612A and SA612A 
cost less than their 602 equivalents as a result 
of wider tolerances. All variants of this popu-
lar part should work satisfactorily in most 

“NE602” experimenter projects. The same 
mixer/oscillator topology, modified for 
slightly higher dynamic range at the expense 
of somewhat less mixer gain, is also available 
in the mixer/oscillator/FM IF chips NE/
SA605 (input IP3 typically –10 dBm) and  
NE/SA615 (input IP3 typically –13 dBm).

Figure 12.44 — An NPN transistor at the output of an SA602/612 mixer provides power 
gain and low-impedance drive for a 4.914-MHz crystal filter. A low-reactance coupling 
capacitor can be added between the emitter and the circuitry it drives if dc blocking is 
necessary. [Circuit from the Elecraft KX1 transceiver courtesy of Wayne Burdick, N6KR]
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Figure 12.45 — SA602/612 product detector AGC from the Elecraft KX1 transceiver. 
Designed by Wayne Burdick, N6KR, this circuit first appeared in the Wilderness Radio 
SST transceiver with an LED used at D1 for simultaneous signal indication and rectifi-
cation. The selectivity provided by the crystal filter preceding the detector works to mit-
igate the effects of increasing detector distortion with gain reduction. [Circuit courtesy 
of Wayne Burdick, N6KR, and Bob Dyer, K6KK]

SA602/612 USAGE NOTES
The SA602/612’s typical current drain is 

2.4 mA; its supply voltage range is 4.5 to  
8.0 V. Its inputs (RF) and outputs (IF) can be 
single- or double-ended (balanced) according 
to design requirements (Figure  12.43). The 
equivalent ac impedance of each input is 
approximately 1.5 kΩ in parallel with 3 pF; 
each output’s resistance is 1.5 kΩ. Figure  
12.44 shows the use of an NPN transistor at 
the SA602/612 output to obtain low-imped-
ance drive for a crystal filter; Figure  12.45 
shows how AGC can be applied to an 
SA602/612. 

The SA602/612 mixer can typically handle 

signals up to 500 MHz. At 45 MHz, its noise 
figure is typically 5.0 dB; its typical con
version gain, 18 dB. Note that in contrast to 
the diode-based mixers described earlier, 
which have conversion loss, most Gilbert-cell 
mixers have conversion gain. Considering the 
SA602/612’s low current drain, its input IP3 
(measured at 45 MHz with 60-kHz spacing) 
is usefully good at –15 dBm. Factoring in the 
mixer’s conversion gain results in an equiva-
lent output IP3 of about 3 dBm.

The SA602/612’s on-board oscillator can 
operate up to 200 MHz in LC and crystal-
controlled configurations (Figure  12.46 
shows three possibilities). Alternatively, 

energy from an external LO can be applied 
to the chip’s pin 6 via a dc blocking capacitor. 
At least 200 mV P-P of external LO drive is 
required for proper mixer operation.

The SA602/612 was intended to be used 
as the second mixer in double-conversion FM 
cellular radios, in which the first IF is typi-
cally 45 MHz, and the second IF is typically 
455 kHz. Such a receiver’s second mixer can 
be relatively weak in terms of dynamic range 
because of the adjacent-signal protection 
afforded by the high selectivity of the first-IF 
filter preceding it. When used as a first mixer, 
the SA602/612 can provide a two-tone third-
order dynamic range between 80 and 90 dB, 
but this figure is greatly diminished if a pre-
amplifier is used ahead of the SA602/612 to 
improve the system’s noise figure.

When the SA602/612 is used as a second 
mixer, the sum of the gains preceding it should 
not exceed about 10 dB. An SA602/612 can 
serve as low-distortion (THD <1%) product 
detector if overload is avoided through the 
use of AGC and appropriate attenuation 
between the ‘602/612 and the IF strip that 
drives it.

The SA602/612 is generally not a good 
choice for VHF and higher-frequency mixers 
because of its input noise and diminishing 
IMD performance at high frequencies. There 
are applications, however, where 6-dB noise 
figure and 60- to 70-dB dynamic range per-
formance is adequate. If your target specifica-
tions exceed these numbers, you should 
consider other mixers at VHF and up.

Figure  12.47 shows the schematic of a 
complete 7-MHz direct-conversion receiver 
based on the SA602/612 and the widely used 
LM386 AF power amplifier IC. Such simple 
product-detector-based receivers sometimes 
suffer from incidental envelope detection, 
which causes audio from strong, full-carrier-
AM shortwave or medium-wave broadcast 
stations to be audible regardless of where the 
receiver LO is tuned. RF attenuation and/or 
band-limiting the receiver input with a dou-
ble- or triple-tuned-circuit filter can usually 
reduce this effect to inaudibility.
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Figure 12.46 — Three SA602/612 oscillator configurations: crys-
tal overtone (A); crystal fundamental (B); and LC-controlled (C). 
T1 in C is a 10.7-MHz IF transformer, green core, 7:1 turns ratio, 
Mouser Electronics part no. 42IF123-RC.

Figure 12.47 — A 7-MHz direct-conversion receiver based on the NE602/SA602/612. Equipped with a stage or two of audio filtering 
and a means of muting during transmit periods, such a receiver is entirely sufficient for basic Amateur Radio communication at MF 
and HF. L1 and L2 are 1.2 µH. This receiver is described in greater detail in Experimental Methods in RF Design.
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12.5 Demodulation and Detection
Translating information from radio form 

back into its original form — demodulation 
— is also traditionally called detection. If the 
information signal we want to detect consists 
merely of a baseband signal frequency-shifted 
into the radio realm, almost any low-distortion 
frequency-shifter that works according to the 
sidebar “Mixer Math: Mixing as Multi
plication” can do the job acceptably well.

Sometimes we recover a radio signal’s 
information by shifting the signal back to its 
original form with no intermediate frequency 
shifts. This is direct conversion. More com-
monly, we first convert a received signal to 
an intermediate frequency so we can amplify, 
filter and level-control it prior to detection. 
This is superheterodyne reception. 

Whatever the receiver type, however, the 
received signal ultimately makes its way to 
one last mixer or demodulator (analog or 
digital) that completes the final translation of 
information back into audio, video, or into a 
signal form suitable for device control or 
computer processing. 

In a heterodyne receiver’s last translation, 
the incoming signal is converted back to 
recovered-information form by mixing it with 
one last RF signal. In heterodyne or product 
detection, that final frequency-shifting signal 
comes from a BFO. The incoming-signal 
energy goes into one mixer input port, BFO 
energy goes into the other, and audio (or what-
ever form the desired information takes) 
results. 

In SDR receivers, the process may involve 
the digital equivalent of the analog process 
or some other mathematical process may be 
used.

12.5.1 Envelope Detection 
and Full-Carrier AM

If the incoming signal is full-carrier AM 
and we don’t need to hear the carrier as a tone, 
we can modify this process somewhat, if we 
want. We can use the carrier itself to provide 
the heterodyning energy in a process called 
envelope detection.

