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Presenter
Presentation Notes
Hi, I’m Lee Pucker and I’d like to welcome you to our webinar on the ADCs of SDR …
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Company Overview

• Intersil
• Headquarters: Milpitas, CA
• Solutions:  Best-in-class solutions for video processing, 

active cables, and high-speed/high resolution ADCs. 
Intersil strives to provide products that offer Simplicity, 
Innovation, & Intelligence to their customers.

• Spectrum Signal Processing by Vecima
• Headquarters: Burnaby, BC
• Solutions: High-performance data acquisition (RF, analog 

and digital I/O) and reconfigurable signal and video 
processing hardware and systems for ISR (SIGINT, COMINT, 
ELINT), SDR, MILCOM and SATCOM markets. Spectrum is 
part of Vecima Networks Inc.

Presenter
Presentation Notes
About Intersil:  Intersil is a leader in high performance analog and mixed-signal ICs.  Headquartered in Milpitas, Intersil has over 1800 employees and had sales of over $800M in 2010.  For many years, Intersil has been recognized as a provider of industry-leading solutions in power management and precision analog components and has been aggressively expanding its portfolio since 2005.  Intersil is now known for best-in-class solutions for video processing, active cables, and of-course, high-speed/high resolution ADCs.  Intersil strives to provide products that offer Simplicity, Innovation, & Intelligence to their customers.

About Spectrum: Spectrum designs and builds board and system-level hardware solutions for demanding signal and video processing applications. Spectrum combines high-performance data acquisition (RF, analog and digital I/O) and reconfigurable signal and video processing hardware with its best-in-class support and engineering services. Spectrum has worked with both commercial and military customers worldwide to develop and deliver solutions optimized for ISR (including SIGINT, COMINT, ELINT), software defined radio (SDR), and military communications (MILCOM) and satellite communications (SATCOM) markets. Spectrum is a part of Vecima Networks Inc.
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Presenters

Mark Rives, Principal Applications Engineer at Intersil
Mark is a Principal Applications Engineer at Intersil where he 
supports high speed data converter customers and 
participates in new product definition. 

Edward Kohler, Strategic Marketing Manager at Intersil
Edward is Intersil’s Strategic Marketing Manager for high 
speed data converters and ADC drivers.

Tudor Davies, Director of Technology at Spectrum
Tudor is the Director of Technology at Spectrum, and in this 
role, he defines the architecture of Spectrum’s future 
products and projects. 

Presenter
Presentation Notes
And now I’d like to introduce our speakers:

Mark Rives is a Principal Applications Engineer at Intersil where he supports high speed data converter customers and participates in new product definition.  He spent over 10 years working on a wide range of system and IC designs before moving into applications. Since that time Mark has spent 12 years focused on high speed data converters and communications systems.  Mark received his Bachelor’s in electrical engineering from Mississippi State University.

Edward Kohler is Intersil’s Strategic Marketing Manager for high speed data converters and ADC drivers. Edward began his career designing high speed ADCs and was one of the inventors of Intersil’s Femtocharge technology.  He earned his Bachelor’s and Master’s degrees in electrical engineering at Michigan Technological University and the University of Michigan and his MBA from Yale University.

Tudor Davies is the Director of Technology at Spectrum, and in this role, he defines the architecture of Spectrum’s future products and projects. Tudor joined Spectrum in 1998, and has successfully led teams to develop and deliver products that met complex customer requirements. Tudor holds a Master’s degree in Electrical Engineering from the Royal Military College of Canada, and served for 20 years in the Canadian Navy as a Combat Systems Engineer.


Feel free to type questions into the chat area.

We’ll provide the entire presentation with the speaker’s notes. Visit our web site to get a copy.

And now I’ll turn it over to Mark Rives …
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Outline

Software Defined Radio (SDR) Overview

ADC Fundamentals and Specifications

How ADC Specifications Impact SDR

Small Form-Factor Real World Implementation

Summary

Presenter
Presentation Notes
Thanks Lee, and welcome everyone,

The design and application of Software Defined Radios is a huge topic, so today, we’ll focus on just the receiver. We will cover the following material:

•	A Software Defined Radio Overview
•	ADC Fundamentals and Specifications
•	How ADC parameters impact your Software Defined Radio system design
•	and, A small form factor real world implementations

The transmitter will include a high performance DAC where many of the same concepts apply even though we will not directly address them today.
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The United States RF Spectrum
9kHz

300GHz

Presenter
Presentation Notes
Let’s start by looking at the United States frequency allocation chart. The RF spectrum is vast, currently covering 8 decades of frequencies (3kHz to 300GHz). The amount of spectrum that has been allocated has been increasing over time and some of the allocations have changed.  As various needs come and go, some bands are allocated, unallocated, and then reallocated.
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The RF Spectrum in Egypt 
9kHz

300GHz

Presenter
Presentation Notes
Furthermore, standards and allocations vary in different regions of the world.  

We need a receiver to perform frequency translation and channel filtering allowing us to select only the desired frequency band (or channel) from all of these frequencies.
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SDR Overview

Traditional receivers only cover a single channel in a 
limited number of bands because they are made with 
dedicated hardware for a specific signal or waveform.

ADC DSP

Ideally, an ADC could 
directly sample the signal 
from the antenna.

A Software Defined Radio (SDR) is a radio where digitizing 
the signal allows circuitry previously implemented in 
dedicated hardware to be moved into the digital domain.

Presenter
Presentation Notes
Traditional receivers only cover a single channel in a limited number of bands because they are made with dedicated hardware for a specific signal or waveform. Even signals in adjacent bands may require multiple receivers leading to increased size, weight and power.

A Software Defined Radio (SDR) is a radio where digitizing the signal allows circuitry previously implemented in dedicated hardware to be moved into the digital domain.

Ideally, an ADC could directly sample the signal from the antenna.
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SDR Overview (continued)

After the signal is digitized, software can control the 
channel frequency, bandwidth and modulation format.
Placing the ADC as close to the antenna as possible 
provides the most flexibility but must be traded off 
against performance limitations.

ADCs do not have infinite dynamic range or infinite input 
bandwidth so additional components are still required to 
condition the ADC input signal.

