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Measuring Analog Parameters of
Voiceband Data Channels

A new Transmission Impairment Measuring Set combines
the measurement capabilities of six separate instruments
into one portable package. It measures fifteen parameters
affecting data transmission in one-fourth the time formerly

required.

by Noel E. Damon

HE PROLIFERATION OF DATA SYSTEMS

in all areas of science, business, education, and
government has resulted in an explosive demand
for new communications capabilities. Because the
demand has outpaced the building of specialized
data communications networks, most data communi-
cations now takes place over channels optimized for
voice transmission—the voiceband telephone lines.
This vast network has been pressed into a service for
which it was not originally designed, for which new
parameters are important, and for which new mea-
surement instrumentation is required.

Fig. 1 shows a general data network and the inter-
faces at which test instruments are used. Notice that
both analog and digital testing are done: tests be-
tween interfaces A and D are digital, while those be-
tween B and C are analog.

Several Hewlett-Packard instruments have been
developed to test telephone channels. The choice of
one or another of these depends on several factors:

analog or digital interface

Bell System standard or CCITT standard
kind of data service and type of facility
price/performance tradeoffs.

In the United States and Canada, Bell System stan-
dards prevail, while CCITT standards are used in
most other countries. These standards define differ-
ent parameters, measurement techniques, and mea-
surement units, so different instruments are required.

For digital tests, the Hewlett-Packard test set for
telephone channels with modems is Model 1645A
Bit Error Rate Analyzer.! For higher-speed digital
channels Model 3760A/61A Data Generator/Error
Detector? may be used.

Analog Channels

Analog channels may contain cable and microwave
links, including satellite relays and various types of
carrier systems. Three classes of tests are performed

on the analog channels: installation, routine mainten-
ance, and troubleshooting. Sixteen parameters are
commonly used in characterizing an analog data
channel, their individual significance depend-
ing on signaling speed. The table below lists
these parameters and the model numbers of the
Hewlett-Packard instruments that measure them
according to Bell System and CCITT standards.

ll Cover: Model 4940A Trans-
mission Impairment Mea-
suring Set is the first instru-
ment capable of separating
and simultaneously measur-
ing six types of transient
events in voice channels:
dropouts, gain hits, phase
hits, and three levels of im-
pulse noise. It displays the results three counts
at a time. The 4940A also measures eleven other
parameters important to data transmission
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Parameter CCITT Bell Standard
5453A/

3552A  3770A  3I551A 4640A S488A | 35810

Loss
Amplitude Distortion
Message Circuit Noise
Noise-to-Ground
. Noise with Tone |
Phase Distortion .
(Envelope Delay)
Impulse Noise
Echo ; : :
Single-Frequency Interference = o .
Frequency Shift
 Phase Jitter

* 8 8 =

. Nonlinsar Distortion
 Phase Hits
| Gain Hits

Dropouts
Poak-10-Average Ratio

1 Uses & spectral analysis technique

Instruments:
3552A Transmission Test Set
3770A AmplitudeDelay Distortion Analyrer
3551A Transmission Test Set
4940A Transmission lmpairment Measuring Set
5453A Fourier Analyzor with 5468A Transponder
I581C Selective Voltmeter

Why so many instruments? First of all, if the service

—isforlowspeed, DDD (direct distance dialing) and the — Parameters measured by the 4940A are:

facility is known to be entirely copper wire to the
nearest central office, then not all of the measure-
ments are really necessary. In North America, the
3551A Transmission Test Set may provide the com-
plete testing answer. However, for higher-speed data,
private lines, or carrier-routed service, complete test-
ing of more parameters is necessary. Therefore, one
of the more elaborate instruments with this complete
capability is required, either Model 4940A Transmis-
sion Impairment Measuring Set or Model 5453A/
5468A Fourier Analyzer/Transponder. Choosing-
between these two requires a price/performance
decision.

The Fourier analyzer system is a computerized test-
ing and record-keeping system. It allows testing of a

line in less than two minutes with no operator inter-
vention, The basic system with a minimum number of
transponders costs over $60,000. Such a system can
replace multiple manual analog test sets and can be
more economical on a per-set-of-equipment basis for
large installations—10 units or greater.

The 4940A Transmission Impairment Measuring
Set is a greatly improved manual test instrument. It
requires operator interaction and separate recording
and filing of test results, and takes about ten minutes
to make all of the tests the Fourier analyzer makes,
plus transient analysis. It is fully compatible with
most existing test equipment and costs on the order
of $8,000, depending on options.

Transmission Impairment Measuring Set (TIMS)

Some of the instruments listed in the table above
will be described in detail in forthcoming issues of
the Hewlett-Packard Journal. This article describes
the new Model 4940A Transmission Impairment
Measuring Set (Fig. 2), which is designed to measure
analog parameters that affect data transmission in
United States and Canada telephone channels. It is
used at the interfaces designated B and C in Fig. 1.

» Loss

» Amplitude distortion (relative or absolute loss
as a function of frequency)

» Dropouts (sudden large decreases in channel
gain)

» Gain hits (sudden positive or negative gain
changes exceeding a preselected threshold)

» Phase hits (sudden shifts of channel phase ex-
ceeding a preselected threshold)

» Impulse noise exceeding three preselected
thresholds

» Weighted noise (3-kHz flat weighted or C-
message weighted)

» Noise with tone (weighted noise in the presence
of a 1004-Hz tone)

Equipment
Terminal Analog Tests
Digital Tests

(Error Rate, Etc.)

Telephone
Channel

Terminal A [} Telephone Telephone Y B Terminal

Analog Tests
(Loss, Distortion, Etc.)

Digital Tests
(Error Rate. Eic.) Fig. 1. A general data network,
showing where analog and digital

test instruments are used,
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Fig. 2. Model 4940A Transmis-
sion Impairment Measuring Set
measures fifteen analog para-
meters affecting data transmission
in one-fourth the time formerly re-
quired. Teslts are according to
Beil System standards used in
North America

Phase noise or jitter of 300-Hz bandwidth
Relative envelope delay as a function of fre-
quency

Frequency shift

Longitudinal noise or noise line-to-ground

Single-frequency interference

Intermodulation or nonlinear distortion

Peak-to-average ratio (P/AR)

The last two are optional.