A full-carrier AM signal’s modulation 
envelope corresponds to the shape of the 
modulating wave. If we can derive from the 
modulated signal a voltage that varies accord-
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Figure 12.48 — Radio’s simplest demodu-
lator, the diode rectifier (A), demodulates 
an AM signal by acting as a switch that 
multiplies the carrier and sidebands to 
produce frequency sums and differences, 
two of which sum into a replica of the 
original modulation (B). Modern receivers 
often use an emitter follower to provide 
low-impedance drive for their diode 
detectors (C).
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ing to the modulation envelope, we will have 
successfully recovered the information pres-
ent in the sidebands. This process is called 
envelope detection, and we can achieve it by 
doing nothing more complicated than half-
wave-rectifying the modulated signal with a 
diode (Figure  12.48).

That a diode demodulates an AM signal 
by allowing its carrier to multiply with its 
sidebands may jar those long accustomed to 
seeing diode detection ascribed merely to 
“rectification.” But a diode is certainly non-
linear. It passes current in only one direction, 
and its output voltage is (within limits) pro-
portional to the square of its input voltage. 
These nonlinearities allow it to multiply.

Exploring this mathematically is tedious 
with full-carrier AM because the process 
squares three summed components (carrier, 
lower sideband and upper sideband). Rather 
than fill the better part of a page with algebra, 
we’ll instead characterize the outcome ver-
bally: In “just rectifying” a DSB, full-carrier 
AM signal, a diode detector produces

• Direct current (the result of rectifying the 
carrier);

• A second harmonic of the carrier;
• A second harmonic of the lower sideband;
• A second harmonic of the upper sideband;
• Two difference-frequency outputs (upper 

sideband minus carrier, carrier minus lower 
sideband), each of which is equivalent to the 
modulating wave-form’s frequency, and both 
of which sum to produce the recovered infor-
mation signal; and

• A second harmonic of the modulating 
waveform (the frequency difference between 
the two sidebands).

Three of these products are RF signals. 
Low-pass filtering, sometimes little more than 
a simple RC network, can remove the RF 
products from the detector output. A capaci-
tor in series with the detector output line can 
block the carrier-derived dc component. That 
done, only two signals remain: the recovered 
modulation and, at a lower level, its second 
harmonic — in other words, second-harmonic 
distortion of the desired information signal.

12.5.2 Detecting AM Signals
Note that the shape of the envelope of the 

modulated RF signal matches the shape of 
the modulating signal. (This is only true for 
full AM including the carrier and both side-
bands. The envelope of a single-sideband SSB 
signal is not an accurate reproduction of the 
modulating signal which is why it cannot be 
recovered by an envelope detector.) That sug-
gests a possible demodulation method. A 
diode detector puts out a signal proportional 
to the envelope of the RF signal, recovering 
the original modulation. See Figure  12.49. 
The capacitor should be large enough that it 
filters out most of the RF ripple but not so 

Figure 12.49 — A simple diode-type AM 
detector, also known as an envelope 
detector (A). The demodulated output 
waveform has the same shape as the 
envelope of the RF signal (B). In (B) the 
thin line is the RF signal modulated with a 
sine wave and the darker line is the 
demodulated audio frequency with some 
residual RF ripple.

Figure 12.50 — Block diagram of a syn-
chronous detector. The voltage-controlled 
oscillator (VCO) is part of a phase-locked 
loop that locks the oscillator to the carrier 
frequency of the incoming AM or DSBRC 
signal.

large that it attenuates the higher audio fre-
quencies.

One problem with AM is that if the ampli-
tude of the carrier becomes attenuated for any 
reason, then the modulation is distorted, espe-
cially the negative-going portion near the 
100%-modulation (zero power) point. This 
can happen due to a propagation phenomenon 
called selective fading. It occurs when the 
signal arrives simultaneously at the receive 
antenna via two or more paths, such as ground 
wave and sky wave. If the difference in the 
distance of the two paths is an odd number 
of half-wavelengths, then the two signals are 
out of phase. If the amplitudes are nearly the 
same, they cancel and a deep fade results. 
Since wavelength depends on frequency, the 
fading is frequency-selective. On the lower-
frequency amateur bands it is possible for an 

AM carrier to be faded while the two side-
bands are still audible.

A solution is to regenerate the carrier in the 
receiver. Since the carrier itself carries no 
information about the modulation, it is not 
necessary for demodulation. The transmitted 
signal may be a standard full-carrier AM sig-
nal or the carrier may be suppressed, resulting 
in double sideband, suppressed carrier 
(DSB-SC). An AM detector that regenerates 
the carrier from the signal is known as a syn-
chronous detector. Often the regenerated car-
rier oscillator is part of a phase-locked loop 
(PLL) that locks onto the incoming carrier. 
See Figure  12.50. Synchronous detectors not 
only reduce the effects of selective fading but 
also are usually more linear than diode detec-
tors so they have less distortion. Some com-
mercial short-wave broadcasts include a 
reduced, but not suppressed, carrier (DSB-RC) 
to allow operation with PLL-type synchro-
nous detectors.

Since the advent of single sideband in the 
1960s, full-carrier double-sideband AM has 
become less popular in Amateur Radio. It 
does retain several advantages however. We 
have already mentioned the simplicity of the 
circuitry. Another advantage is that, because 
of the presence of the carrier, the automatic 
gain control system in the receiver remains 
engaged at all times, ensuring a constant audio 
level. Unlike with SSB, there is no rush of 
noise during every pause in speech. Also tun-
ing is less critical than with SSB. There is no 
“Donald Duck” sound if the receiver is 
slightly mistuned. Finally, the audio quality 
of an AM signal is usually better than that of 
SSB because of the lack of a crystal filter in 
the transmit path and the wider filter in the 
receiver.

SDR AM SQUARE-LAW DETECTOR
(This section is taken from the Jul/Aug 2009 

QEX column SDR: Simplified by W5IFS.) We 
need to convert the full-carrier double side-
band signal into the baseband information. 
One of the classic AM demodulation methods 
is a square-law detector. Very few devices 
have a true square law response over a large 
range of signals. The JFET comes close, but 
has limited range. With DSP we can imple-
ment a square law detector with range that is 
limited only by the size of the data that the 
DSP can handle. If we use 16-bit data for the 
input, our multiplier must have a 32-bit result. 
This is a very simple and fast operation for 
the DSP. 

The square-law response to a DSB-AM 
signal with a carrier, sin(y), and two side-
bands, cos(x-y) and cos(x+y) is as follows:

Vout = (1sin(y) + 1⁄2 cos(x–y) – 1⁄2 cos(x+y))2

Applying trig identities and working through 
the math:
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Vout = sin(y)2 + sin(y)cos(x–y) – 
sin(y)cos( x+y) + ¼ cos(x+y)2 + ¼ cos(x–y)2

Vout = 3⁄4 – 1⁄2 sin(2y) + 1⁄2 sin(x) +  
1⁄2 sin(2y–x) – 1⁄2 sin(–x) – 1⁄2 sin (2y+x) + 
1⁄8 cos(2y+2x) + 1⁄8 cos (2y–2x)

Finally:

Vout = 3⁄4 + 1 sin(x) – 1⁄2 sin(2y) +  
1⁄2 sin(2y–x) – 1⁄2 sin(2y+x) +  
1⁄8 cos(2y+2x)+ 1⁄8 cos(2y–2x)

(This result will have 32 bits, but our filter 
math should only be 16 bits. We can divide 
the result by 65536 to get the signal back into 
range for further operations. In software, this 
just means we throw away the bottom 16 bits 
of data before we store the result.)