Presenter
Presentation Notes
Unfortunately, ADCs do not have infinite dynamic range or infinite input bandwidth so additional components like amplifiers, mixers and filters are still required to condition the ADC input signal.

After the signal is digitized, software can control the channel frequency, bandwidth and modulation format.

Placing the ADC as close to the antenna as possible provides the most flexibility but must be traded off against performance limitations.
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Outline

Software Defined Radio (SDR) Overview

ADC Fundamentals and Specifications

How ADC Specifications Impact SDR

Small Form-Factor Real World Implementation

Summary

Presenter
Presentation Notes
To make sure we are all on the same page, lets start with a review of ADC fundamentals and key specifications.
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ADC Fundamentals

Anti-Alias Filter 3-bit ADC
Noisy Analog

Input or FIN

23 or 8 Digital
Output Codes

ADC = Analog to Digital Converter

The ADC clock (FSAMPLE or FS) sets 
the sample interval

The sampling process introduces 
side effects

Performance of the sampling 
process is specified by
• Noise – SNR
• Distortion – SFDR, THD, INL

Presenter
Presentation Notes
We’ll start with a basic illustration of analog to digital conversion.

The ADC or our Analog to Digital Converter
Is controlled by a clock signal known as FSAMPLE or FS which sets the sample interval
The sampling process introduces side effects which add noise or distort the input signal
The performance of the sampling process is specified by its impact on:
Noise – reported as Signal-to-Noise Ratio (SNR) and
Distortion – reported as Spurious Free Dynamic Range (SFDR), Total Harmonic Distortion (THD), Integral Non-Linearity (INL)

An ADC converts an infinite range of analog values into a limited number of digital output values. This means that there will be distortion because all the necessary digital output values do not exist. Additionally, the ADC has non-ideal performance so even more distortion can be introduced. Noise is another problem since the ADC will have a limited range from the largest signal to its noise floor. [CLICK]

This example shows the removal of high-frequency noise with an anti-aliasing filter followed by the conversion to a digital signal. The 3-bit converter will have 2^3 or 8 possible output values (also known as codes). Each input clock causes the analog input to be quantized into 1 of these 8 possible digital outputs.

Any undesired input signals must be removed by a filter or they will also be digitized. After we talk about the performance metrics we will come back to aliasing.
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Signal to Noise Ratio (SNR)

SNR = the sum of all power except DC, fundamental and the first ten 
harmonics relative to full-scale power (dBFS) or to signal power (dBc)

Fundamental = Primary Input Signal or Carrier

Noise Floor – Dominated by 

white Gaussian thermal noise

Harmonics
DC

Presenter
Presentation Notes
ADCs are typically characterized with a single frequency sine wave input. This is the most difficult case for an ADC since wideband signals with multiple frequencies tend to randomize any linearity errors in the ADC giving better results. It is also easier (or more consistent) to process a fast Fourier transform (FFT) result with a single sine wave input.

Now, let’s look at SNR (or Signal to Noise Ratio) which is the sum of all power except for DC, the fundamental (or primary input signal) and the first ten harmonics, relative to the full-scale power (measured in dBFS) or relative to the signal power (measured in dBc which refers to dB relative to the carrier). The SNR contributors are shown in red in the example spectrum plot.

The ADC’s SNR is set by four factors, quantization noise (from the number of bits), thermal noise (from the ADC input), higher order harmonics due to DNL errors and clock jitter noise. The first three are set by the ADC’s design and are relatively fixed. The jitter noise is influenced by external factors including clock jitter, input frequency and input amplitude. Next, we’ll look at the effect of jitter in more detail.

---
Additional Info
SNR:
Excludes the power at DC, the fundamental power and the power of the first ten harmonics
Includes thermal noise, quantization noise, aperture jitter and higher order harmonics due toe DNL (differential non-linearity)
SNR is usually measured with respect to full scale amplitude (dBFS)
All of these effects are primarily white, and spread across the entire digitized bandwidth
These three components are summed as a root-sum-of-squares (RSS) to get the total SNR
Total SNR = SQRT [(SNR_thermal^2) + (SNR_quantization^2) + (SNR_jitter^2) + (DNL_noise^2) ] 

Note: These noise contributors and the noise power in the FFT must be summed in voltage rather than dB

Thermal noise (Johnson-Nyquist noise)
Due to kTC in the sampler and subsequent ADC pipeline stages
Thermal noise = Vn = SQRT (Kb*T / C)
Quantization noise
Due to limited number of bits in the quantizer
SNR_quantization = 1.76 + (6.02 * Num_bits)
Aperture jitter
Due to the jitter added in the clock receiver
Performance impact of jitter added scales with input frequency
SNR_jitter = 20*LOG10 (1/(2*pi*f*Tj))
DNL noise
DNL is the error between the ideal and actual ADC output for each code
These errors create higher order harmonics (above H10) that is summed into the noise power
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Clock Jitter Reduces SNR

Clock uncertainty -> Sample time uncertainty
Result: Output voltage errors
• The SNR may be dominated by thermal noise or jitter noise
• The jitter noise is constant relative to the input amplitude
• A very large signal may cause a small signal to be lost in the noise
• Lower clock jitter can offer higher sensitivity

Jitter noise masks the 
desired signal

Large signal with jitter raises  
the noise floor

Desired signal, constant 
amplitude

Jitter Noise

Thermal Noise
Jitter Noise
Thermal Noise

Presenter
Presentation Notes
Clock jitter is variation or uncertainty relative to an ideal clock. If there is an error in sample time caused by clock jitter there will be an error in the sampled voltage, relative to the voltage at the expected sample time. This error will create a higher level of broadband noise at the ADC’s output leading to reduced SNR.

For small input signals the ADC’s thermal noise will determine the SNR but, as the signal input amplitude increases noise due to clock jitter can determine the SNR. This is especially true at higher input frequencies.

Jitter noise is independent of sample rate, only the input frequency’s slew rate and the amount of jitter determine the jitter noise. This is because the voltage error will be greater with a higher slew rate and the slew rate increases with frequency and amplitude.