All measurement functions are provided in the
4940A on balanced lines of either 600 or 900 ohms
impedance. Measurements are made in a full-duplex
mode on two-pair channels or half-duplex on single-
pair channels. A bridging input is also provided to
allow parallel connection with other instruments.
Measurements may be made in a loop-around con-
figuration using a single 4940A, or in either direc-
tion with a second 4940A or any other instrument
capable of measuring individual parameters at the
other end of the channel.

The front panel has been organized to minimize
the number of controls and make the instrument easy
to use. All measurements are autoranging to elimi-
nate range switches. Controls are grouped into fields
and inactive displays are blanked. Each control and
switch field has associated with it a light-emitting-
diode dot light that is illuminated in any measure-
ment in which the control is active. If a switch field is
misprogrammed for a particular measurement, all
displays and dot lights extinguish except the dot light
on that field. When the proper switch setting is made

all displays and lights return to normal. Thus the
operator’s attention is focused on only those controls
requiring selection. Switches and controls not part
of a given measurement are disabled to prevent in-
advertent interaction.

System Organization

Organization of the 4940A is illustrated by Fig. 3.
The 4940A system consists of three transmitters, a
receiver with varying filter and detector com-
binations, analog-to-digital conversion capability,
three digital processors, and three digital display
fields that may be switched to monitor either receive
or transmit functions. A group of annunciators as-
sociated with each display field indicates the correct
units for that field, depending on the measurement
being made.

To reduce power dissipation, a high-efficiency in-
verter-type switching-regulated power supply? is
used. As a bonus, the conventional power transfor-
mer is eliminated.

To facilitate circuit sharing, all measurements are
reduced to three parameters: dc level, time interval,
and event accumulation.

Input Circuits

There are two transformer-coupled balanced con-
nection ports, one for the transmit pair and one for the
receive pair. A switch is provided for interchanging
the ports without disconnecting the pairs.

A current source across one input port provides a
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current to hold the line relay in dial-up line testing.
A connection point is provided for a handset to per-
mit voice communication over the lines being tested
using either internal power or line battery. An inter-
nal loudspeaker and power amplifier are provided
for voice communications and for listening to the
line signal. A passive RF-suppression input filter
removes signals above 10 kHz without affecting
dynamic range or introducing intermodulation dis-
tortion. The DISPLAY CONNECTED TO switch determines
whether a receive or transmit pair is to be monitored
by the measuring circuits and display.

An array of input filters selects the fraction of the
voiceband to be measured. There is a 1004-Hz band-
pass filter for phase jitter measurements, a 1010-Hz
notch filter for noise-with-tone measurements, a 60-
Hz high-pass filter that may be used in level/frequency
measurements where power-line interference is domi-
nant, a P/AR signal bandpass filter, and notch filters
to remove baseband nonlinear distortion signals. Fil-
ter functions, transmitted signal type, and detector
type are selected by the MEASUREMENT switch.

Autoranging and Detection
A programmable autorange amplifier centers all in-

put signals within a fixed 12-dB operating range by

inserting up to 110 dB of gain in 10-dB increments.
The number of 10-dB gain steps needed to place the
signal within the fixed 12-dB operating range pro-
vides the tens-digit signal level information. Units
and tenths-digit level information is obtained from a
digital logarithmic converter that has a 30-dB
dynamic range roughly centered on the 12-dB operat-
ing region. The response of the autorange amplifier
may be shaped by 3-kHz flat, C-message weighting, or
second and third-order nonlinear distortion filters,
depending on the position of the measurement selec-
tion switch.

An appropriate detector selected by measurement
type follows the autorange block. An averaging de-
tector is used in sinusoidal level measurements be-
cause of its noise rejection abilities and in envelope
delay measurements because of its insensitivity to
modulation. Peak detectors are used as threshold sen-
sors in impulse noise measurements. A weighted
sum of the responses of the peak and average detec-
tors provides an excellent approximation to rms re-
sponse for noise and nonlinear distortion measurements.

Digital Processor

Digital level information from the logarithmic con-
verter and pulse representations of impulse noise and
gain hits are routed to a digital processor. A memory
in the processor accumulates and stores the informa-
tion for subsequent display. An arithmetic unit pro-
vides the capability of making relative level/fre-
quency measurements by storing an initial measure-

ment and subtracting this count from all following
measurements. When a reference is set, the units
annunciator automatically shifts from dBm to dB.

The relative level capability is also used in the non-
linear distortion measurement. Four frequencies in
two bands are transmitted. The total signal level is
first used to set a reference level. Next, second and
third-order intermodulation products are selected by
switching in the proper bandpass filters and the rela-
tive level of these products is measured directly in
dB with respect to the total original signal.

The arithmetic unit averages ten readings of
0.01-dB resolution for each refresh cycle. The refresh
rate of the digital display has been chosen so the viewer
can see the time variations of the average signal. The
overall effect closely simulates the response that
would be observed on a meter-type display, but pro-
vides 0.1-dB resolution, much better than a meter,
Measurement of non-sinusoidal signals is made to
1-dB resolution by averaging 10 or 20 readings of
0.1-dB resolution and rounding the result.

Tracking Filter

A limiter and phase-locked loop form a tracking
filter that pravides a stable, clean signal from which
frequency information is derived. To allow rapid
reading of frequency with one-hertz resolution, the
digital processor averages ten periods and then com-
putes the signal frequency. The display refresh rate is
sufficiently rapid to yield apparently instantaneous
response to variation of the front-panel transmitter
frequency control. The frequency measurement range
is from 200 Hz to above 4 kHz.

The processor also handles accumulation of signal
dropouts or impulse noise counts. To detect drop-
outs (a decrease in absolute carrier level of 12 dB
lasting longer than 10 ms), a level reference loop sam-
ples the carrier at the beginning of the measurement
interval and stores this level as a reference in an ab-
solute reference memory. This level attenuated by
12 dB becomes the reference in a threshold compara-
tor and timing circuit.

A presettable relative threshold detector continu-
ously compares the current absolute peak value of
the signal to the same signal value delayed by four
milliseconds. If the threshold is exceeded the event
is counted as a gain transient or hit.

A limiter, phase-locked loop and 300-Hz bandpass
filter compare the absolute value of the phase varia-
tion of the received signal in a presettable threshold
detector with the same signal delayed by four milli-
seconds. Exceeding this threshold counts as a phase
transient or hit.