The signal we want is sin(x), but we have 
a significant dc component (3⁄4) and a whole 
bunch of unwanted signals at or close to twice 
the carrier frequency, 2y. The only real prob-
lem is the dc component, since it is really 
close to the desired audio signal. We need  
to use a band-pass filter to remove the dc  
and the RF components. Since all but the dc 
are far removed from the desired audio, we 
can use a relatively simple band-pass filter.

12.5.3 Demodulating  
SSB Signals

A complete discussion of the three main 
techniques used to receive and demodulate 
SSB signals — filter, phasing, and Weaver 
— can be found in the Modulation chapter. 

Figure 12.51 — Block diagram of a digital SSB demodulator.

Examples of practical circuits that implement 
these methods are included in the receiver 
projects provided in the online content.

HETERODYNE RECEIVERS
As with an AM synchronous detector, the 

carrier is regenerated in a superheterodyne 
receiver but since only one sideband is pres-
ent, the synchronous detector’s phase-locked 
loop (described above) is not possible. 
Instead, the detector uses a free-running beat-
frequency oscillator (BFO). The detector 
itself is called a product detector because its 
output is the mathematical product of the BFO 
and the SSB signal. The BFO must be tuned 
to the same frequency as the suppressed car-
rier to prevent distortion of the recovered 
audio. That is done by carefully tuning the 
local oscillator (the main tuning dial) such 
that after conversion to the intermediate fre-
quency, the suppressed carrier aligns with the 
BFO frequency. Demodulation of SSB sig-
nals in an analog heterodyne receiver must 
be done using a product detector or equivalent 
technique. Envelope detection will not work 
because the waveform does not have the shape 
of the modulating waveform.

SDR RECEIVERS
SDR receivers use I/Q quadrature demodu-

lator architecture for SSB and many other 
modes. This technique is discussed in the 
Modulation chapter. A block diagram of an 
SDR demodulator for SSB is shown in Figure  
12.51. This particular system shows the phas-
ing method of SSB generation in reverse. 
The excellent tutorial, “Understanding 

the ‘Phasing Method’ of Single Sideband 
Demodulation” by Rick Lyons (www.dsp 
related.com/showarticle/176.php) explains 
the technique in detail. The filter method and 
the Weaver method can also be implemented 
with an I/Q architecture although this is not 
the usual method used by designers.

A quadrature I/Q demodulator generates 
the I1 and Q1 signals which are low-pass fil-
tered to remove high-frequency components, 
then down-converted using decimation. The 
I and Q channels are band-pass filtered, with 
a Hilbert transformer applied to the Q channel 
as described in the DSP and SDR Funda-
mentals chapter. The resulting streams are 
then combined so that the Q channel is sub-
tracted from the I channel. This leaves the 
USB signal, which is converted to analog 
audio, and low-pass filtered. 

If a LSB signal is being received, change 
the summing symbol immediately preceding 
the DAC so as to add the I and Q channels 
together. This produces the LSB signal which 
is then converted to audio and filtered as 
before. In practice, both the LSB and USB 
signals are available at any time and the dig-
ital audio stream can be routed to the DAC 
and low-pass filter under software control.

12.5.4 Demodulating  
FM and PM

ANALOG DEMODULATORS
Although angle modulation does generate 

an infinite number of sidebands, demodulat-
ing angle modulation requires little more than 
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turning it into AM and then envelope- or 
product-detecting it! But this is what happens 
in many of our FM receivers and transceivers, 
and we can get a handle on this process by 
realizing that a form of angle-modulation-to-
AM conversion is created from linear distor-
tion of the modulation by amplitude-linear 
circuitry. This happens to angle-modulated 
signals in any linear circuit that doesn’t have 
an amplitude-versus-frequency response 
that’s utterly flat out to infinity.

Think of what happens, for example, when 
we sweep a constant-amplitude signal up in 
frequency — say, from 1 kHz to 8 kHz — and 
pass it through a 6-dB-per-octave filter 
(Figure  12.52). The filter’s rolloff causes the 
output signal’s amplitude to decrease as fre-
quency increases. Now imagine that we lin-
early sweep our constant-amplitude signal 
back and forth between 1 kHz and 8 kHz at 
a constant rate of 3 kHz per second. The filter’s 
output amplitude now varies cyclically over 
time as the input signal’s frequency varies 
cyclically over time. Right before our eyes, a 
frequency change turns into an amplitude 
change. The process of converting angle 
modulation to amplitude modulation has 
begun.

This is what happens whenever an angle-
modulated signal passes through circuitry 
with an amplitude-versus-frequency response 
that isn’t flat out to infinity. As the signal 
deviates across the frequency-response curves 
of whatever circuitry passes it, its angle mod-
ulation is, to some degree, converted to AM 
— a form of crosstalk between the two mod-
ulation types, if we wish to look at it that way. 
(Variations in system phase linearity also 
cause distortion and FM-to-AM conversion, 
because the sidebands do not have the proper 
phase relationship with respect to each other 
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Figure 12.52 — Frequency-sweeping a 
constant-amplitude signal and passing it 
through a low-pass filter results in an 
output signal that varies in amplitude 
with frequency. This is the principle 
behind the angle-demodulation process 
called frequency discrimination.

Figure 12.53 — A discriminator (A) con-
verts an angle-modulated signal’s devia-
tion into an amplitude variation (B) and 
envelope-detects the resulting AM signal. 
For undistorted demodulation, the dis-
criminator’s amplitude-versus-frequency 
characteristic must be linear across the 
input signal’s deviation. A crystal discrim-
inator uses a crystal as part of its fre-
quency-selective circuitry. The ratio 
detector at (C) operates similarly but has 
an improved rejection of amplitude modu-
lated noise.
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and with respect to the carrier.)
All we need to do to put this effect to prac-

tical use is develop a circuit that does this 
frequency-to-amplitude conversion linearly 
across the frequency span of the modulated 
signal’s deviation. Then we envelope-demod-

Figure 12.54 — In quadrature detection, an angle-modulated signal multiplies with a 
time-delayed copy of itself to produce a dc voltage that varies with the amplitude and 
polarity of its phase or frequency excursions away from the carrier frequency. A practi-
cal quadrature detector can be as simple as a 0° power splitter (that is, a power splitter 
with in-phase outputs), a diode double-balanced mixer, a length of coaxial cable 1⁄4-λ 
(electrical) long at the carrier frequency, and a bit of low-pass filtering to remove the 
detector output’s RF components. IC quadrature detectors achieve their time delay 
with one or more resistor-loaded tuned circuits (Figure 12.55).

Figure 12.55 — The Freescale MC3359/NTE680 is one of many FM subsystem ICs that 
include limiter and quadrature-detection circuitry. The TIME DELAY coil is adjusted for 
minimum recovered-audio distortion.

ulate the resulting AM, and we have achieved 
angle demodulation.

