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1. An Introduction to Radio
Receivers
j
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Radio Receivers
From this

• It is interesting to trace the
development of receiver
technology from Marconi to the
latest digital receivers.
• Understand the evolution.
• The oldest principles are still
employed!

• There are three types of receiver:

to this

• Tuned Radio Frequency (TRF)
• Superheterodyne (Heterodyne)
• Direct Conversion (Homodyne)

• TRF and Superhet’ have been in
existence for nearly 100 years.

j
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Tuned Radio Frequency (TRF) Receivers
• TRF is the earliest form of receiver (Marconi spark-gap
receivers). Largely superseded by the superhet’ from
1918 onwards.
• Very simple, for example:
• Crystal set
• ZN414 “single chip” radio
• Regenerative receiver (using positive feedback to
increase sensitivity)

• No frequency conversion
• Few spurious responses
• Multiple amplification stages each tuned to the
chosen radio channel
• Amplify the RF signal, then detect/demodulate it (e.g.
AM detector)
• Selectivity is generally poor (all channel selection has
to be done at RF)
• All stages usually have to be “gang” tuned.
• Detector has to operate at RF

j
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Superhet’ Receivers
A fine selection of HF
receiver classics:
• RCA AR88 (x2)
• Racal RA17 (x3)
• Collins HF-2050
• Rockwell Collins R388
• Hammerland
Superpro SP-600
(x3)

• Superheterodyne’ receiver is ubiquitous
• Virtually all receivers (including digital) use the
Superhet’ “Frequency changing” principle

• RF band is pre-selected and amplified
• RF signal (fRF) is mixed with a local oscillator (fLO)
to yield an Intermediate Frequency signal (fIF):
• fIF = fLO - fRF (high-side injection, “supradyne”)
• fIF = fRF – fLO (low-side injection, “infradyne”)

• Single IF frequency
• Amplification at fixed frequency much easier
• Channel selection at fixed frequency is much easier.
• Detection at fixed frequency is much easier too.

Dual conversion Superhet’ receiver architecture

• Superhet’ receivers suffer from spurious responses
• reduced by using dual-conversion or even triple
conversion – reduces need for lots of gang-tuned RF
stages

j
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Direct Conversion Receivers
Power, dBm

• Direct Conversion receivers use frequency
conversion (mixing) like the superhet
• Unlike a superhet, the local oscillator is
tuned to the same frequency as (or a subharmonic of) the RF channel
• Amplification and channel selection takes
place at baseband (e.g. audio) – 0-Hz IF
• Serious limitations due to image
response, low frequency noise and DC
offsets
• Usually less complex compared to a
Superhet’ receiver
• Initially of limited practical use until RF
integrated circuit technology
revolutionised the design of receivers.
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Combining Superhet and Direct Conversion
Techniques
RF
filter

LNA

Image
reject
filter

• Dual-conversion superhet offers good performance
but
• usually requires discrete IF filters
• mix of technologies that don’t integrate well

• Direct conversion may have limited performance
but
• Can use low frequency electronic filters
• Amenable to integration into a monolithic IC so
attractive for mass production, low cost
• limitations due to DC offset, noise and image
response
• Image problem can be overcome by using image
rejection mixing

• So can we combine the two techniques and
get the best of both?
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• Eliminating IF filters
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“Disruptive” Technology for Radio Receivers
• The Triode Valve
• invented by Lee de Forest in 1906
• Enabled electronic amplification of radio signals

• The frequency changer (heterodyning)

By Gregory F. Maxwell

• invented by Edwin Armstrong in 1918

• The Homodyne (direct conversion) receiver
• British inventors, 1932

• The Phase Locked Loop
• Enabled receivers to be stable in frequency enough
to permit narrow channel bandwidths and complex
modulation schemes to be handled.

• The Analogue to Digital Converter
• Digital Signal Processors

j
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Digital Receivers
• Like just about anything electronic these days, radio receivers have
been “digitised”.
• Most receivers that are feasible with current technology are not yet
100% digital.
• A/D converters don’t have the low noise figure and high dynamic range
required to connect an antenna directly to them
• An RF amplifier is required
• Band-limiting filtering is usually still required

• Two categories:
• Baseband sampling
• RF (or IF) sampling

j
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Baseband Sampling Receiver
RF
filter

Image
reject
filter

LNA

• The ADC sample rate is greater than half the
maximum baseband frequency.
• ADC sample rate is relatively low = low power, low
noise
• Effectively the “DSP” bit just replaces the analogue
demodulation step

• Most of the receiver is still essentially “analogue”
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• When allied with direct conversion (which converts
RF directly down to baseband) we have a flexible
radio receiver architecture
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• Software Defined Radio (SDR)
• No discrete IF filters that constrain the modulation
bandwidth

• Direct conversion works best at lower frequencies
(e.g. < 1 GHz) and/or wide bandwidth signals
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• Use an initial RF mixing stage for higher frequencies.
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Examples of Baseband sampling receivers
• Many mobile phones
• Wi-Fi transceivers
• SDR modules
• Chip-sets from vendors such as
TI and Analog Devices
• Very widespread because of
flexibility

j

Ettus Research
USRP B-200 SDR Module
70 MHz – 6 GHz

WiFi dongle

Linear Tech LTM9004
Direct conversion
receiver with 14 bit
ADCs
0.7 to 2.7 GHz
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RF Sampling Receiver
• The ADC sample rate is usually less than the RF or IF
frequency, but much greater than the maximum
baseband frequency

IF Sampling Receiver
DDC: Digital Down-Converter (ASIC or FPGA)

• ADC replaces the function of an RF mixer

• ADC’s clock replaces the function of a local oscillator
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• IF Sampling receiver has one or more RF frequency
conversion stages, but digital signal processing replaces
most of the analogue IF processing.
• Direct RF Sampling (DRFS) receiver has no RF frequency
conversion stage(s)
• All down-conversion from RF to baseband is performed by
the ADC and the digital down-converter (DDC)
• Can be power-hungry due to very fast ADCs
• Relies on under-sampling techniques (see next section)
• Or very a high sample rate (e.g. Fs > 1000 Msps) greater
than the RF frequency

RF Sampling Receiver
DDC: Digital Down-Converter (ASIC or FPGA)
I

RF
filter

LNA

• Sometimes no ADC is required. Some receivers use 1-bit
sampling of a limiting IF.
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Summary
• Many of the principles of receiver design invented nearly 100 years ago are still applied even if in
digital/software rather than using valves or transistors!
• Analogue receivers are mostly dual-conversion superheterodyne (Superhet’).

