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INTRODUCTION
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Welcome to the 1991 Advanced Linear Circuits Seminar brought to you by Texas Instruments, a
leading worldwide supplier of linear and interface integrated circuits.
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In our seminar today, we will discuss the applications of key linear products for the
digital-world-to-linear-world interface:



Linear Products SSE
New Products Investment

Funding of new product development has grown significantly since the early 1980s and that, coupled
with our customer inputs to define new products using the new technologies, has resulted in a growing
list of new products. These new products use the new advanced linear process technologies, which
provide quality performance and complex function capabilities.



Advanced Linear
Optimized Process Technologies

Process
Technology Features & Benefits Products

LinEPIC 111mCMOS Process for very high Flash AID, Video DAC, Video palette,
speeds very low power, and very Custom, RS-232 Datran, and
complex combinations of analog Communication Controllers
and digital systems

Advanced 3~ Linear CMOS technology Operational amplifiers, low power
LinCMOS for high speed, low power, and AID & D/A converters, analog inter-

multifunction circuits face circuits and Chopper stabilized
amplifiers

LinBiCMOS 2~ analog bipolar and CMOS LinASIC systems, AID D/A converters,
Process for high speed, low power, Chopper stabilized amplifiers, switch
and complex combinations of analog mode power controllers, and RS-232
and digital system interface system

ALS IMPACT High speed bipolar schotiky process for Data line drivers, receivers and
low power and percision applications transceivers .JI-

Advanced Linear
Optimized Process Technologies

Process
Technology Featu res & Benefits Products

Multi EPI Low cost bipolar technology for Intelligent power motor drivers,
high-current, precision control solenoid drivers and power

interfacing

Power Bidfet High density-low power CMOS, high Flat pannel display drivers, intelligent
voltage DMOS, and rugged-high power devices, motor and solenoid
speed bipolar for complex intelligent drivers
power applications

Excalibur Well matched, high voltage enhanced Precision, high speed and low power
JFET and bipolar transistors for high operational amplifiers comparators
speed and precision signal conditioning and special analog functions
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Applications for data acquisition systems cover a wide range; from weighscales, speech and audio
processing to instrumentation and video recorders. Each application has its own requirements but two
common parameters must be considered in all systems. These are bits of resolution and conversion time.
To meet these diverse needs, different conversion methods are employed. Some are optimized for speed
of conversion while others are known for their higher resolution. Six common techniques for
analog-to-digital (AID) conversion are as follows:

• single slope

• dual slope

• successive approximation

• semi-flash

• flash

• oversampling (delta-sigma)

Conversion methods for digital-to-analog (D/A) signal recovery also vary with the speed and resolution
requirements. In the following examples, some ofthe common conversion techniques will be discussed and
related to typical applications.



SUCCESSIVE
APPROXIMATION

REGISTER

g:Y!~tJ;- tFS
DATA

• 8 -16 bits resolution - 1 -1 O<).Ls conversion time

• N - bit converter requires N conversion steps

• Switched capacitor array based converters use a charge
redistribution on weighted capacitors conversion technique ~

Successive-approximation ADCs continue to be the most popular type of converters. A wide range of
devices with resolution from 8 to 16 bits are available with conversion rates from 100 J-lS to below 1 J-lS.

Successive comparison of an unknown analog input voltage with binary weighted values of a reference give
this method its name of "successive approximation". A converter of N-bit resolution takes "N" steps to
achieve a digital output.

One input of the comparator, shown in the block diagram, is driven by an unknown input signal, VIN,
while the output of the DAC drives the other. The successive-approximation register provides the input to
the DAC and responds to the output from the comparator.

When the DAC has its MSB set to logic 1 (with all other bits zero) by the successive-approximation
register (SAR), it will produce a voltage output of 1/2 the reference and analog input full-scale range. The
comparator then determines if the DAC output is above or below the unknown input signal. If, as shown,
the input signal VIN is above the DAC output value, the MSB is retained in the successive-approximation
register while the next weight of 1/4 the reference is compared. This process continues until all bits are
tested and the nearest approximation to the input signal is obtained. The result is then passed to the ou'tput
register.