Figure  12.53 shows such a circuit — a 
Foster-Seeley discriminator — and the sort 
of amplitude-versus-frequency response we 
expect from it. (www.electronics-notes.com/

articles/radio/modulation/fm-frequency-
demodulation-foster-seeley-detector- 
discriminator.php) It’s actually possible to 
use an AM receiver to recover understandable 
audio from a narrow angle-modulated signal 
by “off-tuning” the signal so its deviation rides 
up and down on one side of the receiver’s IF 
selectivity curve. This slope detection process 
served as an early, suboptimal form of fre-
quency discrimination in receivers not 
designed for FM It is always worth trying as 
a last-resort-class means of receiving narrow-
band FM with an AM receiver.

The ratio detector in Figure 12.53C is a 
variation on the discriminator which is better 
at rejecting AM noise mixed with the FM 
signal. (www.electronics-notes.com/ 
articles/radio/modulation/fm-frequency-
d e m o d u l a t i o n - r a t i o - d e t e c t o r - 
discriminator.php) Note that the diodes are 
in series in this circuit. A similar phase shift 
occurs in the third transformer winding as the 
signal moves away from the frequency of the 
tuned transformer winding. This causes an 
imbalance in the transformer secondary and 
current flows in the third winding. That signal 
is then filtered by C4 and R3 before being 
passed to the audio stages of the receiver. 

QUADRATURE DETECTORS
It’s also possible to demodulate an angle-

modulated signal merely by multiplying it 
with a time-delayed copy of itself in a double-
balanced mixer as shown in Figure  12.54; 
the sidebar, “Mixer Math: Quadrature 
Demodulation,” explains the process numeri-
cally.

An ideal quadrature detector puts out 0 V 
dc when no modulation is present (with the 
carrier at fc). The output of a real quadrature 
detector may include a small dc offset that 
requires compensation. If we need the detec-
tor’s response all the way down to dc, we’ve 
got it; if not, we can put a suitable blocking 
capacitor in the output line for ac-only cou-
pling.

Quadrature detection is more common than 
frequency discrimination in current receivers 
because it doesn’t require a special discrimi-
nator transformer or resonator, and because 
the necessary balanced-detector circuitry can 
easily be implemented in IC structures along 
with limiters and other receiver circuitry. The 
NXP Semiconductor SA604A FM IF IC is 
one example of this; Figure  12.55 shows 
another, the Freescale Semiconductor (for-
merly Motorola) MC3359 (equivalent, 
NTE860). Quadrature detection is also simple 
to perform in SDR designs.

AMPLITUDE LIMITING 
FM radio communication systems are 

superior to AM in their ability to suppress and 
ignore static, manmade electrical noise and 
(through a characteristic called capture effect) 
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co-channel signals sufficiently weaker than 
the desired signal. AM-noise immunity and 
capture effect are not intrinsic to angle mod-
ulation, however; they must be designed into 
the angle-modulation receiver in the form of 
signal amplitude limiting.

The amplitude of a quadrature detector’s 

Mixer Math: Quadrature Demodulation
Demodulating an angle-modulated signal merely by multiplying it with a time-

delayed copy of itself in a double-balanced mixer results in quadrature demodula-
tion (Figure 12.54). To illustrate this mathematically, for simplicity’s sake, we’ll 
represent the mixer’s RF input signal as just a sine wave with an amplitude, A:

A sin (2 ft)π

and its time-delayed twin, fed to the mixer’s LO input, as a sine wave with an ampli-
tude, A, and a time delay of d:

Asin [2 f(t d)]π +

Setting this special mixing arrangement into motion, we see

A sin (2 ft) A sin (2 ft d)π × π +

2 2 2A A A
cos (2 fd) cos (2 fd) cos (2 2 ft) sin (2 fd) sin (2 2 ft)

2 2 2
= π − π × π + π × π

Two of the three outputs — the second and third terms — emerge at twice the 
input frequency; in practice, we’re not interested in these, and filter them out. The 
remaining term — the one we’re after — varies in amplitude and sign according to 
how far and in what direction the carrier shifts away from its resting or center fre-
quency (at which the time delay, d, causes the mixer’s RF and LO inputs to be 
exactly 90° out of phase — in quadrature — with each other). We can examine this 
effect by replacing f in the RF input and LO input sinusoids with the sum term fc + 
fs, where fc is the center frequency and fs is the frequency shift. A 90° time delay is 
the same as a quarter cycle of fc, so we can restate d as

c

1
d

4f
=

The first term of the detector’s output then becomes

( )
2

c s
A

cos 2 (f f )d
2

π +

2

c s
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A 1
cos 2 (f f )

2 4f


= π + 

 
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c
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2 2 2f

 ππ
= + 

 
When fs is zero (that is, when the carrier is at its center frequency), this reduces 

to

2A
cos 0

2 2
π  = 

 
As the input signal shifts higher in frequency than fc, the detector puts out a posi-

tive dc voltage that increases with the shift. When the input signal shifts lower in fre-
quency than fc, the detector puts out a negative dc voltage that increases with the 
shift. The detector therefore recovers the input signal’s frequency or phase modula-
tion as an amplitude-varying dc voltage that shifts in sign as fs varies around fc — 
in other words, as ac. We have demodulated FM by means of quadrature detection.

input signal affects the amplitude of a quadra-
ture detector’s three output signals. A quadra-
ture detector therefore responds to AM, and 
so does a frequency discriminator. To achieve 
FM’s excellent amplitude noise immunity, 
then, these angle demodulators must be pre-
ceded by limiter circuitry that removes all 

amplitude variations from the incoming sig-
nal.

SDR ANGLE DEMODULATION
A popular technique for angle demodula-

tion starts with a phase detector as shown in 
Figure  12.56. The angle-modulated signal 
is down-converted to a convenient frequency 
and input to a pair of multipliers where it is 
mixed with a pair of constant frequency LO 
signals in quadrature. Low-pass filters then 
remove signals at the sum frequency, leaving 
only the I and Q baseband signals. 

In PM demodulation, the phase comparison 
is an absolute comparison against the carrier 
phase. The phase angle of the input signal, 
relative to the LO center frequency, can be 
determined from the I and Q signals as:

− 
ϕ = 

 

Q1

I

V
tan

V
 

The arctan function can be computed either 
by polynomial approximations or a lookup 
table, depending on system resources. If the 
signal is a PM signal, the phase signal contains 
the original modulation and can be filtered 
and output as audio.

FM demodulation requires additional steps 
as a special case of PM. The change in angle 
from the unmodulated carrier is constantly 
increasing or decreasing and exceeds ±90° as 
a normal part of operation. For that reason, a 
simple phase comparator using the recovered 
carrier will not demodulate FM. FM requires 
that we measure the rate-of-change of phase 
and sum those incremental phase changes.

Since frequency is defined as the rate-of-
change of phase, it is necessary to differenti-
ate the phase signal to recover the FM 
modulation signal. Implementing differentia-
tion in DSP involves subtracting each sample 
from the previous sample. It is necessary to 
account for the point at which phase passes 
through 360º and resets to 0º. This can be 
done through special routines or by scaling 
of fixed-point data in the computations so that 
the phase rollover and integer rollover (65535 
to 0, for example, in 16-bit math) coincide.