• Digital receivers still work on the superheterodyne principle but Digital frequency conversion has replaced
analogue frequency conversion, at least in part.
• Direct conversion has significant limitations but these have largely been overcome by the adoption of highly
integrated CMOS technology.
• Disruptive technologies: ADCs, Digital Signal processors, CMOS technology.

• Digital receivers are either baseband sampling or RF/IF sampling:
• Baseband sampling: ADCs Sample baseband or low-IF signals below Fs/2 where Fs is the sample rate.
• RF sampling: ADCs sample RF signals above Fs/2.

• RF sampling digital receivers:
• IF-sampling: At least one analogue RF down-conversion stage.
• Direct RF-sampling: no RF down-conversion stages. Conversion from RF to baseband is entirely digital.

j
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2. How Does an RF Sampling
Receiver Work?
j
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The Humble RF Mixer
The SBL-1 Double-Balanced
Mixer (DBM)
A radio classic!

• Let’s start with an RF mixer
• A mixer is essentially just a fast switch

• Multiply input by +/- 1 V or 0 V/1 V
• It chops up an RF signal (or reverses its
polarity) under control of the local
oscillator signal
• The Local Oscillator signal “commutates”
the mixer
• The result is a mix of frequency products,
mainly fRF – fLO and fRF + fLO.

LTSpice simulation of a DBM

• The simple example opposite is a
Double Balanced Mixer (e.g. SBL-1)

• The local oscillator (9 MHz) chops up the
RF (10 MHz) every half-cycle by biasing
the diodes into conduction.
• The result is a 1 MHz IF output

j

10 MHz – 9 MHz = 1 MHz
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The Humble Analogue to Digital Converter
(ADC)
• An ADC has a switch to sample and
hold its analogue input while it
digitises.
• Ignore the digital bit for the moment.
The important part is the sample and
hold.
• This example shows a simple sample
and hold circuit:
• Switch pulse train is 9 MHz
• Input signal is 10 MHz
• Result is 1 MHz

Sample-and-hold output: 10 MHz – 9 MHz = 1 MHz

• The capacitor (C1) holds the voltage
sample long enough for the
conversion to a digital value to take
place.

j
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The Humble ADC and Mixer Compared
Double Balanced Mixer

• Both generate products at

• fRF – fLO (wanted IF of 1 MHz)
• fRF + fLO
• nfLO +/- (fRF +/- fLO), n=1,2,...

• ADC’s spectrum is much flatter and wider
• Normally a good RF mixer tries to
minimise all products apart from
fRF±n*fLO
• Such mixers have good “noise balance”

ADC Sample and Hold

• The ADC has poor “noise balance”

• it is sensitive to all multiples of fLO, mixing
noise down to IF from all these harmonics.

• So if an ADC behaves a lot like a mixer it
can replace a mixer.
• So the radio can be digitised!

j
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The Analogue to Digital Converter (ADC)
• So far we have focussed on the Sample-and-hold
circuit
• This is the bit that sets the RF performance of the
ADC

• What about the rest of the ADC?
• Pipelined conversion circuits
• ADC works by using a number of lower-resolution
cascaded “mini ADCs”
• Each mini-stage approximates the signal
• A matching mini D/A converter then re-generates an
equal but opposite voltage
• Residual (error) is then passed onto the next stage.
• Stages operate from course bits (most significant
bits) through to fine bits (least significant bits)

Sample & Hold

Approximation Stage

• The ADC outputs a digital representation of the IF
frequency

j
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ADC Quantisation
• The ADC quantises the sample-and-hold
output into a number range of -2(N-1) to
2(N-1) – 1 where N is the number of bits
• The difference between the exact voltage
and the closest quantised voltage step
represents noise – or for a periodic signal:
spurs.
• The example here shows the effect of 4
bit quantisation of 10.1 MHz sampled at
10 MHz.
• Lots of spurs!

• In a digital RF sampling receiver,
quantisation noise is often a secondary
contributor behind thermal noise and
clock noise.

j
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Sampling Theorem
• Nyquist-Shannon Sampling Theorem
• Nyquist showed that 2B independent
samples could be transmitted through a
channel with a bandwidth of B Hz.
(1928).
• Shannon proved the “Sampling Theorem”
as the dual of Nyquist’s discovery (1949).
• Put another way, a sample rate of 2B Hz
is required to uniquely represent an
analogue waveform with a bandwidth of
B Hz.