This is important in a Software Defined Radio because jitter can reduce the sensitivity of the receiver when a large signal sampled with too much jitter raises the entire noise floor as shown in the following illustration. [CLICK] The plot on the left shows the desired small signal with enough SNR relative to the thermal noise to be recovered (all in blue). The jitter noise and a large interfering signal are shown in red. [CLICK] The center plot shows that as the large interfering signal, sometimes called a blocker, increases, the jitter noise floor increases with it reducing the total SNR. [CLICK] The plot on the right shows the point where increasing amplitude of the interferer has raised the jitter noise causing the desired signal to be lost.

Clock jitter will also degrade the SNR of higher input frequencies leading to lower dynamic range in direct RF sampling applications.

These negative effects of jitter noise on receiver sensitivity can be reduced by using a low jitter clock and an ADC with low internal aperture jitter.

In a traditional receiver, the interfering signal would be removed by a filter. Since SDR processes a wider range of frequencies this is not practical – you need more dynamic range to handle both signals.

---
Additional Information:

The effects of jitter are worse when the input signal is near full scale
The jitter-induced voltage error is constant relative to the input amplitude
The SNR may be dominated by thermal noise or jitter depending on input amplitude

Clock Requirements:�Waveform
Square waves without overshoot give the best SNR
Differential signals reduce the impact of power supply noise
High amplitude differential sine waves provide good results
Slew Rate
Higher slew rate clocks minimize the jitter added by the clock receiver
Amplitude
Amplitudes closer to the maximum allowable input give the best SNR
Noise
Low broadband noise gives the best SNR
Low Phase Noise / Jitter gives the best SNR
Filtering broadband noise reduces slew rate and amplitude -> worse SNR
Spurious content
Harmonics are OK since the edges all line up
Any non-harmonic spurs may show up at the ADC’s output
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Distortion (THD, SFDR)

Spurious Free Dynamic Range (SFDR)

H2 H3 H4

THD = Total Harmonic Distortion is the sum of power in the first 
ten harmonics relative to the fundamental signal power (dBc)

H8

H10 H9

H5 H6 H7

H9 – H10 have aliased back

to the first Nyquist zone

Presenter
Presentation Notes
THD or Total Harmonic Distortion is the sum of power in the first ten harmonics relative to the fundamental signal power and is usually measured in dBc

SFDR or Spurious Free Dynamic Range is the ratio between the input signal and the highest spur excluding DC and is also usually measured in dBc

Generally the SFDR is set by a harmonic of the fundamental but this is not always the case. For example, uncorrected mismatch when interleaving multiple ADCs to obtain higher sample rates can lead to spurious signals that will dominate SFDR if not corrected.

Intersil’s ISLA214P50 is an interleaved 500MSPS 14-bit ADC that provides automatic calibration that typically keeps the interleaving spurs below -95dBFS.
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Clock Spurs

Any signal on the ADC’s clock 
input will be convolved (mixed) 
with the analog input
• Any spurs or non-harmonic content on 

the clock signal will appear around 
every analog input signal and may 
mask a desired signal-140.0

-120.0

-100.0

-80.0

-60.0

-40.0

-20.0

0.0

75.0E+06 125.0E+06 175.0E+06

Clock

Spur masks the 
desired signal

Presenter
Presentation Notes
Any signal on the ADC’s clock input including noise and spurious tones will be convolved (or mixed) with the analog input at the ADC output.

Any spurs or non-harmonic content on the clock signal will appear around every analog input signal and may mask a small desired signal adjacent to a larger signal. The amplitude of the spurs will be constant relative to each input signal. The spurs are always there but until the input signal is large enough the spurs will be masked by the noise floor.

The plot on the top left shows a clock signal with phase noise and spurs from a switching regulator on both sides of the desired clock [CLICK]. The bottom left plot shows the ADC’s analog input signal with two big signals and a smaller signal (in red). [CLICK] The right plot shows the ADC output after sampling. You can see the spurs adjacent to each of the big signals. Notice that the desired signal has been partially covered by the spur from the clock preventing it from being received.

---
Additional Information:

Sources of clock spurs:

Be careful with switching regulators
Look for tones offset from the desired frequency by the switching frequency
Clock oscillators typically have poor PSRR so they must have a well-filtered supply
LDO or LDO + LC filter
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Noise + Distortion Specifications

SINAD = the sum of all power except DC and the 
fundamental relative to the signal power (dBc)

( )
02.6

76.1−
=

SINADENOB

Presenter
Presentation Notes
SINAD (or Signal to Noise and Distortion) is the sum of all power except DC and the fundamental relative to the signal power, usually given in dBc.

SINAD is the ultimate measure of dynamic range – The difference between the desired signal and every other signal except DC.

The effective number of bits, or ENOB is derived from SINAD using the equation ENOB equals (SINAD – 1.76) / 6.02.

---
Additional Information:

SINAD
The ratio of signal to everything “not signal” except DC
Everything not-signal includes noise and distortion
ENOB – Effective Number Of Bits
The SINAD expressed as number of bits
ENOB has a loose relationship with number of “wiggly wires”
The number of “wiggly wires” don’t matter, SINAD and ENOB do!
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Aliasing  Aliasing

All signals sampled by the ADC will be output in the first 
Nyquist zone (DC to Fs/2) therefore,
If there are any unwanted signals (including noise) above 
Fs/2 they must be filtered prior to sampling
• Unwanted signals above Fs/2 can interfere with desired signals
• Once sampled, the unwanted signals cannot be removed
• The Analog Input (FIN) and Aliased Image (FIMAGE) are identical at the ADC 

output 

TS=
1/fS

Analog Input  (FIN)Aliased Image (FIMAGE = FS - FIN)

t

Presenter
Presentation Notes
Now that we’ve covered the basic ADC specifications, lets go back to aliasing.

Unless a signal is in the frequency range from DC (or 0Hz) to Fs/2 we cannot know the original analog input frequency at the ADC output. This was described by Nyquist when he said analog signals must be sampled at more than twice their highest frequency to completely recover the sampled information. Most sampling discussions center on the signals from DC to Fs/2, also known as the first Nyquist zone, because every input to the ADC will appear in the first Nyquist zone at the ADC output. It is also easier to visualize a low frequency signal that has many sampling points.