In the measurement of phase noise or jitter the error
signal from the phase-locked loop is detected peak-
to-peak at the 2.58-sigma level, quantized by an
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Fig. 3. Model 4940A TIMS is six instruments in one. Many circuits are shared by two or more
measurements.

analog-to-digital converter and displayed on the left
display field. The error signal from the loop is also
available at an external connector for spectral analysis
of jitter components.

The output of the carrier-tracking voltage-control-
led oscillator is also available as a sync signal for
viewing jitter components on an oscilloscope or for
making high-resolution frequency measurements.

P/AR and Envelope Delay
P/AR or peak-to-average ratio is measured by

establishing a normalized signal level with an AGC
loop and a fixed reference level after passing the in-
put signal through a shaping filter. An analog calcu-
lator circuit solves the P/AR equation:

P/AR = 10(1(2FWAJ,I_,WA =1)

where P/P, and FWA/FWA, are the normalized peak
and full-wave-rectified average values of the signal
envelope. A dc signal proportional to this value is
then quantized by the A-to-D converter and displayed
by the left display.
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Relative envelope delay is measured by the 4940A
over a range of —3000 to +9000 microseconds with
resolution of one microsecond and accuracy of =10
microseconds. An AGC circuit in conjunction with
the autorange amplifier provides a precise signal
level to the demodulator circuit, thus eliminating
amplitude sensitivity. The recovered 831/3-Hz
modulation is filtered by a bandpass filter and is
either used to remodulate a fixed-frequency carrier
for return to a far-end measuring set (repeater func-
tion) or compared with the crystal-derived internal
modulation source for phase shift (normal or mea-
suring set function), In the normal mode the 831/3-
Hz signal is squared by a limiter and routed to a digi-
tal processor. Once an initial phase reference is es-
tablished at a reference frequency, the digital processor
calculates the net phase difference and then stores
this value and subtracts it algebraically from subse-
quent readings. The net value of the relative delay is
displayed with the correct sign; there is no need for
any calculation by the operator. Twenty measure-
ments are averaged for each display reading. The
refresh rate is three per second.

Transmitters

One of three internal transmitters is selected by the
choice of measurement. The transmitted amplitude
is adjustable over a range of +10 dBm to less than
—40 dBm. Setting the DISPLAY CONNECTED TO switch
to TRANSMIT allows the unit to monitor the output
level and, if appropriate, the output frequency. When
switching between measurements all amplitudes re-
main constant with two exceptions. Because of the
high crest factors of the nonlinear distortion and P/AR
signals, output amplitude is limited to 0 dBm in these
measurements.

In levelfrequency and envelope delayv measure-
ments three modes of transmitter frequency control
are available: continuously manually variable, step-
pable up or down in 100-Hz increments with 4-Hz
offset (f = 100N +4, where 2<N=39), or incrementally
swept through the same 100-Hz steps at a variable
rate. The 4-Hz offset is provided to eliminate inter-
ference resulting from the 8-kHz sampling rate in
PCM systems. In the swept mode, the automatic step-
ping action may be overridden manually if a reading
is missed. The transmitter is phase-locked to an inter-
nal crystal-derived signal when it is in either of the
step modes or when operating at the 1004-Hz fixed
frequency in noise-with-tone, three-level impulse
noise, hits and dropouts, or phase jitter measurements.

Another transmitter generates the P/AR signal. This
signal approximates the spectral energy distribution
of a data signal and has a precisely defined peak-to-
average value, a parameter particularly sensitive to
amplitude and phase distortion. A ROM is used to
store a digital time domain representation of the P/AR

signal. An A-to-D converter and shaping filter com-
plete the transmitter circuit. Crystal-derived clock
drive insures spectral frequency accuracy and stability.

The third TIMS transmitter generates the multi-
frequency signal used in measuring intermodulation
distortion. Frequencies are obtained by division of a
crystal-controlled source.

Self-Test

Built into the 4940A is a complete self-test system
that allows an operator to verify the proper function-
ing and calibration of the set in every measurement.
Placing the set in SELF-CHECK and rotating the mea-
surement switch through each position with the
transmit and receive inputs connected together and
the DISPLAY CONNECTED TO switch in the RECEIVE posi-
tion causes a series of calibration numbers to be dis-
played. Miscalibration or malfunction of either trans-
mitter or receiver results in deviation of the cali-
bration numbers from their proper values.
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Transient Measurements
by Paul G. Winninghoff

Transient phenomena are a major cause of data communica-
tion problems, especially as the data rate approaches the chan-
nel capacity. Transient measurements are therefore an impor-
tant part of data channel characterization.

Four transient phenomena of primary interest are called drop-

outs, gain hits, phase hits, and impulse noise. Measuring these
phenomena has been imprecise, partly because of their ran-
dorn, sporadic nature—two Successiveé measurements may
yield very different numbers of events—and partly because of
the difficulty of separating and classifying the different types of
events. The 4940A TIMS is the first instrument capable of simul-
taneously recording hits, dropouts, and impulse noise and
properly distinguishing one from another.
Dropouts are losses of signal carrier. The 4940A recognizes as
a dropout a decrease in carrier level of at least 12 dB lasting at
least 10 ms. The reference level is established at the beginning
of a measurement. Sometimes when a dropout occurs the back-
ground noise rises simultaneously, so the total signal level
may approximate the original carrier level. In the 49404, a rate
detector, a kind of digital bandpass filter, distinguishes be-
tween carrier and noise in such situations.

System
Autorange >
Amplifier
in Manual i
Received Mode (o)
Signal X} Absolute
L & J Nolch —‘ = Yalue
Amplifier

Gain hits are rapid changes in the channel gain_ In the 4840A
this Is a relative measurement; the reference level is the level
of the signal itself, delayed by 4 ms betore comparison. The
4-ms delay allows the set to distinguish gain hits from impulse
noise and dropouts. Time constants of the TIMS are chosen to
match a typical modem AGC response time so that a slowly
changing gain that can be tracked by a modem's AGC will
not be counted as a gain hit. The gain hit threshold, selectable
by means of a front-panel control, is 2. 4, 6, or 8 dB.

Phase hits are rapid phase changes in the channel. The phase
reference is the signal itself delayed by 4 ms, and the 49404
time constants match those of typical modems. The phase hit
threshold is selectable from 10 degrees to 45 degrees in five-
degree steps.

Impulse noise consists of noise spikes that are much greater
in amplitude than the average message-circuit noise envelope
These spikes are narrow, typically lasting less than 4 ms and
occurring in bursts. The 4940A counts noise spikes that exceed
three thresholds. The low threshold is set on the front panel
and the middle and high thresholds are 4dB and BdB above
the low threshold.