The FM signal will also need a de-empha-
sis filter (see the Modulation and 
Transmitting chapters) to cancel the high-
frequency gain that was added during the FM 
process by the modulator.
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Figure 12.56 — An FM detector using an arctangent phase detector and a differentiator.

12.6 Automatic Gain Control (AGC)
The amplitude of the desired signal at each 

point in the receiver is generally controlled 
by the AGC system, although manual control 
is usually provided as well. Each stage has a 
distortion versus signal level characteristic 
that must be known, and the stage input level 
must not become excessive. The signal being 
received has a certain signal-to-distortion 
ratio that must not be degraded too much by 
the receiver. For example, if an SSB signal 
has –30 dB distortion products the receiver 
should create additional distortion no greater 
than –40 dB with respect to the desired signal. 
The correct AGC design ensures that each 
stage gets the right input level. It is often 
necessary to redesign some stages in order to 
accomplish this task.

While this chapter deals mostly with AGC 
in the guise of analog circuits, the same func-
tion is also implemented digitally in DSP and 
SDR receivers. The goal of both is the same 
— to maintain a signal level at all stages of 
the receiver that is neither too large nor too 
small so that the various processing systems 
operate properly. Whether or not the AGC 
offset and time constant are implemented by 
an analog component or by a microprocessor 
output is immaterial. The point is to manage 
the RF amplifier gain so that the overall 
receiver behavior is satisfactory.

AGC in the receive signal chain of an SDR 
should not be confused with AGC in an ana-
log receiver. AGC in the analog receiver will 
adjust the fixed dynamic range of the receiver 
up or down, altering the weak and strong sig-
nal performance of the radio dynamically.

The effects of an improperly operating 
AGC system can be quite subtle or nearly 
disabling to a receiver and vary with how the 
AGC system is constructed. This chapter 

attempts to describe the requirements for 
proper operation and provides some examples 
of implementation and common AGC failures 
in terms of analog circuitry which is some-
what easier to describe than software algo-
rithms, noting that similar behaviors exist 
even in purely software receivers. The inter-
ested student should consider studying the 
AGC systems of commercial receivers to 
understand how professional design teams 
deal with the problem of managing so much 
gain with such stringent requirements for 
linearity and distortion.

THE AGC LOOP
Figure  12.57A shows a typical AGC loop 

that is often used in amateur superhet receiv-
ers. The AGC is applied to the stages through 
RF decoupling circuits that prevent the stages 
from interacting with each other. The AGC 
amplifier helps to provide enough AGC loop 
gain so that the gain-control characteristic of 
Figure 12.57B is achieved. If effect, the AGC 
system causes the receiver to act as a compres-
sion amplifier with lower overall gain for 
stronger signals. 

The AGC action does not begin until a cer-
tain level, called the AGC threshold, is reached. 
The THRESHOLD VOLTS input in Figure 
12.57A serves this purpose. After that level is 
exceeded, the audio level increases more 
slowly than for weaker signals. The audio rise 
beyond the threshold value is usually in the 5 
to 10 dB range. Too much or too little audio 
rise are both undesirable for most operators.

As an option, the AGC signal to the RF 
amplifier is offset by the 0.6 V forward drop 
of the diode so that the RF gain does not start 
to decrease until larger signals appear. This 
prevents a premature increase of the receiver 

noise figure. Also, a time constant of one or 
two seconds after this diode helps keep the 
RF gain steady for the short term. 

Figure  12.58 is a typical plot of the signal 
levels at the various stages of a certain ham 
band receiver using analog circuitry. Each 
stage has the proper level and a 115 dB change 
in input level produces a 10 dB change in 
audio level. A manual gain control could pro-
duce the same effect.

AGC PUMPING
AGC pumping can occur in receivers in 

which the AGC measurement point is located 
ahead of the stages that determine operating 
bandwidth, such as when an audio filter is 
added to a receiver externally and outside the 
reach of the AGC system. If the weak signal 
is the only signal within the first IF passband, 
the AGC will cause the receiver to be at max-
imum gain and optimum SNR. If an interfer-
ing signal is within the first IF passband, but 
outside the audio DSP filter’s passband, we 
won’t hear the interfering signal, but it will 
enter the AGC system and reduce the gain so 
we might not hear our desired weak signal. 
AGC pumping is audible as sudden reductions 
in signal strength without a strong signal in 
the passband of the receiver. 

AGC pumping is generally not as much of 
a problem in SDR receivers as it is in hetero-
dyne receivers but the phenomena still exists. 
The severity depends on the algorithm 
employed by the SDR and the operating con-
figuration controlled by the user.

AGC TIME CONSTANTS
There are two primary AGC time constants. 

AGC attack time describes the time it takes 
the AGC system to respond to the presence 
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Figure 12.57 — AGC principles. At A: typical superhet receiver with AGC applied to multiple RF and IF stages. At B: audio output 
level as a function of antenna signal level.

of a signal. AGC decay time describes the 
response of the AGC system to changes in a 
signal that is present. The optimum time con-
stants for the AGC system depends on the 
type of signal being received, the type of 
operation being conducted, and the operator’s 
preference. 

The operator usually has a control that 
allows for setting the time that it takes the 
AGC to recover or decay. If we are listening 
to two relatively loud stations converse, we 
may set the AGC to slow. Then as each station 
stops transmitting, the noise floor is slow to 
rise and we often hear the next station before 
the noise floor is again heard. In contrast, we 
may set the AGC decay time to fast which 
allows us to hear a weak station immediately 
after the strong station.

In Figure 12.57, following the precision 
rectifier, R1 and C1 set an attack time, to 

prevent excessively fast application of AGC. 
One or two milliseconds is a good value for 
the R1 × C1 product. If the antenna signal 
suddenly disappears, the AGC loop is opened 
because the precision rectifier stops conduct-
ing. C1 then discharges through R2 and the 
C1 × R2 product can be in the range of 100 
to 200 ms. At some point the rectifier again 
becomes active, and the loop is closed again.

An optional modification of this behavior 
is the hang AGC circuit. If we make R2 × C1 
much longer, say 3 seconds or more, the AGC 
voltage remains almost constant until the R5, 
C2 circuit decays with a switch selectable time 
constant of 100 to 1000 ms. At that time R3 
quickly discharges C1 and full receiver gain 
is quickly restored. This type of control is 
appreciated by many operators because of the 
lack of AGC pumping due to modulation, rapid 
fading and other sudden signal level changes.

In an SDR receiver, the typical AGC algo-
rithm has a fast-attack and slow-decay that 
is adjustable. The AGC algorithm has a gain 
value that it applies to the receiver buffers 
which persists from one buffer to the next.  
If a loud signal appears while the gain is set 
high, it immediately lowers the gain to pre-
vent a loud sound in our headphones.  
Once the sound has subsided, the gain is 
allowed to slowly increase back to its previ-
ous value. 

AGC LOOP RESPONSE PROBLEMS
If the various stages have the property that 

each 1 V change in AGC voltage changes the 
gain by a constant amount (in dB), the AGC 
loop is said to be log-linear and regular feed-
back principles can be used to analyze and 
design the loop. But there are some difficulties 
that complicate this textbook model. One has 
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Figure 12.58 — Gain control of a ham-band receiver using AGC. A manual gain control 
could produce the same result.

already been mentioned, that when the signal 
is rapidly decreasing the loop becomes open 
and the various capacitors discharge in an 
open loop manner. As the signal is increasing 
beyond the threshold, or if it is decreasing 
slowly enough, the feedback theory applies 
more accurately. 