• The “Nyquist Criterion” in this context
is that the sample rate must be
greater than 2 x Bandwidth
(There are other Nyquist criteria e.g. stability relating to control systems;
he was a brilliant guy!)

j

Harry Nyquist

Claude Shannon

Image

Baseband
0

B

0Hz

B

Fs > B

Fs = 2B

frequency, Hz

frequency, Hz

Fs/2 limit

0

B

Fs < 2B

frequency, Hz

Aliasing

Proprietary Information.
Copyrightrelates
© 2018 Phiphase
The Nyqyist-Shannon sampling
theorem
toLimited
a signal’s bandwidth

21

Over-Sampling (Fs > 2f)
• Example shows 100 Hz sinewave
sampled at 800 Hz. 4x more samples
than we need (4x Over-sampled)
• More samples than we need to
completely re-construct the waveform
• Excess samples:
•
•
•
•
•

Improves SNR
Lowers distortion
Costs more power to process
Higher bandwidth ADC required
More memory required

• Perfect reconstruction possible using a
reconstruction filter to interpolate
between the samples

j
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Critical-Sampling (Fs = 2f)
• Example shows a 100 Hz
sinewave sampled at 200 sps.
• Only 2 samples per cycle
• Any increase in frequency
beyond 2f will alias causing
distortion.
• Perfect reconstruction is
possible providing frequency of
f-Hz is not exceeded.

j
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Under-Sampling (Fs < 2f)
• Example shows 100 Hz sampled at
140 sps.
• Less than 2 samples per cycle
• We cannot reconstruct the signal

• Instead we reconstruct a “beat” tone
of
• Fs – f = 40 Hz.

• This is the Aliasing effect

• Hey look! the sampler is acting like
a mixer
• fRF = 100 Hz
• fLO = 140 Hz
• fIF = 40 Hz.

j

Remember our first sample and hold example?
Sample-and-hold output: 10 MHz – 9 MHz = 1 MHz
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Direct Conversion (Fs = f)
• Example shows 100 Hz sampled
at 100sps.
• Is this useful?
• Yes!

• Synchronous demodulation
• Now think about this:
• If each cycle of the waveform is
amplitude modulated do we
preserve the modulation even if
we loose the carrier?
• Let’s see...

j
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Direct Conversion (Fs = f) – With Modulation
• Example shows 100 Hz AM 100%
modulated with 2 Hz, sampled at
100sps
• modulation is over-sampled by
25x.

• Even though “Nyquist” has
appeared to have been violated,
we still recover the modulation
• Why?
• It’s all about bandwidth, not
absolute frequency

j
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Under-sampling – With Modulation
• Example shows 100 Hz AM
modulated (suppressed carrier)
with 2 Hz, sampled at 8sps.
• With 4x over-sampling (2 Hz
sampled at 8 Hz) we can
completely recover the AM
modulation
• Nyquist criterion is met for the
modulation bandwidth but not for
the carrier
• So we can under-sample a high
frequency signal and recover its
modulation

• This is very useful for digital receivers!

j
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Sampling Gets Complex
“Real” part (I)

• We have just looked at a very simple AM
modulation example
• But in digital Comms we are usually interested in
phase modulation (PM) as well as AM
• Therefore the carrier’s phase and amplitude may
both be important. But real analogue radio signals
are just that: “real”.
• An ADC converts real analogue signals to numbers.

• Providing we retain a phase reference somehow
(i.e. keep the carrier) we can stick with real
numbers.
• The carrier wastes power
• Supressed carrier modulation

• So why do we need signals in digital receivers that
have both real and imaginary components?

j

cos(𝜔𝑡) =

A(t)

1 𝑗𝜔𝑡
𝑒
+ 𝑒 −𝑗𝜔𝑡
2

“Imaginary” part (Q)
1
sin(𝜔𝑡) = 𝑒 𝑗𝜔𝑡 − 𝑒 −𝑗𝜔𝑡
2
Complex signal with amplitude A and
frequency f=w/2p Hz

USB

LSB

f, Hz

A(t)

LSB
USB

f, Hz

A(t)

𝐴(𝑡)𝑒 𝑗(𝜔𝑡+𝜑 𝑡 ) =
𝐴(𝑡) 𝑐𝑜𝑠 𝜔𝑡 + 𝜑 𝑡 + jsin(𝜔𝑡 + 𝜑 𝑡 )

f, Hz

LSB: Lower Sideband
USB: Upper Sideband

Complex signals are in practice just 2-dimensional
signal
sets.© In
geometry
we have (X, Y). In radio we have (I, Q).
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Baseband Complex Sampling
Image rejecting
Mixer

• Quadrature down conversion (also so-called
“image reject mixing”) to baseband
• In-phase (I) and Quadrature (Q) signals
• Separate A/D converter for each
• With a double-sided spectrum, operating in
the complex domain, Nyquist criterion is met
with Fs ≥ B (c.f. 2Fs ≥ B for single sided
spectrum case)
• ±Fs/2 ≥ ±B/2
• Low Pass filters ensure that the bandwidth of
I and Q is limited to < Fs/2. Usually a lot less
than Fs/2. This prevents aliasing.
• Resulting complex I(n) + jQ(n) samples are
already at baseband, ready to be
demodulated. However, additional digital
filtering and decimation may be applied.
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RF (Nyquist Zone) Sampling

Continous time input
Discrete time images

• Nyquist zones (NZ’s) are Fs/2 Hz wide frequency bands
•
•
•
•

Image to be processed

NZ1 is baseband: 0 to Fs/2
NZ2 is Fs/2 to 3Fs/2
NZ3 is 3Fs/2 to 2Fs
NZ4 is 2Fs to 5Fs/2

-20 MHz

• This example shows sampling of a general (phase and amplitude
modulated) RF signal

NZ1

-80

-140

-40

-20

NZ2

0

+40

NZ4

NZ3

NZ5

f, MHz

+140 +160

+80

• fIF = 140 MHz, Fs = 80Msps

Sampling a 140 MHz signal at 80 Msps

• RF signal is in the 4th Nyquist Zone (NZ4)