[CLICK] As you can see in this example, two very different input signals that both line up with the ADC’s sampling points will generate the same sampled output. There are an infinite number of higher frequency signals where the sampling points line up correctly and all of these signals will ‘alias’ to the lowest frequency signal at the ADC’s output as shown by the red trace. This sample alignment relationship will happen around every multiple of the sample rate, Fs.

Any undesired signals that might alias on top of our desired signal must be removed by a filter before sampling. After sampling the aliased signals cannot be removed.

---
Additional Info:

Shannon – A signal with frequency content of bandwidth B can be recovered by sampling at a rate > 2B
Nyquist - For Baseband signals extending to DC this implies the sampling rate, Fs, must be > 2X the maximum analog frequency. An ADC’s Nyquist bandwidth is Fs/2
  This is referred to as the “First Nyquist Zone”
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Fs/2 Fs=100MHz 3*Fs/2 2*Fs

I III
Fout

A

First
Nyquist Zone

Bandpass Filter

Second
Nyquist Zone

Third
Nyquist Zone

Fourth
Nyquist Zone

Sub-Sampling

We can take advantage of aliasing to sample narrow-band 
signals beyond the first Nyquist zone
• All the images will appear in the first Nyquist zone at the ADC output
• Filtering must be used to select the desired image
• Commonly used for Intermediate Frequency (IF) sampling receivers
• A wide ADC input bandwidth enables high-IF sub-sampling
• The signal of interest must fit within a single Nyquist zone

8MHz
92MHz 108MHz 192MHz 208MHz

Presenter
Presentation Notes
Sub-sampling takes advantage of aliasing to provide frequency translation of a higher frequency signal into the first Nyquist zone. This is sometimes referred to as under-sampling or bandpass sampling. In sub-sampling the carrier frequency is greater than the Nyquist frequency.

[CLICK] For example, with Fs = 100MHz then inputs at 8MHz (which is in the first Nyquist zone, DC to 50MHz) in addition to signals at 100-8 or 92MHz, 100+8=108MHz, 200-8=192MHz, 200+8=208MHz, and so on, will all appear at 8MHz at the ADC’s digital output as we saw on the previous slide. [CLICK] 

The anti-aliasing filter can allow the ADC to see only information from the first Nyquist zone or a bandpass filter can limit the ADC input signals to those from a higher Nyquist zone. The ADC’s input bandwidth and the clock’s spectral purity will limit the highest practical input frequency. [CLICK] Sub-sampling is commonly used in IF sampling receivers. For high-IF sampling be sure to check the ADC’s datasheet for SFDR and SNR vs. input frequency to determine the maximum useable frequency range for your application. [CLICK] Make sure the sample rate is high enough that the desired signal or band will fit in a single Nyquist zone.

Now, I’d like to introduce Ed Kohler, Ed will talk about an alternative method of frequency translation and then several common receiver architectures …

--- could move to additional info if time limited ---

When sub-sampling, the Nyquist criteria must not be violated for the information content. For example, a 5MHz wide communications channel only requires a clock of 10MHz to meet the Nyquist criteria. If the ADC has sufficient input bandwidth the desired 5MHz channel can be located at a higher frequency such as 72.5MHz in the fifteenth Nyquist zone which will alias to 2.5MHz at the ADC’s output. The bandpass filter in front of the ADC prevents any unwanted signals from being digitized so it is OK to use the aliased signal. Practically speaking, the sample rate should be at least 3x the desired input bandwidth. Further increasing the sample rate simplifies filtering and can increase SNR in the desired channel.

Datasheet URL?

I’d like to introduce Ed Kohler to talk about an alternative method of frequency translation and then several common receiver architectures …
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~

Mixer

LO

110MHz

~100MHz

RF

200
MHz

100 300dc

200
MHz

100 300dc 200
MHz

100 300dc

IF
LO 
Feedthrough

-6dB 
Amplitude

Mixer Example

ADC performance continues to increase but is still limited 
at very high frequencies. Mixers are used to translate 
signals to a lower frequency where they can be sampled.

Presenter
Presentation Notes
The basic function of a receiver is to translate information from a high frequency (RF carrier) to a low frequency that is more easily processed.  At the low frequency, the receiver removes coded information by demodulating the transmitted signal.

We’ve just seen how sub-sampling can be used to translate signals from one frequency to another but often the frequencies we are interested in receiving are too high to be accurately sampled. Even state-of-the art ADCs show increased distortion and decreased SNR at higher input frequencies.

One very important element in the receiver is a mixer.  The mixer provides the frequency translation function in a receiver by multiplying the two inputs.  When the RF input is mixed with the local oscillator (or LO) the output will include two signals, RF+LO and RF-LO.  In an ideal mixer, this is all you would see.  However, in the real world, we also see LO feed-through, which is an attenuated version of the LO that has passed through the mixer.

In this example, RF=100MHz and LO=110MHz so the outputs will be 10MHz and 210MHz. Typically, the information we are after is present in the 10MHz signal, so we can use a filter to remove the undesired frequency, in this case 210MHz, and the LO leakage.

Additionally, RF signals at LO+IF and LO-IF will both mix to the same IF so one must be filtered in front of the mixer. For the example shown, an RF signal at 100MHz and 120MHz will both generate an IF at 10MHz.

Now, lets put these pieces together and look at several ways that ADCs can be applied in radio receivers.
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Low IF Superheterodyne Receiver

ADC
Digital
Down-

Converter20MHz
BW

~

LNA ADC
Driver

Mixer FilterFilter VGA

Local 
Oscillator~

Mixer FilterVGA

Local 
Oscillator

2160-2180MHz 160-180MHz 10-30MHz

20MHz
BW

20MHz
BW

400300200100

162MHz

HD2
324MHz

40302010

HD2
24MHz

MHzMHz

HD3
36MHz

12MHz

2100

2162MHz

Filter

MHz

2000 23002200

2000MHz 150MHz

Architecture Pros Cons ADC Requirements
Low-IF
Superheterodyne

• Well Understood
• Excellent Blocker 

Performance
• Perfect I/Q Demodulation

• Higher BOM count/cost
• Limited Flexibility
• ADC Harmonics are 

In-Band

• Lower Speed
• Moderate Performance

Presenter
Presentation Notes
A superheterodyne or low-IF receiver is one example of typical receiver architectures.  The Super-Het characteristic is two cascaded mixing stages prior to the ADC with I/Q demodulation performed digitally, after the signal has been sampled by the ADC.  