While the successive-approximation converter process continues, the input signal must be held constant
using a sample-and-hold circuit in front of the comparator. Alternatively, the signal should, as a rule of
thumb, vary maximum 1/2 LSB during conversion. This puts a slew-rate or full-scale frequency limitation
on the signals the converter can handle.
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The TLC1125 is a 12-bit-plus-sign successive-approximation ADC utilizing a self-calibration
technique to eliminate expensive trimming of thin-film resistors at the factory. Additionally, this technique
ensures excellent long-term stability, avoiding regular field trimming to maintain conversion accuracy.

The design uses a switched-capacitor-based charge redistribution technique for the D/A conversion. As
12-13 bits accuracy of capacitor matching is difficult to achieve, seven capacitors are calibrated during a
nonconversion, capacitor-calibrate cycle in which all seven ofthe capacitors are calibrated at the same time.
The calibration or conversion cycle may be initiated at any time by issuing the proper command word to
the data bus.

TLC1125 self-calibrating ADC features:
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The flash ADC derives its name from its ability to do a very fast conversion. This is accomplished by
providing a comparator for every quantization level. Hence, an N-bit flash ADC requires 2N-1
comparators.

These comparators all examine the input simultaneously and make an immediate conversion. The block
diagram shows that each comparator has one input connected to the input signal and the other to a tap on
a reference potential divider. The resultant so-called "thermometer" code is then encoded into binary and
is output through a latch. This technique provides the fastest means of conversion but requires the use of
a large portion of the chip area for the comparators and resistor ladder.

The flash converters presently avaiiable cover 4-1 O-bit resolution with sampling rates into the gigahertz
range. However, the most popular applications are in the video field, where 6-8-bit resolution and 20
megasamples per second are the standard specifications.
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Figure 7 . CCD Document Scanner

Document scanners for facsimile transmission (FAX machines) over the public telephone network are
an expanding market. The scanned image must be digitized in order to transmitted over the telephone
network.

This implementation scans the document using a TC103 (2048 xl) CCD line image sensor controlled
from a PLA chip via some DS0026 MOS drivers and level shifters. The CCD output video signal data
stream (typ 500 kHz) is superimposed on a dc voltage and reset between each pixel. A coupling capacitor
removes the dc and a TL1593 sample-and-hold circuit holds the signal level between pixels, leaving a
continuous video envelope. The video signal is then amplified to the one-volt peak-to-peak signal required
by the TL5501 flash ADC. Post-low-pass filtering removes residual clock signals. The video signal is then
clamped to 3 V by Q1 to provide dc restoration and adjust the dc component for the ADC input pin
ANLG INPUT The digitized video signal appears at a pixel rate of typically 500 kHz on the output of the
TL5501 ADC.

TL5501 flash ADC features:

analog input range. .. 1 V typ

5-V single-supply operation



the input voltage, the greater ratio of ones to zeros in the output bit stream; the more negative the input, the
greater the ratio of zeros to ones. If the analog input voltage is zero, an equal number of ones and zeros
appear in the output.

To get from the one-bit stream of data coming out of the comparator to a data stream with usable N-bit
information (for an N-bit converter) requires digital signal processing. The digital filter then decimates the
single bit stream into words of length N bits.

8.2 The Benefit of Oversampling

How can a I-bit ADC give a high SIN ratio? Sampling with a conventional converter at the Nyquist rate
places all the quantization noise within the band of interest. Oversampling spreads the quantization noise
over a much wider bandwidth, reducing the level of noise in the band of interest. Delta-sigma oversampling
further reduces the noise in the bandwidth of interest with the noise shaping of the integrator loop. However,
a sharp roll-off digital post-filter is required to replace the analog anti-aliasing input filter required for
successive-approximation converter types. Delta-sigma converters require only a simple RC filter on the
input for anti-aliasing due to a high ratio between the sampling frequency and the maximum frequency of
interest.