• Nyquist zones are intervals of Fs/2.
•
•
•
•

NZ1 is 0-40 MHz
NZ2 is 40-80 MHz
NZ3 is 80-120 MHz
NZ4 is 120-160 MHz

RF
filter

LNA

Image
reject
filter

-20 MHz

st

1
Mixer

st

1 IF
filter

st

1 IF
amp

RF A/D

• Resulting (digital) IF output from the A/D converter is -20 MHz:
•
•
•

j

•

Negative because the signal is below an even multiple of Fs (160 MHz
= 2 x Fs)
In practice the ADC output is a real signal (so has USB and LSB) but
relative to the carrier it is inverted.
This matters for radiometric applications e.g. ranging transponders
and speeding cameras!
Spectrum is not reversed.

fDIF
Digital IF
frequency

fIF1
ADC
sampling
clock, Fs

st

1 Local
Osc.

140 MHz

80 MHz

A typical radio architecture for IF sampling
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Digital Down-Conversion
• So we either have at the ADC output:
•

I(n)+jQ(n) directly (baseband sampling with
separate I and Q ADCs)
• or, a digital IF signal r(n) (from a single RF sampling
ADC)

• Additional down-conversion and filtering may be
required
• Replacing analogue RF/IF processing with Digital
Signal Processing (DSP)

• With a digital IF, we need to down-convert to I + jQ
form.
• IF bandwidth is often wider than the modulation
bandwidth (e.g. to accommodate Doppler shift)
• Digital filters are used to reduce the sample rate
(Decimation) in order to save power and processing
effort.

j

Copyright © 2018 Phiphase Limited

31

Digital Down-Conversion
• Mathematical operation
• Frequency domain convolution
(shifting), Time domain
multiplication
• Digital Down-Converter (DDC)

• Uses a Numerically Controlled
Oscillator (NCO) to synthesize a
precise complex exponential, exp(j𝜔)
• Digital Multipliers used to multiply
the digital input signal by the NCO
output
• Digital filters (e.g. Cascade Integrator
Comb CIC and FIR filters) used to
remove unwanted mixing products –
just like analogue filters in analogue
receivers.

j

ADC output at frequency (-20 MHz): wDIF with phase
modulation φ(t):
𝑟 𝑡 = A(t)cos(ω𝐷𝐼𝐹 𝑡 + 𝜑(𝑡)) =
𝐴(𝑡) 𝑗 𝜔 𝑡+𝜑(𝑡)
𝑒 𝐷𝐼𝐹
+ 𝑒 −𝑗 𝜔𝐷𝐼𝐹𝑡+𝜑(𝑡)
2

Multiplying by exp(-jwDIFt):
𝑧 𝑡 =𝑟 𝑡 ∙𝑒

−𝑗𝜔𝐷𝐼𝐹 𝑡

𝐴(𝑡) 𝑗𝜑(𝑡)
=
𝑒
+ 𝑒 −𝑗
2

2𝜔𝐷𝐼𝐹 𝑡+𝜑(𝑡)

Filtering out the 2wDIF term with a low-pass filter leaves:
𝑧′ 𝑡 =

𝐴(𝑡) 𝑗𝜑(𝑡)
𝑒
2

0 MHz
Low-pass filter

-20 MHz
+20 MHz shift

f, MHz
-40

-20
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Conventional Digital Down Converter
• A digital replica of an “analogue”
image-rejecting mixer
• NCO can be expensive in terms of
complexity (logic gates, look-up tables
etc)
• Filters can be expensive
• Multipliers can be expensive
• Latest FPGAs have built-in multipliers
that eases the implementation
• Is there a way to avoid these
expensive DSP blocks?
• Yes, but there’s always a price to pay:
usually a trade between speed vs
complexity vs power consumption.

j
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CORDIC Rotator
• CORDIC = Coordinate Rotation DIgital Computer
• An iterative algorithm that can (amongst several
other functions) perform phasor rotation.
• Multiplier free
• Can be pipelined to enable N iterations to be
carried out in a single clock cycle by cascading N
stages.
• It is an approximation – the more iterations used,
the more accurate the result
• In a receiver, a CORDIC unit configured as a phase
rotator can perform the job of both the NCO and
the down-conversion mixers. The down-conversion
frequency (fLO) is controlled by a linear phase ramp
• But where very high sample rates, processing of
multiple channels or low latency is required, a
conventional NCO + down-converter may still
provide a more economical solution compared to
CORDIC.

j

Digital
IF Input

CORDIC

phase angle
𝜑(n)= 2𝜋
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Fast Fourier Transform (FFT)
• FFT and inverse FFT (iFFT) are widely used to convert from
the time domain to the frequency domain or vice versa
•

FFT is at the heart of Orthogonal Frequency Division Multiplex
(OFDM) modulation as used for Digital radio and digital
terrestrial TV, and for DSL (Broadband).

𝑁−1

𝑋𝑘 =  𝑥𝑛 ∙ 𝑒

−𝑗2𝜋𝑘𝑛/𝑁

𝑛=0

• FFTs are effectively a large bank of digital down-converters
connected to integrate-and-dump filters
•
•
•
•

An N-point FFT can be used to provide a bank of narrow-band
receivers. N is usually a power of 2 (256, 1024, 2048 etc).
Must be equally spaced in frequency Df where Df = Fs/N
Input can be real (with all imaginary samples set to zero) or
complex
Real input results in N/2 unique channels covering a bandwidth
of Fs/2 (the other N/2 channels are the complex conjugate i.e.
spectrally reversed).