In SSB and CW receivers rapid changes 
are the rule and not the exception. It is impor-
tant that the AGC loop not overshoot or ring 
when the signal level rises past the threshold. 
The idea is to design the ALC loop to be 
stable when the loop is closed. It obviously 
won’t oscillate when open (during decay 
time). But the loop must have smooth and 
consistent transient response when the loop 
goes from open to closed state.

Another problem involves the narrow 
band-pass analog IF filters. The group delay 
of analog filters constitutes a time lag in the 
loop that can make loop stabilization difficult. 
Moreover, these filters nearly always have 
much greater group delay at the edges of the 
passband, so that loop problems are aggra-
vated at these frequencies. Overshoots and 
undershoots, called gulping, are very com-
mon. Compensation networks that advance 
the phase of the feedback help to offset these 
group delays. The design problem arises 
because some of the AGC is applied before 
the filter and some after the filter. It is a good 
idea to put as much fast AGC as possible after 
the filter and use a slower decaying AGC 
ahead of the filter. The delay diode and RC 
in Figure 12.57A are helpful in that respect. 
Complex AGC designs using two or more 
compensated loops are also in the literature. 
If a second cascaded narrow filter is used in 
the IF it is usually a lot easier to leave the 
second or downstream filter out of the AGC 

loop at the risk of allowing AGC pumping as 
described in the preceding section.

Another problem is that the control char-
acteristic is often not log-linear. For example, 
dual-gate MOSFETs tend to have much larger 
dB/V at large values of gain reduction. Many 
IC amplifiers have the same problem. The 
result is that large signals cause instability 
because of excessive loop gain. Variable gain 
op amps and other similar ICs are available 
that are intended for gain control loops.

Audio frequency components on the AGC 
bus can cause problems because the amplifier 
gains are modulated by the audio and distort 
the desired signal. A hang AGC circuit (essen-
tially a low-pass filter) can reduce or eliminate 
this problem.

Finally, if we try to reduce the change in 
audio levels to a very low value, the required 
loop gain becomes very large, and stability 
problems become very difficult. It is much 
better to accept a 5 to 10 dB variation of audio 
output.

Because many parameters are involved and 
many of them are not strictly log-linear, it is 
best to achieve good AGC performance 
through an initial design effort and finalize 
the design experimentally. Use a signal gen-
erator, attenuator and a signal pulser (2 ms 
rise and fall times, adjustable pulse rate and 
duration) at the antenna and a synchronized 
oscilloscope to look at the IF envelope. Tweak 
the time constants and AGC distribution by 
means of resistor and capacitor decade sub-
stitution boxes. Be sure to test throughout the 
passband of each filter. The final result should 
be a smooth and pleasant sounding SSB/CW 
response, even with maximum RF gain and 
strong signals. Patience and experience are 
helpful.

12.6.1 Audio-Derived AGC
Some receivers, especially direct-conver-

sion types, use audio-derived AGC. There are 
problems with this approach as well. At low 
audio frequencies the AGC control action can 
be slow to develop. That is, low-frequency 
audio sine waves take longer to reach their 
peaks than the AGC time constants. During 
this time the RF/IF/AF stages can be over-
driven. If the RF and IF gains are kept at a 
low level this problem can be reduced. Also, 
attenuating low audio frequencies prior to the 
first audio amplifier should help. With audio 
AGC, it is important to avoid so-called 
“charge pump” rectifiers or other slow-
responding circuits that require multiple 
cycles of audio to pump up the AGC voltage. 
Instead, use a peak-detecting circuit that 
responds accurately on the first positive or 
negative half-cycle.

12.6.2 AGC Circuits
Figure  12.59 shows some gain-controlla-

ble circuits. Figure 12.59A shows a two-stage 
455-kHz IF amplifier with PIN diode gain 
control. This circuit is a simplified adaptation 
from a production receiver, the Collins 651S. 
The IF amplifier section shown is preceded 
and followed by selectivity circuits and addi-
tional gain stages with AGC. The 1.0 µF 
capacitors aid in loop compensation. The 
favorable thing about this approach is that the 
transistors remain biased at their optimum 
operating point. Right at the point at which 
the diodes start to conduct, a small increase 
in IMD may be noticed, but that goes away 
as diode current increases slightly. Two or 
more diodes can be used in series, if this is a 
problem (it very seldom is). Another solution 
is to use a PIN diode that is more suitable for 
such a low-frequency IF. Look for a device 
with τ > 10 / (2pf) where τ is the minority 
carrier lifetime in ms and f is the frequency 
in MHz.

Figure 12.59B is an audio derived AGC 
circuit using a full-wave rectifier that responds 
to positive or negative excursions of the audio 
signal. The RC circuit follows the audio 
closely.

Figure 12.59C shows a typical circuit for 
the MC1350P RF/IF amplifier. The graph of 
gain control versus AGC voltage shows the 
change in dB/V. If the control is limited to the 
first 20 dB of gain reduction this chip should 
be favorable for good AGC transient response 
and good IMD performance. Use multiple 
low-gain stages rather than a single high-gain 
stage for these reasons. The gain control 
within the MC1350P is accomplished by 
diverting signal current from the first ampli-
fier stage into a current sink. This is also 
known as the Gilbert cell multiplier architec-
ture. Another chip of this type is the NE/
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Figure 12.59 — Some 
gain-controllable 
amplifiers and a recti-
fier suitable for audio-
derived AGC.
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SA5209. This type of approach is simpler to 
implement than discrete circuit approaches, 
such as dual-gate MOSFETs that are now 
being replaced by IC designs.

Figure 12.59D shows the high perfor-
mance National Semiconductor 
LMH6502MA (14-pin DIP plastic package) 

voltage controlled amplifier. It is specially 
designed for accurate log-linear AGC from 
0 to 40 dB with respect to a preset maximum 
voltage gain from 6 to 40 dB. Its ±3 dB band-
width is 130 MHz. It is an excellent IF ampli-
fier for high performance receiver or 
transmitter projects.

Additional info on voltage-controlled 
amplifier ICs can be found on the Analog 
Devices web site (www.analog.com). Search 
the site for Tutorial MT-073, which describes 
the operation of various types of gain-con-
trolled amplifiers with numerous product 
examples.

12.7 Noise Management
A major problem for those listening to 

receivers has historically been local impulse 
noise. For HF and VHF receivers it is often 
from the sparks of internal combustion engine 
spark plugs, electric fence chargers, light dim-
mers, faulty power-line insulators and many 
other similar devices that put out short dura-
tion wide band signals. In the UHF and micro-
wave region, radar systems can cause similar 
problems.

Additional sources of noise are atmo-
spheric and man-made noise with a variety 
of different profiles — static crashes, power-
line buzz, and the ever-increasing white noise 
and spurious signals from consumer and 
industrial electronics, particularly switch-
mode devices. The capabilities of DSP can 
be used to combat these diverse types of noise.