Dcloctors
‘\
High
R P . B
Mid Store
_._ . ‘ ﬂB H- . M’ 'M
<+ -9 Display
Count,
Store
Levei Estabilshed m‘nd.pg.
ave al
al Beginning of of
Measurement?
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Event Counting

Transient measurements may be made over five-minute or
fifteen-rinute intervals, or continuously. During the measure-
ment interval the cumulative counts of the six simultaneous
measurements (dropouts, gain hits, phase hits, and three levels
of impulse noise) are stored in internal memory. The three
display fields register either hits and dropouts or impulse noise,
depending on the position of a front-panel switch. The final
counts remain stored after the end of a measurement until a
new measurement is initiated.

An “in process” annunciator informs the operator that a mea-
surement is under way. If the operator changes any critical
switches (other than the threshold switches) while a measure-
ment is in progress, the measurement is automatically sus-
pended and the count memaries reset to zero. This prevents
invalid measurements.

Two count rates are provided. BeLL STD limits the count rate to
seven counts per second, matching the counting speed of
earlier impulse noise sets that used mechanical counters.
cHNL LTD (channel limited) allows counting at rates greater
than 30 counts per second.

Transient Receiver
The diagram shows the receiver system that simultaneously
measures dropouts, gain and phase hits, and three levels of
impulse noise. As is true for all 4940A measurements, many
of the blocks shown are shared with other measurements.
The top channel in the diagram measures three-level impulse
noise and the bottom channel measures hits and dropouts. A

confused by impulse noise spikes. Delay and store loops hold
the reference levels during the 4-ms interval. To prevent drop-
outs’ being counted as hits, the hit detectors are inhibited when
a carrier loss of more than 12 dB lasts more than 3%z ms.

A measurement is Initiated by the operator's pushing the
START/RESET button. This sets the autornatic reference amplifier
in the lower channel to minimum gain. The gain then increases
until the output of the automatic reference amplifier reaches a
preset level The timed interval begins after this level has been
reached.

Event Discrimination

Any transient disturbance of the carrier generates frequency
components outside the 1004-Hz notch filter in the impulse
noise channel and therefore simulates impulse noise. Thus the
simuitaneous measurement of hits, dropouts, and impulse noise
poses the problem of event discrimination. The 1004-Hz carrier
is necessary for simultaneous measurements, of course. bul itis
also needed 1o activate companders, if present in the channel,
and to make the impulse noise measurement representative of
the channel under operating conditions,

To solve the discrimination problem, recording of impulses is
delayed and an inhibit is provided to prevent an event’s being
recorded as an impulse if it records as a gain hit, a phase hit, or
a dropout. The hit and dropout detectors are not easily con-
fused by impulses.

If no carrier is present at the beginning of the measurement
the inhibit signal is not generated. This allows impulse noise to
be measured with no carrier present. A minus sign annunciator

4-ms guard interval is provided so the hit defecfors are not

I te Tight display warns-the-operator-that-there-is-no-carrier

The 4940A Sine Wave Transmitter
by Richard T. Lee

The 4940A sine wave transmitter generates audio fre-
guency signals that are either continuously variable from 200
to 3900 Hz or steppable in 100-Hz increments from 204 to 3904
Hz. It uses a BFO (beat-frequency-oscillator) circuit technique
to minimize distortion and to provide at each frequency step the
fixed 4-Hz frequency offset necessary to test channels contain-
ing PCM systems. A programmable frequency synthesizer pro-
vides stable, phase-locked, stepped frequencies atl precise
100-Hz increments. The sine wave output can be amplitude-
modulated at 8313 Hz for testing data lines for envelope delay
distortion.

The overall block diagram is shown in Fig. 1. Two crystal
oscillators at 9.996 MHz and 10.000 MHz produce the primary
signals for transmitter operation: a 20-kHz square wave refer-
ence signal for the frequency synthesizer and a 9.996-kHz
square wave fixed-frequency input to the BFO mixer.

The frequency synthesizer can be operated in either a pro-
grammable phase-locked mode or an open-loop mode (in
which case it may be considered simply a voltage-controlled
oscillator). In the phase-locked mode the synthesizer generates
signals in 100-Hz steps from 10.200 kHz to 13.900 kHz. The
actual frequency depends on BCD information from the step-
100-Hz circuit. This BCD information may be overnidden by a
command bit from the system logic control to produce an
11.000-kHz output; this is done whenever a fixed 1004-Hz sig-
nal is wanted for noise-with-tone, transient, and phase jitter
measurements. In the open-loop mode a tuning voltage from
the front-panel manual frequency control directly varies the
VCO frequency between 10.2 kHz and 13.9 kHz

in the BFO mixer the frequency synthesizer output acts as a

local oscillator signal and mixes with the 9.996-kHz input. The
result is a chopped signal containing a desired frequency from
204 Hz to 3904 Hz, various harmonics of this frequency. higher-
order mixing products, and feedthrough of the input fre-
quencies. Filtering the 9.996-kHz input square wave attenuates
harmonics and lower-frequency mixing products, and passing
the mixer output through the 4-kHz low-pass filter removes the
teedthrough and higher-frequency mixing components.

The sine wave signal from the 4-kHz low-pass filter may be
modulated by an 83v3-Hz tone generated either internally in
the transmitter (normal modulation mode) or recovered from an
input signal in the receiver section of the 4940A (repeat modula-
tion mode). The 8313-Hz sine wave used in the normal mode
is crystal-oscillator-derived and is processed in a digital low-
pass filter. The digital filter has the stable phase-shift charac-
teristics that are essential for accurate envelope delay dis-
tortion measurements

The sine wave transmitter may be operated in a "signaling
frequency skip” mode, its output shut off in the range 2450 Hz
to 2750 Hz. A frequency discriminator converis the sine wave
signal from the 4-kHz filter to a dc analog voltage that is fed to
a window comparator. When the analog voltage falls between
two reference input voltages the window comparator is acti-
vated, opening the FET switch at the transmitter output

Programmable Frequency Synthesizer

As shown in Fig. 2, the frequency synthesizer is a phase-
locked loop consisting of a voltage-controlled oscillator, a
programmable frequency divider, and a phase detector and
low-pass fiiter.