N-sample buffer
I(n)
Q(n)

• Usually preceded with a wide-band downconverter/decimator

• A so-called “running FFT” may be used to iterate the channels
with every new input sample using a First-in-First-Out (FIFO)
input buffer.

j

• Very useful for channel estimation to synchronise to a signal
prior to demodulating it and recovering the data.
Copyright © 2018 Phiphase Limited

Where:
xn is a sequence of complex numbers, x0, x1,...,xN-1
Xk is the Discrete Fourier Transform of x for
frequency bin k (Channel frequency Fs(k/N) Hz)
n is the sample index (time, t = n/Fs)
k is the frequency bin –N/2 to N/2-1 (for even N)
N-point FFT


Channel #0



Channel #1



Channel #2



Channel #N-1
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Fs/4 Down-Converter
• If we can arrange for:

𝐹𝑠
= 𝑓𝑅𝐹 − 𝑛𝐹𝑠
4

then an elegant solution presents itself
• The resulting digital IF signal at Fs/4 Hz has exactly
4 samples per cycle. These samples have the value,
[1, 0, -1, 0]
• no multiplier required, just sign inversion.
• Every other sample is zero (decimation)

• Furthermore, 1 sample = ¼ cycle period (90°) so we
can turn a real signal into a complex exponential
simply by delaying the signal by 1 sample:
• Q(x) = I(x)z-1
• Which is the same as multiplying by ‘j’

• Multiplying two complex exponentials avoids
creating sin(2x) and cos(2x) terms (f1+f2 mixing
products). So less filtering is needed.

j

𝑟 𝑡 = A(t)cos(ω𝐷𝐼𝐹 𝑡 + 𝜑(𝑡))
𝑟′ 𝑡 = 𝑟 𝑡 + 𝑗𝑟 𝑡 = 𝐴(𝑡)𝑒 𝑗

𝜔𝐷𝐼𝐹 𝑡+𝜑(𝑡)

𝑧 𝑡 = 𝑟′ 𝑡 ∙ 𝑒 −𝑗𝜔𝐷𝐼𝐹𝑡 = 𝐴(𝑡)𝑒 𝑗𝜑(𝑡)

Copyright © 2018 Phiphase Limited
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Fs/4 Down-converter – the “Down” side
• Unfortunately, the 1 sample delay only represents an exact 90° phase
shift at a frequency of exactly Fs/4.
• If the RF signal (and of course any noise in the passband) deviates
away from Fs/4 (as they tend to do) the precise quadrature
relationship breaks down and we start to get image noise leaking
both into baseband and the rejected 2f product.
• However, providing Fs is high enough to significantly over-sample the
modulation bandwidth, the effect is slight.
• It all comes down to how much image noise can be tolerated by the
system versus the IF (and hence modulation) bandwidth.

j

Copyright
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Due to image noise, Proprietary
Fs/4 Information.
may not
suit
receiver system.
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Summary of How RF Sampling Receivers Work
• ADCs have Sample and Hold circuits which are very similar to Mixers in operation and effect.
• A mixer generates fIF = fRF – fLO.
• An ADC generates a digital output frequency of fDIF = fRF – nFs where Fs is the sample rate and n is an integer.

• Nyquist sampling is all about the bandwidth of the signal, not its absolute carrier frequency. Fs ≥ 2B Hz
• Under-sampling is a very useful property. Under-sample an RF signal and save £££’s and mW’s by not oversampling. But Fs ≥ 2B must still hold (B is the channel bandwidth).

• Complex signal representation: Baseband or RF
• Complex signals are merely 2-dimensional signal sets. In Geometry we have (X, Y) coordinates. In radio we have (I, Q)
coordinates.
• Baseband: requires I and Q ADCs, but they operate at baseband sample rates.
• RF: single ADC samples the RF (IF) signal. Digital Down-converter is used to convert to complex I + jQ form. But Sample rate is
usually higher than for baseband (I + jQ) ADCs.

• CORDIC, FFT and Fs/4 sampling are neat solutions
• Not always less complex compared to conventional down-converters. Especially since most FPGAs now have built-in
multipliers.
• Fs/4 may be restricted to schemes where Fs is much greater than the bandwidth to avoid image noise.
• FFT is most useful as a “back-end” multi-channel filter.

j

Proprietary Information.
© 2018
Phiphase
RF Sampling ADCs behave
very Copyright
much
like
RFLimited
mixers.

38

3. Digital Receiver System Design
Considerations
j

Copyright © 2018 Phiphase Limited
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System Design Considerations
• Bandwidth and Frequency Plan
• Dynamic Range
• Noise (thermal noise and phase
noise)
• ADC Specifications
• System Partitioning and Gain
distribution

j

DDC: Digital Down-Converter (ASIC or FPGA)
I

RF
filter
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LNA

Image
reject
filter

M

fDIF
Digital IF
frequency
0 deg

DSP
demod.

RF A/D
90 deg
Low noise
ADC clock,
Fs

NCO
fLO2 = fDIF

M

Q
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Bandwidth and Frequency Plan
• Bandwidth considerations

• What is the required RF bandwidth?
•
•
•
•

Available filters/practical RF bandwidth
Maximum ADC bandwidth
Number of channels or frequency range
Multi-band support

• What is the IF bandwidth required?

DDC: Digital Down-Converter (ASIC or FPGA)
I

RF
filter

• Wide-band or narrow-band? Spread
spectrum?
• Channel spacing
• Doppler shift
• Frequency stability

LNA

Image
reject
filter

M

fDIF
Digital IF
frequency
0 deg

DSP
demod.

RF A/D
90 deg
Low noise
ADC clock,
Fs

NCO
fLO2 = fDIF

M

Q

• What is the baseband bandwidth
required?
•
•
•
•

j

Modulation bandwidth
channel spacing
multi-mode operation
Doppler shift/frequency stability
Copyright © 2018 Phiphase Limited
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Bandwidth and Frequency Plan
• Frequency Plan
• Can an ADC handle
•
•

Required RF frequencies?
Required bandwidth?

• ADCs are now available that will directly sample 2 GHz
with front-end bandwidths up to 8 GHz or more.
• But resolution and noise performance will be limited
• Do you need 2 GHz of bandwidth?
• Do the power budget analysis
•

I

RF
filter

LNA

Image
reject
filter

M

fDIF
Digital IF
frequency
0 deg

DSP
demod.