Using the example shown here, we can walk through the architecture.  First, the desired band, 2.16-2.18GHz, is selected at the antenna using a bandpass filter.  This is followed by a low-noise amplifier and then mixed with an LO at 2GHz to give an IF at 162MHz  This is then band-pass filtered and followed with a variable gain amplifier and then mixed down one more time by 150MHz.  This gives us our final output spectrum from 10 to 30 MHz.  

This is a well understood architecture because its been used since the early days of receivers when analog-to-digital converters could not handle frequencies much above the bandwidth of interest.  Because the signal chain has several levels of band-pass filtering, this architecture is very immune to blockers or interfering signals from neighboring bands.  Since the I/Q demodulation is done digitally, it is essentially perfect.

The downside include a higher BOM, due to the multiple layers of filtering, gain, and mixing stages.  The architecture traditionally has limited flexibility because the filters essentially tune the receiver to the desired band in hardware.  Finally, since we’ve mixed the signal so close to DC, the 2nd and 3rd harmonics of the lower frequencies in the band of interest can be in-band.  What this means is that the ADC has to have very high linearity or the harmonics it generates can reduce the effectiveness of the receiver.  On the bright side for the ADC, this architecture allows for a fairly low sample rate and limited bandwidth.  It also reduces the importance of clock jitter, reducing the complexity of the clocking implementation required to drive the ADC.
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Zero-IF Receiver

DDC

~

LNA

10MHz
LPF

ADC

ADC

2MHz

HD2
4MHz

MHz

Filter VGA

2160-2180MHz

Quadrature
Demodulator VGA Filter

20MHz
BW

10MHz
LPF

2100

2172MHz

MHz

2000 23002200 2015105-5-10-15-20

DC2170MHz

Architecture Pros Cons ADC Requirements
Direct Conversion
Zero-IF (ZIF)

• Lowest Cost
• Moderate ADC 

Requirements

• I/Q Impairments
• ADC Harmonics are 

In-Band

• Dual Channel
• Lower Speed
• Moderate Performance

Presenter
Presentation Notes
On the other end of the architectural spectrum is a Zero-IF (ZIF) receiver It is also called direct conversion.  In this configuration, the RF is directly down-converted by the quadrature demodulator.  The quad demod produces two signals called I (In-Phase) and Q (quadrature).  These two signals are each amplified by a variable gain amplifier and then low-pass filtered.  This architecture requires a dual-channel ADC with a sample rate commonly around 4xBW, twice the minimum Nyquist sample rate of 2x bandwidth.  Linearity requirements for the ADC in the ZIF receiver are typically high as harmonics will fall in-band with this architecture as well.  This tends to be a low cost architecture, but mismatch in the offset, gain and phase between the I and Q signal paths, typically from the mixer and filters, can limit the receiver performance. Any mismatch shows up as an increase in the image frequency and DC because the RF frequency is mixed directly to 0Hz or DC.
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High-IF Receiver

ADC
Digital
Down-

Converter

~

LNA ADC
Driver

Mixer FilterFilter VGA

Local 
Oscillator

20MHz
BW

20MHz
BW

2160-2180MHz 160-180MHz

400300200100

162MHz

HD2
324MHz

MHz

2100

2162MHz

MHz

2000 23002200

2000MHz

Architecture Pros Cons ADC Requirements
High-IF
IF Sampling
Sub-sampling

• Reduced Cost
• Perfect I/Q Demodulation
• ADC Harmonics are 

Out-of-Band

• Faster ADC
• Higher Performance 

ADC

• High Input Bandwidth
• Low Jitter
• Good SNR/SFDR/IMD

Presenter
Presentation Notes
The final architecture we would like to highlight is more of a compromise.  The High IF receiver is similar to the Super-Heterodyne receiver, except one stage of mixing/gain/filtering is omitted and the input at the ADC is at a higher frequency.  This architecture takes advantage of digital demodulation, like the Super-Het version, but it reduces cost by moving the extra stage of mixing and associated filters into the digital domain.  This architecture does require a higher input bandwidth at the ADC, but this is generally not a problem for today’s converters.  

This architecture provides a good compromise for SDR. The higher ADC input frequency (vs. Direct Conversion) followed by a digital quadrature demodulator offers improved performance while omitting the 2nd mixer (vs. the Super-Het) reduces the amount of fixed analog circuitry.

However, the architecture has two key challenges.  First is clock jitter.  Since the input frequency to the ADC is still relatively high, Low clock jitter is critical to get good SNR.  Second is the linearity of the ADC.  Typically, linearity of the sampler in an ADC declines with increasing input frequency, so it may be difficult to achieve the SFDR required for some communications standards.  One solution to this is to use the higher sample rate ADC with careful frequency planning to move harmonics out of the band of interest.  I’ll show how this works in the next slide.
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Avoid 2nd and 3rd harmonics to increase dynamic range
• Amplifier harmonics may be attenuated with filter but ADC harmonics can not
• Harmonics from either source may be avoided with careful frequency planning

Other Benefits of High Sample Rate
• More spectrum can be processed by a single ADC
• Doubling Fs gives 3dB more SNR in the desired channel
• Anti-aliasing filters are simplified

Higher Sample Rate Aids Frequency Planning

Presenter
Presentation Notes
With a little care, frequency planning can significantly improve the performance of your radio by moving harmonics from input stages as well as the ADC out of band.

<CLICK>

For instance, in the previous example, our input signal to the ADC was 160 to 180MHz.  By definition, the second harmonic will be 320-360 and the third harmonic is 480-540.  If we were to choose to sample this input at 80MSPS, or roughly 4x the signal BW, as shown in this plot, HD2 and HD3 will both alias into our 20MHz band.   