9
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Fig. 1. 49404 sine wave transmitter block diagram
The VCO is an emitter-coupled multivibrator with varactor
diode tuning elements. The VCO frequency has a nominal range
of 2.04 MHz to 2.78 MHz. Temperature coefficient varies from a
maximum of 200 ppm/C at the lowest output frequency to . Manual
less than 100 ppm/°C at the highest frequency. After buffering, Frequency
the VCO output signal is divided in frequency by 200 and be- ‘ ;';?:::‘ Output to
comes the 10.2-kHz-t0-13.9-kHz local oscillator signal applied ™ BFO Mixer
to the BFO mixer. ‘ ‘
A programmable divider operates on the 2,04-to-2.78-MHz o Voltage- 20-kHz
VCO signal and presents to the phase detector a 20-kHz Controlied @ Reference

signal that is phase-locked to a 20-kHz reference frequency
when the loop is closed. Three cascaded modulo-N counters
and a BCD data selector form the programmable divider. The
divisor is 100+N=(100+10P+Q), where P and Q are the tens and
ones digits respectively. As indicated in Fig. 2, 100=100+N=133
however, divisor values of 100+N=100 or 101 are prohibited
by the step-100-Hz logic. Since the output of the programmable
divider is constrained to be precisely 20 kHz in the phase-
locked condition,

fyco = 20,000(100+N)

where N=2,3,..., 39

There is a convenient direct relationship between N and the
transmitter output frequency: N=2 corresponds tof,,, = 204 Hz
N=3 1o f,, = 304 Hz, and so on. Each phase-locked frequency
is accurate within £0.5 Hz.

Afixed-frequency bit from the system logic control causes the
BCD data selector to apply P=1, Q=0 to the counter chain,
resulting in a fixed-frequency transmitter output of 1004 Hz.

The phase detector converts input phase differences to out-
put currents. A low-pass filter integrates these currents to dc
and slowly varying ac voltages that are applied to the VCO
tuning input. The bandwidth of the filter is 500 Hz, low enough
to allow the loop to lock to the 20-kHz reference, but high
enough so that low-frequency disturbances (such as 60 Hz)
originating within the loop are attenuated by the action of the
ioop.

Osciliator

A Phase Deteclor 4—‘
and 500-Hx Low-
! Pass Filter

.

GATE Bus
PRESET WPUTS

BCD Inputs from Step-100-Hz Circuit

Fig. 2. Programmabile frequency synthesizer
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Fig. 3. Step-100-Hz circuit

The Step-100-Hz Circuit

Fig. 3 is a diagram of the step-100-Hz circuit. The key blocks
of this circuit are the two up-down counters that furnish BCD
ones and tens digit information to the programmable divider in
the frequency synthesizer. These up-down counters can
operate in two ways: pulses may be applied to the count-up or
count-down inputs of the ones counter from either single-step
front-panel switches or an autostepping circuit, or information
present at their data inputs may be loaded into the counters,
determining their outputs. Circuit operation guarantees that
these two situations are mutually exclusive.

The up-down counter outputs can be changed in single-
step increments by operation of the front-panel step-up or
step-down Hall-effect pushbutton switches. The TTL pulse re-
sulting from each push operation travels through a number of
step-up or step-down gates to the appropriate count input on
the ones up-down counter. During this sTer 100 HZ mode, the
autostep circuit is deactivated. The up-down counters are pre-
vented from counting below N=2 or above N=39 by an inhibit
circuit that locks out input pulses to the step-down or step-up
gates respectively. When the instrument is turned on, any il-
legal states (e.g., N<2, N>39, P>3, P or Q>9) present in the
up-down counters are sensed by the inhibit circuit, which then
allows a 2-kHz clock to run through the step-up gates, stepping
the up-down counters until they reach an allowed state, where-
upon normal operation begins.

With the front-pane! FREQUENCY CONTROL switch in the

autoster position TTL pulses from the autostep circuit con-
tinuously pass through the step-up gates to the up-down
counters until N=39. These pulses are then rerouted through
the step-down gates until N=2. The sequence then repeats.
The time interval between steps is adjusted by a front-panel
sTEPRATE control to be between 0.25 second and 7 seconds. The
step-up/down pushbutton switches remain activated in this
mode.

When the FREQUENCY CONTROL switch is set to manuaL and
the operator wants to change to the ster 100 HZ mode, he simply
turns the switch to this position. [f the transmitter has been
manually tuned to f,, where 100N=f, <100(N+1). the fre-
quency will phase-lock at f,, = 100N+4 Hz when the change
is made. This is implemented as follows. In the ManuaL mode
an output from the manual frequency load circuit locks out the
TTL pulses from the Hall-effect switches and the autostep cir-
cuit. A repetitive sequence of three digital signals arrives at the
step-100-Hz circuit from the 4940A display circuits. First, a
RESET pulse zeros the storage counters. Then a FREQUENCY DATA
pulse burst arrives at the input of the ones storage counter,
and the count information is presented at the storage counter
outputs in BCD form. The number of pulses in each burst equals
the two most significant digits of the 4940A frequency display
reading (that is, the number of pulses is N). A LoaD pulse then
transfers the information in the storage counters to the up-down
counters. Thus these counters always contain the current value
of N. The Loap pulse is locked out in the sTEe 100 HZ and AUTOSTER
modes.

1
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Nonlinear Distortion Measurements
by Donald A. Dresch

Nonlinear distortion as used here means the generation of
unwanted signals as a result of nonlinear operations on a de-
sired signal or group of signals. Harmonic distortion is one
well-known exampie: if the main signal is a sine wave of fre-
guency F. the unwanted signals appear as sine waves at 2F,
3F, and so on.

Harmonic distortion is often used as a measure of nonlinear
distortion in voice channels because harmonic distortion
is easily measured with readily available equipment. How-
ever. any conclusion about the nonlinearity of a telephone
channel based on harmonic distartion measurements is subject
to gross errors. If two identical nonlinearities in a channel are
separated by a linear network that has just the right phase
characteristic, the distortion products from a single transmitted
sine wave may combine in such a manner that the energy of a
particular harmonic from one nonlinearity may completely
cancel the energy of that harmonic from the second nonlinearity
At the other extreme. a different phase characteristic may
cause distortion voltages from the two nonlinearities to add,
showing four times the power level at that harmonic that would
be produced by each source separately. Because a telephone
channel may contain several nonlinearities separated by linear
networks, harmonic measurements will yield different results
for different test frequencies as a result of variations in channel
delay with frequency. It the channe! contains a frequency multi-
plexed system, frequency offset may occur and harmonic dis-
tortion measurements may show a very-low-frequency "hbreath-
ing" or beat with time.