RF A/D

Usually an RF front-end down converter will offer a lower
power solution than a fast (expensive) ADC with a superlow noise clock driving it.

• Can Fs/4 be used?
• Relationship between RF/IF frequency and ADC clock is
critical.
• Spurious responses
• IF needs to be high enough to enable required RF
bandwidth to be covered without MxM in-band spurs
𝑀
• 𝑓𝐼𝐹 𝑀, 𝑀 >
𝑀−1 ∙ 𝐵𝑅𝐹

j

DDC: Digital Down-Converter (ASIC or FPGA)

90 deg
Low noise
ADC clock,
Fs

NCO
fLO2 = fDIF

M

Q

This digital signal processing is
now being built into the ADC
e.g. Analog Devices AD9680
1Gsps ADC
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Dynamic Range
DDC: Digital Down-Converter (ASIC or FPGA)
I

• In an RF/IF sampling receiver, the ADC has a major
impact on dynamic range.

RF
filter

LNA

Image
reject
filter

M

fDIF
Digital IF
frequency
0 deg
90 deg

• linearity
• noise floor
• SFDR

Low noise
ADC clock,
Fs

• The RF dynamic range and ADC dynamic range
should be matched with respect to how much
power the ADC needs to handle.

DSP
demod.

RF A/D
NCO
fLO2 = fDIF

M

Q

Analog Devices AD6645 SFDR plot

• RF is “bomb proof” but the ADC can’t cope with
much out-of-band interference (e.g. poor linearity
or noisy clock).
• ADC is “bomb proof” but the RF creates
intermodulation noise (“mush”) due to low dynamic
range

• Decimation increases effective digital dynamic
range by lowering the noise floor due to averaging

j
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Noise
• ADC noise is a huge deal.

• ADCs are like mixers but with shocking noise
balance performance!
• ADC performance usually dominates over the RF
(yes even if you have a really low noise high gain
front end!)
• ADC clock phase noise is critical in undersampling systems. ADC encode port bandwidth is
important
Clock jitter
Thermal noise
Quantisation noise
Intermodulation noise

SNR  20 log( 2pf IF t J )

• Thermal and quantisation noise dominate at
very low input signal levels
• Clock jitter dominates at moderate to high signal
levels
• Cross-over is usually about -36dBFS in IF
sampling applications

j

t J RMS

2 10 A / 10

2pf CLK

ADC SNR (due to clock noise) depends upon tj and
the frequency of the signal being sampled fIF

• ADC noise sources
•
•
•
•

The clock jitter depends upon integrated phase noise
power, A dBc and its frequency, fclk.

The wide-band phase noise of the clock has the
greatest influence on tj and hence SNR. Close-in
phase noise (1/f noise) lies within the 1st Nyquist
zone and is more an issue for the down-stream
demodulator.

Copyright © 2018 Phiphase Limited
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ADC Noise Power Spectral Density
• SNR is related to clock jitter
• What is the noise power spectral
density at the ADC output?
• ADC clock encode bandwidth

The ADC samples all the power in each Nyquist zone
nFs/2 and “folds” the power back to Nyquist zone 1.
This includes your wanted IF/RF signal but also all
the noise.

• Usually at least 400 MHz, may be several
GHz depending upon the bandwidth of
the clock driver circuit
• Transformers limit bandwidth
• Filter the clock!

• Unlike thermal noise, the clock noise
transferred to the ADC output
depends upon the amplitude of signal
(or interference) power at the ADC
input

j
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Figures from Analog Devices AN756

𝐹𝑠
2
𝐹𝑠
− 10𝑙𝑜𝑔
2

𝑁0𝐴𝐷𝐶 = −𝑆𝑁𝑅𝐹𝑆 − 10log
= 20𝑙𝑜𝑔 2𝜋𝑓𝐼𝐹 𝑡𝐽
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Clock Noise Power Spectral Density
ADC output noise PSD

• For a given ADC output noise power
spectral density, what is the clock
noise power spectral density
required?
• The equation given here relates the
required clock noise PSD to the ADC
output noise PSD.

• Output noise PSD is fixed by the jitter and
Nyquist bandwidth (Fs/2)
• The equation shows how much lower the
clock noise PSD needs to be to achieve
that output PSD.

• Try to keep fIF/Fs ratio low – the higher
the harmonic nFs we are using, the
more sensitive the jitter is to clock
noise.

j

𝑁0𝐶𝐿𝐾 𝑑𝐵 = 20𝑙𝑜𝑔 2𝜋𝑓𝐼𝐹 𝑡𝐽𝑅𝑀𝑆 − 10𝑙𝑜𝑔
3𝑙𝑜𝑔2

𝐵𝐸𝑁𝐶
𝑓𝐼𝐹
− 20𝑙𝑜𝑔
𝐹𝑠ൗ
𝐹𝑠
2

Number of Nyquist Zones (NZ) in
the clock B/W 3dB/octave as noise
folds back to NZ1

𝐹𝑠
−
2

This part
is a multiplier for
the sensitivity to
clock jitter
(like PLL multiplier)
where we are using
harmonic nFs

Given wideband clock noise PSD, No_clk dBc/Hz, the RMS jitter is:
𝑁0𝐶𝐿𝐾 +10𝑙𝑜𝑔

𝑡𝐽𝑅𝑀𝑆 =
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10

𝐹𝑠
𝐵
𝑓
+3𝑙𝑜𝑔2 𝐸𝑁𝐶
+20𝑙𝑜𝑔 𝐼𝐹
2
𝐹𝑠
𝐹𝑠Τ2
20

20𝜋𝑓𝐼𝐹
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Reciprocal Mixing
• Just like an analogue mixer, the
ADC clock noise causes reciprocal
mixing
• A strong nearby signal will convolve
with the clock phase noise
spectrum to produce noise in the
wanted channel
• No amount of post ADC digital
filtering can remove this.
• The wanted signal also results in the
noise floor being raised. Hence
overall receiver noise figure depends
upon the level of the input signals.