Finally, noise canceling by subtracting it 
from the incoming signals is available as a 
station accessory using external antennas for 
sensing and beam-steering. True diversity 
reception is also available, pioneered for the 
amateur station, using the spatial character-
istics of the arriving noise signals to discrim-
inate between them and the desired signals. 
All of these techniques provide formidable 
tools for noise management that were simply 
unavailable to amateurs of earlier eras.

12.7.1 The Noise Limiter
The first device used in an early (1930s) 

attempt to limit impulse noise was called a 
noise limiter or clipper circuit as originally 
described by H. Robinson, W3LW. This cir-
cuit would clip or limit noise (or signal) peaks 
that exceeded a preset limit. The idea was to 
have the limit set to about as loud as you 
wanted to hear anything and nothing louder 
would get through. This was helpful in elim-
inating the loudest part of impulse noise or 
even nearby lightning crashes, but it had two 
problems. First it didn’t eliminate the noise, 
it just reduced the peak loudness; second, it 
also reduced the loudness of loud non-noise 
signals and in the process distorted them con-
siderably.

The second problem was fixed shortly 
thereafter, with the advent of the automatic 
noise limiter or ANL as described by J. 
Dickert. The ANL automatically set the clip-

ping threshold to that of a loud signal. It thus 
would adjust itself as the loudness of signals 
you listened to changed with time. An ANL 
was fairly easy to implement and became 
standard equipment on amateur receivers 
from the late 1930s on. While ANL circuits 
are no longer common, simple receivers used 
today do sometimes incorporate passive clip-
ping circuits to account for their limited AGC 
ability.

12.7.2 The Noise Blanker
It turned out that improvements in receiver 

selectivity over the 1950s and beyond, while 
improving the ability to reduce random noise, 
actually made receiver response to impulse 
noise worse. The reason for this is that a very 
short duration pulse will actually be length-
ened while going through a narrow filter. This 
is due to the filter’s different delay times for 
the pulse’s wide spectrum of components, 
resulting in the components arriving at the 
filter output at different times. You can dem-
onstrate this in your superhet receiver if it has 
a narrow crystal filter. Find a frequency with 
heavy impulse noise and switch between wide 
and narrow filters. If your narrow filter is 500 
Hz or less, the noise pulses will likely be more 
prominent with the narrow filter. DSP filters 
with their superior group delay performance 
exhibit less smearing than their analog coun-
terparts.

The noise limiters described previously 
were all connected at the output of the IF 
amplifiers and thus the noise had passed most 
of the selectivity before the limiter and had 
been widened by the receiver filters. In SSB 
receivers, since signals vary in strength as 
someone talks, the usual AGC responds 
quickly to reduce the gain of a strong signal 
and then slowly increases it if the signal is no 
longer there. This means that a strong noise 
pulse may reduce the receiver gain for much 
longer than it lasts.

The solution — a noise blanker. An analog 
noise blanker is almost a separate wideband 
receiver. It takes its input from an early stage 
in the heterodyne receiver before much selec-
tivity or AGC has been applied. It amplifies 
the wideband signal and detects the narrow 
noise pulses without lengthening them. The 

still-narrow noise pulses are used to shut off 
or “blank” the receiver at a point ahead of the 
selectivity and AGC, thus keeping the noise 
from getting to the parts of the receiver at 
which the pulses would be extended. In other 
words, the receiver is shut off or gated during 
the noise pulse.

In addition to an ON/OFF switch, noise 
blankers include a control labeled THRESHOLD. 
The THRESHOLD control adjusts the level of 
noise that will blank the receiver. If it is set 
for too low a level, it will blank on signal 
peaks as well as noise, resulting in distortion 
of the signal.

An SDR noise blanker can implement the 
same detect-and-gate technique as an analog 
receiver. Once the noise impulse is detected, 
the samples making up the impulse are 
replaced by an interpolation between the “nor-
mal” samples just before and just after the 
impulse. It is as is the noise impulse was never 
received.

An alternative technique that also handles 
longer noise crashes and other large-ampli-
tude, long-duration noise waveforms is 
described in Figure  12.60. The basic idea is 
to create a filtered average amplitude and 
watch for incoming signals that exceed the 
average multiplied by a weighting factor 
which is how the SDR noise blanker threshold 
is controlled. When the incoming signal is 
below this value, it is simply passed along to 
the rest of the receiver. Above this level, the 
blanker generates a ramp factor that limits the 
rate at which the signal can increase. This 
turns short, sharp impulses into relatively 
slowly increasing and decreasing ramps, leav-
ing normal signals unaffected.

A well-designed noise blanker can be very 
effective. Instead of just keeping the noise at 
the level of the signal as a noise limiter does, 
the noise blanker can actually eliminate the 
noise. If the pulses are narrow enough, the 
loss of desired signal during the time the 
receiver is disabled is not noticeable and the 
noise may seem to disappear entirely.

Noise blankers can also create problems, 
particularly in heterodyne receivers. The 
wide-band circuit that detects noise pulses 
also detects any signals in that bandwidth. If 
such a signal is strong and has sharp peaks 
(as voice and CW signals do), the noise 
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blanker will treat them as noise pulses and 
shut down the receiver accordingly. This 
causes tremendous distortion and can make 
it sound as if the strong signal to which the 
noise blanker is responding is generating spu-
rious signals that cause the distortion. (This 
is less of a problem in SDR receivers.) Before 
you assume that the strong signal is causing 
problems, turn the noise blanker on and off 
to check. When the band is full of strong 
signals, a noise blanker may cause more prob-
lems than it solves.

12.7.3 Operating Noise 
Limiters and Blankers

Many current receivers include both a noise 
limiter (often labeled NL) and a noise blanker 
(labeled NB). If your receiver has both, they 
will have separate controls and it is worth-
while to try them both. There are times at 
which one will work better than the other, and 
other times when it goes the other way, 
depending on the characteristics of the noise. 
There are other times when both work better 
than either. In any case, they can make listen-
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Figure 12.60 — Block diagram of a noise blanker. The input signal is compared to a 
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Figure 12.61 — Block diagram of a noise canceling system following the DX Engineering NCC-2. [Courtesy DX Engineering, 
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ing a lot more pleasant — just remember to 
turn them off when you don’t need them since 
either type can cause some distortion, espe-
cially on strong signals that should otherwise 
be easy to listen to.

Recognizing that it is difficult for a single 
noise blanker to work properly with the wide 
variations of noise pulses, it is common for 
current receivers to have two noise blankers 
with different characteristics that are opti-
mized for the different pulse types. One noise 
blanker is typically optimized for very short 
pulses and the other for longer pulses. The 
operator can switch between the blankers to 
see which works best on the noise at hand.

The usual approach to operating the noise 
blanker is to activate it, then adjust the 
THRESHOLD control until the noise is just 
blanked. You will probably need to make 
occasional adjustments as the noise impulse 
characteristics change. Don’t forget to turn 
the noise blanker off when the noise goes 
away.

The previous techniques represent the most 
commonly available techniques to reduce 
impulse noise. There are a few other solutions 

as well. Note that we haven’t been talking 
about reducing interference here. By interfer-
ence, we mean another intended signal 
encroaching on the channel to which we want 
to listen. There are a number of techniques to 
reduce interference, and some also can help 
with impulse noise.