The nonlinear distortion measurement in the 4940A takes a
different approach that minimizes these problems. In the TIMS
transmitter, count-down chains from a crystal oscillator create
two pairs of tones, A and B. The A pair is centered at 860 Hz and
separated by 6 Hz, and the B pair is centered at 1380 Hz and
separated by 11 Hz. Nonlinear distortion is measured by detec-
ting the intermodulation products created when this signal is
transmitted through the voice channel. Second-order distor-
tion is measured by selectively filtering, power summing and
detecting the energy at the A+B and A—B frequencies. Third-
order distortion is measured by filtering and detecting the 2B-A
frequencies. Second-order distortion products consist of eight
distinct frequencies, while third-order products consist of
four distinct frequencies. Together all these frequencies ap-
proximate narrow-band noise in amplitude distribution. This
reduces the sensitivity of the measurement to envelope delay
and frequency offset characteristics.

Tests have shown that the frequency dependence and time
variability problems of harmonic distortion measurements are
not completely eliminated by using the intermodulation tech-
nique. However, they are greatly reduced in most cases. Sec-
ond-order distortion measurements on channels with different
amplitude and envelope delay characteristics produce varying
results when amounts of distortion are low. However, in prac-
tical applications there is good general agreement when the
amount of second-order distortion is of sufficient magnitude to
be of interest. and in the case of multiplexed channels, if read-
ings are averaged over a 20-10-30-second interval. Third-
order distortion measurements aiso exhibit a reduced sensi-
tivity to time and delay distortion variability because the A and
B frequencies and the third-order 2B—A product are near
the center of the band where the channel's envelope delay char-
acteristic is typically flat

There were other considerations for the selection of A and B
frequencies. The second-order products must be sornewhat
immune to the effects of channel roli-off, and the second and
third-erder products must be separated by at least 300 Hz from
any signal components to minimize the effects of phase jitter on
distortion readings. The frequencies chosen meet these
requirements

The effect of background noise on the measurement is de-
termined by doubling the power of the A frequencies and dis-
abling the B frequencies. Level-sensitive circuits such as syl-
labic compandors are kept at their operating levels while the
noise in the narrow-band A—B, A+B, and 2B—A slots is mea-
sured. A correction factor can then be applied to the measure-
ments as shown in Fig. 1.

NLD Transmitter

The block diagram of the nonlinear distortion transmitter is
shown in Fig. 2. The four A and B frequencies are synthesized
from programmable countdown chains, all fed from a commeon
crystal oscillator, The A and B frequency pairs are added
separately and low-pass filtered, then added together. In the
output summing circuit, a transistor switch doubles the gain of
the ampiifier and disables the B count-down chains for back-
ground noise measurements

NLD Receiver

Fig. 3 is a block diagram of the nonlinear distortion receiver
Betore notching out the fundamental frequencies the received
signals are high-pass filtered to remove any signals at 60 Hz
and its harmonics. The notch filters reject the A and B frequen-
cies by 50 dB. Depending on whether it is the signal, the sec-
ond-order level, or the third-order level that is being measured,
narrow-band filters are automatically switched in or out. A
guasi-rms detector detects the signals. As in all other measure-
ments, level ranging, level referencing, "'+" and "—" indicators,
and dB/dBm indicators are completely automatic. Readings are
stabilized approximately four seconds after a pushbutton
selection has been made.

dB to be Subtracted from
Distortion Measurement

1 2 3 4 5 6 7 8 9 10

Distortion Measurement Above
Noise Measurement (dB)

Flg. 1. Correction factor is applied to nonlinear distortion
measurements to eliminate noise contribution,
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Envelope Delay Distortion Measurements
by Richard G. Fowles and Johann J. Heinzl

Phase delay distortion and envelope delay distortion are often
confused. Phase delay is insertion phase shift divided by fre-
guency, d/w. Envelope delay is the first derivative of phase with
respect 1o frequency, dé/dw (see Fig. 1), Phase delay dis-
tortion and envelope delay distortion occur when phase delay
and envelope delay, respectively, vary nonlinearly with fre-
quency. Itis possible to have phase delay distortion without en-
velope delay distortion, but envelope delay distortion is al-
ways accompanied by phase delay distortion.

Voice transmission is not affected by envelope delay dis-
tortion or phase delay distortion because intelligibility is not
impaired by phase shift. However, electronic equipment such
as data modems may be very sensitive to such distortion be-
cause waveforms may be considerably altered. In the special
case of pure phase delay distortion, information transmitted by
an amplitude, frequency. or phase-modulated signal is not af-
fected because the amplitudes and relative phases of side-
bands and carrier are not changed. Envelope delay distortion
or EDD, on the other hand, is very troublesome

Method of EDD Measurement

The 4940A EDD measurement is based on the Nyquist and
Brand method.' A carrier signal is amplitude modulated with a
low-frequency signal. The phase shift encountered by the en-
velope of the transmitted signal is a measure of envelope delay
at that carrier frequency. Although envelope delay is an abso-
lute quantity, the 4940A measures relative envelope delay,
that is, envelope delay as a function of carner frequency with
respect to a fixed but arbitrary carrier frequency. This has no
effect on the measurement of distortion, which is determined
by measuring the variation in relative envelope delay over
the frequency band. The 4940A is compatible with other en-
velope delay test sets used by the telephone companies in the
U.S A and Canada.

In voiceband measurements, envelope delay distortion is
usually referenced to a carrier frequency near 1800 Hz. In the
typical channel the envelope delay characteristics are flat
and a minimum in this region. The modulation index of the EDD
test signal is 50% and the modulation frequency is 8313 Hz.

To make an EDD measurement, two TIMS are used. The
TIMS normal test set transmits a test signal over the channel
under test to the TIMS repeat test set. The repeat set responds

)

wy

- Phase Delay

%Eaéfi‘ Envelope Delay

Phase  (radians)
g
I
|

ik

Frequency « (radians/second)

Fig. 1. Phase delay and envelope delay defined

by transmitting envelope delay information back to the normal
set over the return reference voice channel. The normal set
compares its received signal with its transmitted signal to deter-
mine envelope delay distortion values.