<CLICK>

However, if we were to sample this input frequency at 210MSPS, we not only increase the sampled bandwidth, but we change the way our signal and its harmonics alias.  In this case, our input signal aliases to 30-50MHz, HD2 will then alias to 60-100MHz and HD3 will alias from 90MHz to 150MHz.  Since our Nyquist frequency is 105MHz, he potion of the 3rd harmonic that lies above 105MHz (105-150 or 45MHz) then folds around Nyquist and down from 105 to 60MHz.  In this case, neither HD2 nor HD3 fall in band.  Many ADCs will spec distortion or SFDR excluding the 2nd and 3rd harmonic and it is often 10-20dBc better than SFDR.  For instance, the ISLA214P50, mentioned earlier, is spec’d to have a typical SFDR of 78dBc at 190MHz.  However, it’s SFDR_x23 typical spec is 88dBc, so in this case, we can gain 10dB in linearity by careful frequency planning.

Now, I’ll let Tudor describe one implementation of  a high IF receiver.
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Outline

Software Defined Radio (SDR) Overview

ADC Fundamentals and Specifications

How ADC Specifications Impact SDR 

Small Form-Factor Real World Implementation

Summary

Presenter
Presentation Notes

Thanks, Ed. 

We’ve covered the basics of analog to digital  conversion, and discussed some receiver architectures that you can use in an SDR.  

Now lets tie these together, and talk about how your choice of ADC can impact the design and functionality of your SDR system. We’ll also look at some tradeoffs you need to consider in an SDR design. 
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ADC Specifications and SDR

Noise
•Limits the smallest signal that can be digitized
Linearity (Distortion)
•Distortion can mask desired signals
Resolution
•Sets quantization noise limiting ultimate sensitivity
Instantaneous Dynamic Range
•The maximum input level minus the noise and distortion
•Critical for multichannel wideband SDR receivers

Presenter
Presentation Notes
To start, let’s relate some of the ADC specifications that Mark and Ed mentioned, to an SDR.  

First, Noise limits the smallest signal that can be discerned once digitized.  This drives your receiver sensitivity. 

Linearity translates to freedom from Distortion, as distortion is caused by non-linearities.  Distortion can mask desired signals and prevent accurate recovery of signals.  Lower distortion reduces the interaction between multiple signals, improving dynamic range.

Resolution sets the quantization noise, and is generally expressed by the number of bits.  As the other factors of noise and distortion improve, resolution ultimately becomes the limiting factor on performance.  

The Instantaneous Dynamic Range ties noise, linearity and resolution together.  It’s the difference in signal strength between the strongest and weakest signals you can successfully receive at the same time. 
-It’s the maximum input level minus the noise and distortion level (in dBs) in the receiver. 
-We call it INSTANTANEOUS dynamic range, as it excludes any variable gain (such as Automatic Gain Control or AGC). 
-Dynamic range is critical for a wideband SDR receiver.  In an SDR, you often want to digitize a wider bandwidth, rather than having, say, a narrow analog IF bandwidth, like the 25 kHz used in many legacy VHF and UHF radios.  With a wider bandwidth, there’s a higher probability that you’ll have a strong interfering signal in-band along with your desired signal.  
-Dynamic range is also key for multi-carrier receivers, as digitizing more signals requires the input level for each signal to be reduced to maintain the overall power.
So part of the price you pay for having wide bandwidth is that you ALSO need to have a wide dynamic range to accommodate the signals that appear within that bandwidth.  
<end of page>
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ADC Specifications and SDR (cont’d)

Sample Rate
•High sample rate is closer to an ideal SDR
•High sample rate enables flexible frequency planning
•Can increase SNR in the desired channel
•Trade-off: sample rate vs. resolution
Power Consumption
•Affects battery life
•Affects reliability
•Limits the number of ADCs in high-density systems
•Trade-off: Dynamic range vs. sample rate vs. power 

consumption .  

Presenter
Presentation Notes
Next, the Sample Rate. 
In general, a higher sample rate moves us closer to the ideal SDR.  It determines how much bandwidth can be digitized, allowing more flexible signal processing. 
A high sample rate enables flexible frequency planning, by moving aliases farther apart, including the aliases of the harmonics that Ed mentioned.  
A high sample rate can also increase the SNR in the desired channel, with oversampling gain. 
There is generally a trade-off between the maximum sampling rate that an ADC can achieve, and its resolution.  For example, Intersil’s 14-bit ADC, which runs at 500 MSPS, is the fastest one currently available at that resolution.  Faster ADCs are available, but they have a resolution of 12 bits or less.  

The amount of power the ADC draws will also impact your SDR system performance.
It affects battery life in portable applications.
It affects reliability, as higher power consumption results in a higher temperature.  The ADC is often one of the hotter components on the board. 
It also limits the number of ADCs you can accommodate in high-density systems.  
There is a tradeoff between dynamic range, sample rate and power consumption.  A higher dynamic range and sample rate also often mean a higher power consumption.  

<end of page>
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Care and feeding of high-speed ADCs to ensure optimal 
performance:
• Sample clock purity
• Frequency Planning - Optimize IF 

frequency & bandwidth with sample rate
• High-quality analog filtering
• Analog and digital design practices
• Power supply
• Chassis

Design Considerations at System Level 

RF-4902 components:
Physical separation of analog and digital 

sections reduce interference

Presenter
Presentation Notes
Now let’s look at some design considerations at the system level.  We like to call these “Care and Feeding” of high-speed ADCs.  
It’s not too hard to get good performance from any one component in isolation, but combining them requires trade-offs in order to obtain the best system performance. At Spectrum, we specialize in making it all work together, looking at the bigger picture of board-level and system-level considerations for SDR.

Here are some things to keep in mind in using a fast ADC:
First, the ADC sample clock, and clock distribution chain, must be very clean in several ways: 
The clock needs low jitter (also measured as phase noise).  As Mark mentioned, the jitter requirement gets tighter as the input frequency (and hence, the slew rate) increases. It’s part of the price you pay for wide bandwidth. 
Clock spurs will also show up in the digitized signal from the ADC, and may interfere with desired signals. You want your frequency reference and the clocks generated from it, to be clean and free from spurs and noise.  