Many times impulse noise is coming from 
a particular direction. If so, by using a direc-
tional antenna, we can adjust the direction for 
minimum noise. When we think about direc-
tional antennas, the giant HF Yagi springs to 
mind. For receiving purposes, especially on 
the lower bands such as 160, 80 and 40 meters 
(where the impulse noise often seems the 
worst), a small indoor or outdoor receiving 
loop antenna as described in the ARRL 
Antenna Book can be very effective at elimi-
nating either interfering stations or noise (both 
if they happen to be in the same direction).

12.7.4 Noise Canceling
Noise cancellers work by combining sig-

nals from our main antenna with the signal 
from a “sense” antenna and feeding that com-
bination to the receiver. Adjustable gain stages 
and phasing networks within the unit must 
then be carefully adjusted so that the two noise 
signals are equal in level and 180 degrees out 
of phase. This adjustment is frequency sensi-
tive, so it must be readjusted each time we 
change frequency. It must also be readjusted 
for every noise source. Signals coming from 
the same direction as the noise source will 
also be canceled, but this effect is minimized 
by placing the sense antenna as close as prac-
tical to the noise source. An active noise can-
celler can greatly reduce a single noise source, 
but it won’t help with more than one source 
at a time. Figure 12.61 shows the block dia-
gram of a typical noise canceller and antennas, 
in this case the DX Engineering NCC-2.

Be careful when using any unit in line with 



12.54    Chapter 12

the transceiver output; the carrier detect-
driven relay that switches from receive to 
transmit (that is, bypassing the unit in transmit 
mode) is known to generate key clicks (tran-
sients) in some products. The MFJ 1026 and 
the DX Engineering NCC-1 and NCC-2 are 
generally good performers in this regard.

Some transceivers provide connectors 
where an external preamp or receive antenna 
can be connected. The click problem can be 
avoided by connecting the noise canceller at 
this point. Some SDRs have multiple antenna 
inputs and the ability to feed them to separate 
software-defined “receivers”, and some soft-
ware has been written to allow those separate 
receivers to provide the phasing networks 
needed to provide noise canceling. In some 
software, this function is improperly labeled 
“Diversity Receive.” (See the Diversity 
Reception description below.) 

BEAM STEERING 
Noise cancellers can also be used to vary 

the phase of the signals from two receive 
antennas to vary their directivity. Two vertical 
antennas, connected to a receiver single 
receiver by individual feed lines, form a direc-
tional antenna. The directional pattern 
depends on the phase shift provided by the 
two feed lines (as well as the physical spacing 
and spatial orientation of the antennas), and 
it can be adjusted by varying the length of 
one or both of the feed lines. Used with two 
omnidirectional verticals, for example, a 
noise canceller can be used to vary the phase 
relationship between the two antennas, 
accomplishing the same result. 

SIGNAL FADING 
Most periodic (repetitive) fading is the 

result of the cancellation of signals from the 
same source taking slightly different paths, 
so that one is delayed with respect to the other. 
The direct and reflected signals cancel when 
they are nearly equal and nearly 180 degrees 
out of phase with each other. The frequency(ies) 
at which this 180-degree phase relationship 
exists is a function of the time difference; the 
fading interval is longer for lower frequencies. 
This fading mechanism is heard as very slow 
fading on the AM broadcast band and 160 
meters, and as “picket fencing” at VHF and 
UHF. 

12.7.5 Diversity Reception
Diversity reception has been used since the 

earliest days of radio to reduce the effects of 
signal fading. A receiving diversity system 
consists of two receivers, each connected to 
its own antenna and to its own loudspeaker 
(or opposite ears of stereo headphones). When 
the two antennas are widely separated as a 
fraction of a wavelength, the probability of 
cancellation occurring at both antennas at the 
same time is low, and the operator copies from 
the receiver providing the best signal. 

Diversity reception is also widely used to 
listen using different receive antennas having 
different directivity in the horizontal or verti-
cal plane, or aimed in different directions. 
This use is quite common on the lower HF 
bands and 160 meters. An operator may listen 
to the transmit antenna in one ear and a 
Beverage in the other, or to a loop and a 
Beverage. 

Diversity reception is widely used in con-
sumer FM receivers in vehicles, and in the 
wireless microphone systems used in live 
sound and broadcasting. In both of these 
applications, a circuit called a “voter” chooses 
the signal from the receiver having the best 
quality and switches it to the output. Many 
VHF and UHF repeater systems have receiv-
ers at multiple sites that are relayed back to 
the main transmit site, where a voter chooses 
between the best signal. Diversity is also used 
with receive antennas having different wave 
polarization; cross-polarization between a 
receive antenna and the wavefront typically 
results in a 20 dB loss of gain. 

12.7.6 DSP Noise Reduction
DSP noise reduction (often labeled NR on 

the receiver controls) can actually look at the 
statistics of the signal and noise and figure 
out which is which and then reduce the noise 
significantly. These adaptive filters can’t 
quite eliminate the noise, and need enough of 
the desired signal to figure out what’s hap-
pening, so they won’t work if the signal is far 
below the noise. (See the DSP and SDR 
Fundamentals and Analog and Digital 
Filtering chapters for information on adap-
tive filters.) Many DSP systems “color” the 
resulting audio to a degree. Nonetheless, they 
do improve the SNR of a signal in random or 
impulse noise.

Noise reduction is designed to reduce non-
correlated noise such as atmospheric noise 
and thermal noise. Most noise reduction 
blocks rely on the knowledge that noise is 
much more random in nature than the signals 
we are attempting to demodulate. A typical 
NR will use a Least Mean Squares (LMS) or 
similar algorithm to detect correlated signals 
and reduce the amplitude of anything else in 
the passband. 

How does this work? The algorithm looks 
for signals that are highly correlated, meaning 
that a copy of the signal shifted in time resem-
bles the same signal at a different time. These 
are the signals that are preserved while the 
other signals in the passband are judged to be 
noise and are deemphasized or reduced in 
volume. Because there are a number of meth-
ods for achieving noise reduction in different 
classes of noise, some vendors often more 
than one type of noise reduction. Each man-
ufacturer’s algorithms for noise reduction are 
generally proprietary although the GNU 
Radio community’s (see the Transceiver 
Design Topics chapter) open-source design 
approach offers some guidance in how noise 
reduction is achieved.

As with noise blankers, receivers fre-
quently offer two or more noise reduction 
settings that apply different noise reduction 
algorithms optimized for different conditions. 
Different combinations and types of noise 
require the operator to select and adjust the 
noise reduction system for best performance.

12.7.7 DSP Notch Filtering
 An Automatic Notch Filter (ANF) is really 

the opposite of a NR filter. The auto-notch 
filter looks for the same correlated signals, 
but instead or preserving these signals, the 
algorithm attempts to remove these signals. 
The classic example for which an ANF is 
useful is when there is a birdie (spur) or unde-
sired CW signal in the passband of a sideband 
signal. Because the CW signal or spur are 
much more correlated than the speech we are 
listening to, these signals are judged to be 
undesired and the filter deemphasizes them. 
In this way, the NR and ANF filters are cous-
ins, doing the opposite of each other in support 
of their specific noise reduction goals.
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