The normal set transmits an amplitude-modulated test signal
consisting of a variable-frequency carrier (300 to 3904 Hz) and
a fixed modulation frequency (8313 Hz). The carrier frequency
is varied over the band of interest, usually in 100-Hz steps. The
test signal traverses the voice channel under test and Is re-
ceived by the repeat set. The receiver of the repeat set ampli-
tude-demodulates the incoming test signal and then uses the
recovered modulation to amplitude-modulate a fixed-frequency
carrier that is transmitted back to the normal set. The fixed re-
peat-set carrier frequency is usually selected near midband
(1800 Hz). Because the repeat-set carrier frequency is fixed, no
envelope delay distortion is encountered by the return refer-
ence signal, although there is a fixed envelope delay. There-
fore, the envelope delay value received at the normal set rep-
resents the envelope delay value received at the repeat set,
plus the constant envelope delay of the return reference channel.

The receiver of the normal set demodulates the incoming re-
turn reference signal. The phase of the incoming return refer-
ence envelope is then compared to the original 8313-Hz oscil-
lator signal to determine the difference in phase between the
two signals.

At the beginning of the measurement a pDeway ZERO control
15 used to cancel the envelope delay of the measurement loop.
All future measurements are then referenced to the normal-set
carrier frequency at which the delay was zeroed (usually near
1800 Hz).

EDD Analog Circuits

Fig. 2 shows the 49404 EDD receiver circuits. The received
envelope delay signal passes first through a 10-kHz low-pass
filter and an autorange amplifier that keeps the output level
within a 12-dB range for input signal variations up to 50 dB. An
automatic level control circuit guarantees a nearly constant
8313-Hz signal amplitude at the demodulator and limiters. This
is important because level changes here would cause small
delay errors.

A tull-wave rectifier is used to demodulate the envelope
delay signal. Low-pass filters 1 and 2 recover the 8313-Hz
modulation. The higher the Q of these filters the higher is the
attenuation of unwanted interference tones, harmonics, and
noise. Unfortunately, an increase in Q alsoresults in an increase
of pole location drift with temperature. This causes a phase
shift and therefore an error in the envelope delay measurement,
To overcome this problem, a special control loop was designed.
The loop compares the phase of the demodulated 831z-Hz
signal at the output of high-Q filters 1 and 2 with that of the same
831/3-Hz signal at the output of low-Q filters 3 and 4. The low-Q
filters are very temperature stable and serve as a phase
reference.

A change in pole location in the high-Q filters (e.g.. because
of a change in temperature) changes the insertion phase shift
at 8312 Hz. This phase shift is measured in a phase detector
and the detector output voltage is compared to a fixed dc refer-
ence voltage. The difference is amplified by a differential am-
plifier, which controls a voltage-dependent resistor in low-pass
filter 1. Varying this resistor's value changes the pole location
and the insertion phase shift through that filter. The result is a
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Fig. 2. 4940A envelope delay transmitter and receiver circuits

filter that has high-Q amplitude response and low-Q phase mal because the modulation signal is synthesized digitally by
stability. Its temperature stability virtually eliminates warm-up summing of the outputs of an B-bit shift register. This technique
time and the need for a constant ambient temperature to make overcomes the significant temperature drift of analog filters.

an accurate envelope delay measurement EDD Digital Circuits
Delay changes with temperature in the transmitter are mini- From the receiver circuits shown in Fig. 2, the filtered 8313-
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Fig. 3. 4940A envelope delay measurement circuits
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Hz output goes to the digital measurement circuits shown in Fig.
3. The measurement is controlled by an algorithmic state ma-
chine.? '

The dynamic range of the measurement circuits is 12,000
microseconds, distributed as —3000 us to +9000 us from a
selectable arbitrary reference. 12,000 us corresponds to one
period of the modulation frequency of 8313 Hz,

The 8313-Hz signal from the receiver circuits is first syn-
chronized with the 1-MHz clock signal and then compared in the
phase detector with a reference signal from the phase auto-
range circuit. Fig. 4 is a diagram of the phase detector. The
detector triggers on the leading edge of either input signal:
the reference signal sets the phase detector and the return
signal resets it. The output pulse width of the phase detector
is therefore a measure of the phase difference.

In a practical circuit, noise causes degradation of the re-
sponse, as shown in Fig. 5. To meet the accuracy requirement
of +10us, the phase detector must operate in the linear
window shown in Fig. 5. For the specified worst case (S+N)/N
of 20 dB and a 3.9-kHz bandwidth this window is 11,6800 us
wide.

To establish that the phase detector is operating in the linear
window a phase autorange circuit (Fig. 6) is activated each
time the DELAY ZERO button is pressed. This circuit steps the
phase in 90° increments and remains enabled until the phase
difference is between 90° and 270°. The arbitrary reference for
the measurement is then established by measuring the initial
phase relationship between the reterence and return signals
and then delaying the reference signal until the desired re-
ference phase exists. In practice, the reference phase differ-
ence is not arbitrary; it is always set to 90° when the DELAY ZERO
button is pressed.

Measurement Procedure

To make an envelope delay distortion measurement the
reference phase difference is set at 90° with the reference
signal leading the return signal. The carrier frequency at which
this is done is arbitrary, however, 1804 Hz is generally used.
With the reference established, the measurement proceeds by
initializing a 4%2 decade counter at 17000. The leading 1 in-
dicates a negative number and 7000 is the tens complement of
3000; thus the number preset into the counters is —=3000. This
removes the initial phase difference of 90°. Twenty samples
of the phase detector output are allowed to gate 1-MHz clock
pulses into the 412 decade counter. If the delay has increased
the counter overflows and resets the overflow flip-flop, and
the number in the counter is displayed. If the delay had de-
creased the counter would not have overflowed. (This indicates
a phase detector output of less than 90°.) In this case before

Fig. 4. Envelope delay phase detector

Phase Detector
Output

Fig. 5. Phase detector output versus phase difference. To
avoid noise-produced deviations from the ideal curve, the
detector must operate within the 11,600 us window shown.

being displayed the number in the counter is tens comple-
mented to put it in proper sign-magnitude form

The use of the digital display in the measurement of envelope
delay offers the advantage of having accuracy and resolution
independent of displayed magnitude. But along with this ad-
vantage came the digital display's main disadvantage: poor
readability for noisy signals. Noise is especially troublesome in
phase measurements. The problem was reduced by keeping
system bandwidth as narrow as possible in the detector, by
averaging 20 samples to reduce noise before displaying the re-
sult, and by using a display refresh rate consistent with visual
response (three times per second). The result is a mean varia-
tion of =50 us out of a possible 12,000 us for an input (S+N)/N
of 20 dB over a 3.9-kHz bandwidth.
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Peak-to-Average Ratio Measurements
by Erhard Ketelsen
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From P;AR=100(2FWNFWA° 1)
where P, and FWA,, are the peak reading and full wave average
readings of the transmitted pulse train. Since P, and FWA, are
constants, the equation can be written as

Peak 4 )
FWA

The received pulse is shaped by a fourth-order band-pass
filter that has a center frequency of 1300 Hz and a Qof 3.1. The
shaping filter reduces the effects of power-line frequency inter-
ference and modifies the pulse train before detection.