j
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ADC Specifications – AD6645 Example
• SNR: Signal to Noise ratio
EXCLUDING harmonics
• SINAD: Signal to Noise and
Distortion Ratio: Includes RMS
sum of harmonics and noise.
• -1dBFS is usually the reference
level
• Worst harmonic (dBc) important
for determination of SFDR

j
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ADC Specifications – AD6645 Example
• Two-tone SFDR: Ratio of RMS
value of either input tone to the
RMS value of the peak spur
(dBc)
• Two-tone IMD: Two-tone
intermodulation distortion. Ratio
of either input tone to the RMS
value of worst 3rd order
intermodulation spur.
• Analogue Input Bandwidth: 3dB
bandwidth of the ADC’s input
track-and-hold amplifier

j
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ADC Specifications – AD6645 Example
• Aperture Delay (tA): the delay
between 50% point of the rising
edge of the encode clock and
the instant at which the input
signal is sampled
• Aperture Jitter (tJ): the RMS
jitter that the ADC’s sampling
circuit adds to the clock. Usually
the clock itself dominates over
the aperture jitter.

j
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Calculating ADC Noise Figure
• As shown, the detailed analysis of
ADC performance can be complex.
• But treating the ADC as an RF
component in an RF noise
figure/gain cascade can be useful:
1. Determine the ADC’s full-scale level
in dBm
2. Determine the ADC’s SNR (from the
data sheet), subtracting the dBFS
level it was measured at (e.g.
−1dBFS)
3. Calculate the ADC output noise PSD
(see previous slides):
SNR−10log(Fs/2)
4. Subtract kT (−174dBm/Hz) from
normalised ADC noise PSD.

j

1

Full-scale power level (dBm)

2

1dB below FS (dBm)

ADC noise PSD (in Fs/2 Bandwidth)

3

Normalised Noise PSD (dBm/Hz)
ADC Noise Figure (dB)

4

kT: -174dBm/Hz

Example: tJ = 7ps, fIF = 162 MHz, Fs=50Msps
Full-scale input power 4.8dBm At -1dBFS (3.8dBm):
𝑁0𝐴𝐷𝐶 = 20𝑙𝑜𝑔 2𝜋 ∙ 162𝑀𝐻𝑧 ∙ 7𝑝𝑠 − 10𝑙𝑜𝑔 25𝑀𝐻𝑧
= −42.9dB − 74.0dB = −116.9𝑑𝐵𝑐/𝐻𝑧 → −113.1𝑑𝐵𝑚/𝐻𝑧
𝑁𝐹𝐴𝐷𝐶 = −113.1 − −174𝑑𝐵𝑚/𝐻𝑧 = 60.9𝑑𝐵

Copyright © 2018 Phiphase Limited

51

Calculating ADC Noise Figure – Small Signal
Calculate ADC Noise PSD relative to carrier
(it’s phase noise)

• Example:
•
•
•
•
•

fIF = 162 MHz
Fs = 50 Msps
Pin (Full scale) = 4.8dBm
Signal level = -40dBFS
tJRMS = 7ps

𝑁0𝐴𝐷𝐶 = 20𝑙𝑜𝑔 2𝜋 ∙ 162𝑀𝐻𝑧 ∙ 7𝑝𝑠 − 10𝑙𝑜𝑔 25𝑀𝐻𝑧
= −42.9dB − 74.0dB = −116.9𝑑𝐵𝑐/𝐻𝑧

• Noise figure due to clock noise
depends upon the signal level
• Other contributors to the overall
SNR:
• Quantisation noise
• Thermal noise
• Differential non-linearity

Calculate noise relative to full-scale power, given
signal is at -40dBFS
𝑁0𝐴𝐷𝐶𝑑𝐵𝑚 /𝐻𝑧 = 4.8 − 40 + −116.9 = −152.1𝑑𝐵𝑚/𝐻𝑧
Calculate the noise figure
𝑁𝐹𝐴𝐷𝐶 = −152.1 − −174𝑑𝐵𝑚/𝐻𝑧 = 21.9𝑑𝐵

If RF amplifier gain is 50dB with 4dB noise figure
𝑁𝐹𝑅𝑋 = 10𝑙𝑜𝑔 10

j
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1021.9Τ10 − 1
+
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Calculating ADC Noise Figure – Large Signal
• Example:
•
•
•
•
•

fIF = 162 MHz
Fs = 50 Msps
Pin (Full scale) = 4.8dBm
Signal level = -10dBFS
tJRMS = 7ps

• Noise figure due to clock noise
depends upon the signal level
• At -10dBFS (a strong signal)
noise figure increases by 2dB.

j

Calculate ADC Noise PSD relative to carrier
(it’s phase noise)
𝑁0𝐴𝐷𝐶 = 20𝑙𝑜𝑔 2𝜋 ∙ 162𝑀𝐻𝑧 ∙ 7𝑝𝑠 − 10𝑙𝑜𝑔 25𝑀𝐻𝑧
= −42.9dB − 74.0dB = −116.9𝑑𝐵𝑐/𝐻𝑧
Calculate noise relative to full-scale power, given
signal is at -40dBFS

𝑁0𝐴𝐷𝐶𝑑𝐵𝑚 /𝐻𝑧 = 4.8 − 10 + −116.9 = −122.1𝑑𝐵𝑚/𝐻𝑧
Calculate the noise figure
𝑁𝐹𝐴𝐷𝐶 = −122.1 − −174𝑑𝐵𝑚/𝐻𝑧 = 51.9𝑑𝐵

If RF amplifier is 50dB with 4dB noise figure
𝑁𝐹𝑅𝑋 = 10𝑙𝑜𝑔

104Τ10

1051.9Τ10 − 1
+
= 6.1dB
1050Τ10
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theInformation.
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to Limited
clock noise in the ADC.
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SNR and SFDR Graphs from the Data Sheet
(AD6645)
SNR

j

SFDR
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The Advantages of Today’s RF-sampling ADCs
• We have discussed direct RF sampling using “under-sampling”
• ADC vendors will laugh at this!