Although delta-sigma converters are easier to integrate onto digital processes than conventional
successive-approximation converters that require an anti-aliasing filter, good linear processes are still
required for optimum performance of the modulator portion. This design is associated with the usual analog
design requirements, including high performance op amps and comparators, matched and
voltage-insensitive capacitors used for switched-capacitor realization of the integrators, and, finally, a
precision reference.

Areas in which the oversampling technique seems especially attractive are speech processing in telecom,
audio processing, and metering applications.
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9.2 Digital-to-Analog Converter (DAC)

A DAC represents a limited number of discrete digital input codes by a corresponding number of
discrete analog output values. Therefore, the transfer function of the DAC is a series of discrete points. For
a DAC, 1 LSB corresponds to the height of a step between successive analog outputs, with the value defined
in the same way as for the ADC. A DAC can be thought of as a digitally controlled potentiometer whose
output is a fraction of the full-scale analog voltage determined by the digital input code.

9.3 Sources of Static Errors

Static errors, that is, those errors that affect the accuracy of the converter when it is converting static (de)
signals, can be completely described by just four terms. These are offset error, gain error, integral
nonlinearity, and differential nonlinearity. Each can be expressed in LSB units or sometimes as a percentage
of the FSR. For example, an error of 1/2 LSB for an 8-bit converter corresponds to 0.2% FSR.
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The offset error is defined as the difference between the nominal and actual offset points as shown. For
an ADC, the offset point is the midstep value when the digital output is zero, and for a DAC it is the step
value when the digital input is zero. This error affects all codes by the same amount and can usually be
compensated for by a trimming process. if trimming is not possible, this error is referred to as the zero-scale
error.
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The differential nonlinearity error is the difference between an actual step width (for an ADC) or step
height (for a DAC) and the ideal value of 1 LSB. Therefore, if the step width or height is exactly 1 LSB,
then the differential nonlinearity is zero. If the DNL exceeds 1 LSB, there is a possibility that the converter
may become non monotonic. This means that the magnitude of the output gets smaller for an increase in
the magnitude of the input. In an ADC, there is also a possibility that there will be missing codes, i.e., one
or more of the possible 2n binary codes are never output.
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The absolute accuracy error or total error of an ADC is the maximum value of the difference between
an analog value and the ideal midstep value within any step. For a DAC it is the difference between the step
value and the ideal step value. It includes the effects of offset, gain, and integral linearity errors and also
the quantization error in the case of an ADC.

Specifications for Flash Converters

The arrival of flash converters has made it possible to use digital processing in applications that were
previously entirely analog; digital television is a prime example. However, with the introduction of these
devices came the introduction of new specifications to define their performance. This section defines some
of these.



determine the number of effective bits of accuracy the converter displays at that frequency. For example,
a nominal8-bit resolution ADC may be specified as having 45 dB SNR at a particular input frequency. The
number of effective bits is defined as

NEFF = (SNR -1.76)/6.02 = 43.24/6.02 = 7.2 bits

The actual performance of the device is therefore worse than its nominal spec at this frequency.

Aperture error is caused by the fact that while in theory a sample can be taken instantaneously, in practice
it takes a finite length of time. Therefore, during the time the sample clock initiates a sample to the time
when the sample-and-hold circuit on the input has acquired it, the input signal has changed. To a first-order
approximation, if the input varies linearly with a slope dV/dt, then the aperture error can be expressed as

EA = TA dV/dt

Where TA is the aperture time. The actual value of the input acquired will be the average value of the
input during TA. The time between.the leading edge of the sample clock and the moment at which the input
reaches this average value is called the aperture delay. The importance of this parameter is that it allows
a designer to determine the relationship needed between the clock and the input signal to sample at a
particular point on the input.

For an ideal case, the effect of the aperture error would be zero since the delay and the aperture time
would be constant and, hence, the actual value acquired would always be correct. In practice, however, true
errors are caused by variations in the delay due to aperture jitter.

The effect of the aperture error is to set another limitation on the maximum frequency of the input sine
wave because it defines the maximum slew rate of that signal. For a sine wave input as shown, the value
of the input V is defined as