Second, Frequency planning.  You need to optimize the IF frequency & bandwidth with the sample rate – these must all be considered together.
A higher sample rate isn’t always better; you need to suit it to the signal, and select where your aliases appear so they don’t overlap your main signal. 
A fast ADC’s ability to operate at a high sampling rate, and a wide range of sampling rates, helps you do this.  

Next, you need high-quality analog filtering.  Filters remove noise and other undesired signals, by removing frequencies you don’t want.  Many key performance characteristics are a result of your filters. 

Careful analog and digital design practices also drive performance.  These include:
Shielding and grounding.  This impacts design of boards, and the metalwork for shielding.  In the picture, these example boards have many compartments that are separated from each other by shields to prevent cross coupling of noise and spurious signals, between sections of the board.    
Physical separation of analog and digital components helps reduce interference from the digital section into the analog section. 
Careful routing of clock lines is important, to avoid providing a path for interference between sections of the radio.  Clock lines run all over the system, so just running a clock line too close to either a sensitive component, a noisy area, or even other lines, can let noise and spurs get into your signal.  

Your Power supply can generate noise that can interfere with signals, so you will need good power filtering, and possibly shielding around the power supply.  

Finally, the chassis provides the environment that your receiver lives in. 
Chassis considerations include shielding boards from outside interference, noise from the fans and power supply, temperature control, and routing of the wiring    <end of page>
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Presenter
Presentation Notes
So what does this look like in the real world? 
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Small Form Factor Real World Implementation

• Spectrum’s RF-4902 card
• Digitizes 195 MHz of bandwidth anywhere from 200 MHz to 2.7 GHz

• 14-bit ADC 490 MSPS 
• Intersil ISLA214P50

• 16-bit dual DAC 980 MSPS
• Up to 400 MHz Transmitter analog bandwidth

• Xilinx Virtex-5 SX95T User FPGA for flexible IF 
signal processing

• Fast-frequency hopping up to 3000 hops/sec 

• Integrated RF and Digital IF Processing in a single 
3U cPCI slot

Presenter
Presentation Notes
Here is one real-world implementation.  This is Spectrum’s RF-4902 blade.

It’s a wideband RF transceiver, which digitizes 195 MHz of bandwidth in the range between 200 MHz and 2.7 GHz.  This allows subsequent digital processing of multiple channels or signals.

It uses Intersil’s ISLA 214p50 ADC, sampling at 490 MSPS at 14 bits. 
We selected this ADC because it offers a higher sample rate than any other 14-bit ADC currently available, and consumes less power than any others in this speed range. 

It also has an Analog Devices AD9122 dual DAC, sampling at 980 MSPS at 16 bits, enabling us to transmit signals up to 400 MHz wide.   

It uses a Xilinx Virtex-5 FPGA to do the digital IF processing. 
Much of the signal processing that would previously have been done in the analog domain is done in the FPGA. 
There’s enough room here to do digital Up-and downconversion, along with other processing that’s suited to FPGA implementation. 

It’s frequency agile in the analog RF stage, to enable hopping outside the digitized bandwidth. 

This RF-to-digital baseband card fits in a 3U CompactPCI slot.
Integrating the RF, ADC, DAC, and FPGA onto one blade, helps optimize the system performance, including control of noise & spurious, clock jitter and distortion. 
<end of page>
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A Simplified Receiver Enables These Benefits

• Small footprint
• Low power
• High bandwidth
• High dynamic range
• Greater flexibility

Presenter
Presentation Notes
We mentioned that the RF-4902 uses a high-IF receiver architecture that allows us to simplify the receiver. This provides a number of benefits:

First, a small footprint, with reduced size, weight and power consumption.  
You can see in the picture that the analog conversion module is about the same size as the credit card it ‘s laying on. 

Having a high analog bandwidth enables us to have a 
Selectable IF frequency and IF bandwidth. 
High bandwidth also enables us to implement frequency hopping in the digital domain, within the digitized bandwidth.  

We also get 
A high dynamic range and
Greater flexibility, by doing more processing is in the digital domain.

Now let’s take a closer look at the overall RF-4902 blade, and how it maximizes the advantages of the ADC. 
<end of page>
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RF-4902 Transceiver Block Diagram

Presenter
Presentation Notes
You can see on the block diagram that the RF-4902 uses a Modular design.  The different colours are the 3 boards containing the RF section, the Digital section, and the Analog Conversion section with the ADC and DAC. This helps provide isolation between sections, to reduce noise and interference. This also helps with customization for future applications, such as changing the frequency range by changing just the RF transceiver module, while leaving the other  modules unchanged. 
Let’s walk through what happens with a signal [CLICK] 
[point cursor to top left]  At the upper left, we start with a wideband, high-linearity LNA, followed by an external filter loop, which lets users select a filter, or filter bank,  that suits their specific application.  
[point cursor to dual oscillators] We used dual local oscillators in each of the transmitter and receiver sections, to facilitate fast frequency hopping in the analog domain.  Having 2 for the transmitter and 2 for the receiver, lets them operate independently.  
The receiver does a single down-conversion of the signal in the analog domain, with a high-IF architecture. 
We used a high-linearity analog stage, for a high instantaneous dynamic range, to ensure the analog front end is not saturated before even getting to the ADC. In addition to high INSTANTANEOUS dynamic range, there’s a wide range of receiver gain adjustment. This enables automatic gain control (AGC) to provide the ADC with a signal near its optimal levels.
It has ultra-low-jitter clock generation circuitry close to the ADC & DAC.
[CLICK] The second down-conversion stage, including most of the filtering, is done digitally in the FPGA. This allows the user to select the IF frequency and bandwidth to suit the signal environment.  
It has a high-speed serial interface from the FPGA to a digital baseband processor card.
[CLICK] The transmit path uses a Zero-IF configuration, with the dual DAC transmitting both I and Q.  The zero-IF configuration gives the advantage of avoiding the image frequency in the transmitted signal.  This architecture lends itself a bit better to transmitters than receivers, but it does require some careful balancing of I & Q.  Software-based compensation is possible, and we provide a facility for that with the board.  
<end of page>
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Digital Down Conversion

DDC IP provided with the RF-4902:

• Dual phase to handle 490 MSPS ADC 
sampling rate

• Polyphase filter with fractional re-
sampling

• Model-based design, using Simulink & 
Xilinx System Generator 

• User configurable

Digital Down Converter (DDC):

•Acts as second mixer stage of 
Superhet

•Performed digitally in FPGA
• NCO replaces Local Oscillator
• Multipliers replace mixer

•Desired frequency converted to 
baseband (0 Hz)

•Digital filter(s) to select band(s) of 
interest

•DDC’s Advantages include:
• Flexibility 
• Precision

14-BIT
500 MSPS

ADC

Fs
2X -
1024X        

2X -
1024X        

COMPLEX
NCO

POLYPHASE FILTER
FRACTIONAL RESAMPLER
DECIMATION BY
2 <= D <= 1024

I

Q

COS

SIN

I

Q

Fs/D

D = 10bits.22bits

Presenter
Presentation Notes
Next, I’d like to talk about how some processing moves to the digital domain, after the ADC.  

-A Digital Down Converter (DDC) is used to perform frequency translation (or mixing) in the digital domain.  
It’s functionally equivalent to the second mixer stage of the Super-heterodyne receiver. 
DDCs aren’t new, but they’ve evolved to get faster, and more computationally efficient. 
-A decade ago, DDCs were often ASICs, but now, the DDC is in an FPGA in most SDRs.      
-The local oscillator is replaced by a Numerically-controlled Oscillator or NCO (also called a Direct Digital Synthesizer or DDS).  
We use a quadrature NCO to provide Sine & Cosine signals to the mixer.  
-The mixer uses multipliers in the FPGA to mix the incoming signal with the sine and cosine signals from the NCO.  This separates the signal into the in-phase and Quadrature, or I & Q signals, for complex baseband.  
-The NCO runs at the IF centre frequency, so that the desired frequency is mixed down to zero Hz, complex baseband, with I & Q.  
-Digital filters are then applied to select the band of interest.  
You can isolate a single channel, or the DDC can provide a wideband output, from which multiple channels can be selected with more digital filters downstream. 

Digital Downconversion provides some advantages:
-The signal processing is flexible, for example, the channel filter’s bandwidth and stopband can be easily modified for different signal requirements. 
For example, 4G LTE systems use several different bandwidths, ranging from 1.4 to 20 MHz. 
Digital processing makes it easier to deal with different channel bandwidths and modulation formats.

-A second advantage is precision.  For example, 
-NCO frequency resolution.  This NCO can be tuned with a resolution in thousandths of a Hertz.
-The NCO’s Sine and Cosine have precisely 90 degree phase offset from each other.  In the analog domain, it’s hard to get that.  
-Mixing in digital multipliers has the advantage of linearity over a wide range of signal levels.  Analog mixers have non-linearities. 

<CLICK >
A DDC is provided with the RF-4902 as part of the quicComm SDK package.
It uses dual phases (odd/even) in parallel.  The ADC sample rate is too high to process the samples sequentially, so we use parallel techniques.  
It uses a Polyphase filter with an integrated fractional re-sampler, to provide almost any desired output sampling rate.
The DDC is implemented using model-based design, using Simulink & Xilinx System Generator.
This helps to make it user configurable so you can modify it to suit the application.
It’s also easy to control from the software library.   
After the DDC, we have a baseband signal that we can send onwards to the baseband processing stages.  
<end of page>
--------------
Additional Info:
Implementation	Dual-phase parallel, polyphase filter
NCO freq & Res	0-245MHz, 0.000,001 Hz resolution
NCO SFDR	80dB (with phase dithering)  
Decimation	2.0 to 1024.0 (includes fractional decimation), Run-time adjustable.  
Filter	Polyphase structure, up to 4096 taps. (depends on decimation factor), user-defined coefficients. 
Input format	Dual phase (odd/even), Real.  16bits per phase.  Interfaces to ADC via ISERDES IOB 
Output format	I & Q single-phase channels at Fs/D.  16 bits, Q1.15 format.                        
FPGA resources used	40 x DSP48 slices (multipliers), 40 x Block RAMs
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Summary

Presenter
Presentation Notes
That’s as far as we’ll take the signal processing chain today.

So now I’d like to summarize what we’ve talked about today. 
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Summary

Many applications benefit from an SDR with these attributes
• wide instantaneous bandwidth 
• high dynamic range
• small size, weight and power

High Speed, high-resolution ADCs help you get there
• Ability to simultaneously monitor more spectrum
• Higher sensitivity
• Adapt to different signal & waveform requirements
• Simplified frequency planning

Software Defined Radios are challenging
• Many conflicting requirements require good design trade-offs
• No single ideal design exists for all cases
• Proven platforms can reduce risk and speed system development

Presenter
Presentation Notes
Many applications can benefit from an SDR that has:
	wide instantaneous bandwidth, 
	high dynamic range, and 
	small size, weight and power consumption.

These applications include 
Things that are small and go fast,
Thing that are portable,
Things that need to observe a large amount of spectrum at one time,
Things that need to be future-proof

High Speed, high-resolution ADCs can help get where you need to go, by providing more flexibility.  They have 
The Ability to simultaneously monitor more spectrum
Higher sensitivity,
And they help you adapt to different signal & waveform requirements. 
They simplify frequency planning, since signals, harmonics, and their aliases can be separated more easily.

We’ve reviewed a real-world SDR platform that uses a high-speed ADC, and some of the considerations involved in implementing that.  

Software Defined Radios are challenging.  
There are many conflicting requirements that require good trade-offs
In the real world, no single design exists for all cases, but a flexible SDR can provide many benefits.
Proven platforms, like the RF-4902 blade, can reduce risk and speed your SDR system development.  

And now, I’ll hand it back to Lee to field some questions …
<end of page>
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Contact Info

Thank You for Joining Us!

Spectrum Signal Processing
www.spectrumsignal.com

Tudor Davies
Director of Technology
(604) 676-6713

ADC.webinar@spectrumsignal.com

Intersil
www.intersil.com

Ed Kohler
Product Marketing Manager
(978) 805-6945

Mark Rives
Applications Engineer
(978) 805-6957

SDR.webinar@intersil.com
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Questions?
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