• Why are we even still considering the old parts e.g. AD6645?
• Answer: for some applications e.g. Space, these old devices have a great track record
(surviving radiation etc). Heritage is everything in Space engineering.

• The new breed of RF-sampling ADCs can significantly simplify receiver design:

• Over-sampling (at Gsps rates) simplifies anti-alias filter design
• Digital Signal Processing (down-conversion) built into the ADC reducing cost and overall
power consumption
• Improved performance (SFDR and noise) due to less jitter and down-conversion processing
gain.
• Flexibility: Software Defined Radio really can be software defined with little or no limitations
on frequency coverage
• Driven by the wireless industry

• But for high reliability applications like Space this new deep sub-micron
technology is unproven...

j
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Receiver System Engineering Analysis
• Often tools like ADS, MWR VSS and MATLAB do not cope particularly well with
digital receiver simulations
•
•
•
•

Wide range of frequencies: from RF to a few Hz...
Phase noise is very wide-band e.g. from 1 Hz to 10 MHz.
Involves a mixture of carrier and baseband
Very fine resolution (fs) to model some effects

• System analysis using equations can often be quicker and give more insight.
• Spreadsheets instead of simulations
• Using the latest technology (e.g. ADCs) can significantly simplify the system
design process
• But some industries e.g. Space still rely on near obsolete technology. Often the range of
suitable parts is very limited and way “behind the curve” of the latest wireless technology.
• For such designs, it is crucial to analyse the system in detail to get the best out of the limited
technology that may be available.
• Some high speed parts are becoming space qualified...

j
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Space-Grade ADCs
• Texas Instruments ADS5400-SP
•
•
•
•
•
•

12 bit, 1.0Gsps
2.1 GHz Input bandwidth
SFDR: 72dB
SNR: 58.5dB
ENOB: 9.2 bits
2.2 W power dissipation

• E2V EV10AS180A
•
•
•
•
•

10 bit, 1.5Gsps
2.2 GHz Input Bandwidth
SFDR: 62dB (fin = 1800 MHz, Fs=1.5 Gsps)
SNR: 55dB (fin = 1800 MHz, Fs=1.5 Gsps)
ENOB: 8.5 bits (fin = 1800 MHz, Fs=1.5
Gsps)
• 1.75 W power dissipation

j

• Analog Devices AD9254S
•
•
•
•
•

14 bit, 150 Msps
650 MHz input bandwidth
SFDR: 84 dB (fin = 70 MHz)
SNR: 71.8 dB (fin =70 MHz)
430 mW power dissipation

• ST Microelectronics RHF1201
•
•
•
•
•

12 bit, 50Msps
SFDR: 56dB (fin = 145 MHz)
SNR: 59dB (fin = 145 MHz)
ENOB: 9.1 bits
100 mW power dissipation

Copyright
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Summary of System Design Considerations
• Consider the frequency plan carefully.
• There is nothing wrong with using analogue RF circuitry to do initial downconversion where it meets the requirements: power, cost, flexibility, reliability
etc.
• Match the RF dynamic range and ADC dynamic range
• ADC clock noise is the biggest contributor to noise in a digital receiver

• ADCs typically have noise figures that start at 32dB. The signal itself adds more noise due to
reciprocal mixing of the clock.
• Overall receiver noise figure can therefore increase when there are signals present – similar
to intermodulation noise, but it affects performance at relatively low signal levels.

• ADC Noise figure varies with input signal level due to reciprocal mixing of noise
• Consider design by analysis instead of design by synthesis/simulation (ADS, VSS
etc.)
• The latest technology (e.g. ADCs) can significantly simplify the system design
process.

j
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4. Integration, Test and
Measurement Considerations
j
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Digital Receiver Integration, Test and
Measurement
• Analogue receivers are easy to measure

• Just attach a ‘scope or Spectrum analyser to the signal of interest and measure it.

• Digital receivers are a bit more tricky to work with

• It depends upon how much of the receiver signal path has been digitised.

• FPGA or ASIC DSP can be simulated prior to integration

• Use a tool like MATLAB (or other) to develop test signals and the DSP algorithms
• Use a simulator to model the hardware functionality
• Aim for complete agreement between:
• The bench
• VHDL simulation
• MATLAB model (fixed point)

• Then you know what you have on the bench is exactly what you intended!

• Built-in Test Equipment (BITE) such as a debug interface on your FPGA is essential.
• Connect internal digital signals to a logic analyser. Send commands to select test points.
• Logic analyser can also have a spectrum analyser “personality” making it almost as easy to
use as a real spectrum analyser.

j
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5. Summary
j
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Summary
•
•
•
•
•

Presented the evolution of the Superhet receiver into today’s digital receiver
ADCs are a lot like RF mixers and this behaviour is exploited in digital receivers
Digital receivers use either baseband or RF passband sampling
RF sampling enables analogue frequency conversion stages to be eliminated
Noise and dynamic range, especially clock noise are the big issues in terms of system
design.
• Design by Analysis rather than Synthesis (simulation) alone can be useful due to the wide
range of frequencies involved
• Latest high speed ADCs simplify system design but limited ADC technology availability for
space applications
• Integration and Test philosophy needs to be somewhat different for digital receivers
compared to their analogue counterparts:
• Use extensive simulation before building
• Built-in test equipment (debug interfaces)
• Logic analysers with RF measurement personalities

j
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