The filter's response was calculated to minirmize the crest
factor of the transmitted signal while maintaining the same fre-
guency spectrum at the detector input. This was done on an
iterative basis by crosscorrelation of a trial filter function with
the desired filter output (detector input). Then the time-domain
transform was taken, the peak and rms values of the waveform
were calculated, and the resulting crest factor was plotted as a
function of pole location. The resulting plot was a cone-shaped
contour map with the minimum crest factor at its apex. The
4940A shaping filter is designed to have the pole locations
corresponding to this minimum crest factor.

The peak-to-full-wave-average ratio measurement is made
by an absolute-value amplifier in an automatic gain control
loop referenced to a one-volt source (Fig. 3). The resulting
output voltage is digitized and averaged over five intervals

Gain
Controlied
Amplifier

Absolute
Value
Amplifier

Detector
P/AR = 100(K =x

Comparator
and
Integrator

Reference
Source

Fig. 3. F/AR calculator.

the pulse train has half-wave symmetry, only the first 32 ms
are stored. The ROM is organized into 512 8-bit words and is
sampled at a rate of 62.5 microseconds per word (512 x
62.5 us = 32 ms). The sampling frequency of 16 kHz is high
enough so that aliasing does not ocour.

A 5-kHz low-pass filter keeps out-of-band signal energy 40 dB
below the transmitter level and smooths the output waveform.
The information in the ROM is pre-emphasized to compensate
for the gain and phase changes that occur as the pulses go
through the smoaothing filter.

At the receiving end P/AR is calculated using the following

eguation: to reduce variations caused by noise transients.
w"wm‘specir‘c"‘rlons B - ‘u:\:.“ﬁmmmum Lo D0 YHISS W Do BOGE M Om ?Fﬂ:rYﬂml:;'g’:n':-‘M

Level and Frequency

FREQUENCY AANGE 200 M 1o 1904

FREQUENCY SETABLITY | e

FREQUENCY ACTURRLY 0% Hz » iy =ode

MANUAL WOCE Contrisiunly atiatatie; 200 My ks J904 42
STEP 100 Wy Mooe: P04 My 10 3004 Fr 1 100 My incrmmenis
AUTO STE MCIOE Corten,

s o w11

OUTPUT LEVEL SETABLITY 01 SBim
AN 3L 5
RECEIVER:
FREQUENCY RANGE 200 Hz w5 D004 My
TREJUENCY BESOLUTION 1wy
FREDUENCY ACCURASY +05 e
DETECTOR Fulil witve sverage
LEVEL RANGE- - 10 gB=1m 4 o=
LEVEL RESOLUTHON Ot o=
LEVEL ACCURACY ~01dBm e ' i rom 0w 153

0.3 O Dvw Tl Fegqueney and leve range
SR W2 NPUT FLTER (BWITOH SELECTARE) 29 of ous of 80 2 £ S5 oma

0 M
Message Circult Noise
TRANSMITTER S berrtimatir
AECEVER:

WEGHTING FLTERS - Alessage aet Basiz 50 sance wmesiae
CETECTOR Cuts =
AMGE « 10 B fa - 100 e
REGOLUTION ¥ diles
ACCURACY =148

Noise-with-Tone
TRANSMITTER.
FREDUENGY 1008 iz beod
TUTPUT PANGE - ¥ = 1 4% dB=
LEVEL RESCLUTION 1
RECEVER:

NOTOH FLTER 50 o8 smpieton o 065 oz 8 10005 S
For ot wpechaators T b Mesage CoTus feone

awmmmmm

FREQLENCY 1004 1z hand

QUTPUT RANGE - 10 dim i 40 all=

LEVEL RESCLATION 1 #Bm

RECENWER:

RECEWED TOME LEVEL 0 s & -3 SBm

WOTOH FLTER 53 25 swechon o WIS Hz tn 1054 v

COUNT INTESVAL §or 13 memes o Donbruiut

IMPULSE MORSE THEESHMOLD BANGE Lo 30 diien jo 108 3= M 438
B Lo 25 a0ove L 108 90w e

IAPLE SE NOWE THBESHOLD ACCERACY =1 o8

COUNT RATE 7 counm par 3econd musimiem o chunosl Lmibed saios
]

SAIN AT THRESHOLD 2. 4 6 wnd i il

PHASE 0T THREBHOLD 10 w 48 degrees i= 3 dugree monminess

HIT GUARD WNTERVAL 4 ™=

DRCPOUTLEVEL THRESHOLD Find greate man 17 0 decrease

Ieve

DACPOUT CURATION: 10 mm or gress

PHASE WIT COUNTS. 0 1o tR508

DROPOUT COUNTE O iz 8 W

il niIT COUNTS O i 1 998

CHIILAY A6 ms pharormr @fN Countes sTAImeously e soed & et
mecyon dmpayt efur e impass Nows o o e it and Dropout
ot Burng o aller e TEARITATIET Deroc

Phase Jitter
TRANSMITTER:

FREGUENCY 1004 HE fees

DUTRUT RANGE = 10 ofin 1= - 40 il

LEVEL SESCLUTION 1 diim

RECEVEA.

FREQUENCY RANGE 200 v t2 1000 Hr

LEVEL RANGE - 10 dBm 1o - 40 Sbn

LEVEL SESOLUTION | dBm

NTTER DETECTOR  Pame tn paste

STTEN BANDWIOTH 20 Mg 1 300 g

STTER RAMGE 03 & 23 deprees

ATTER ACOURALY =34 of rescing =0 7 degiwes
STTER RESOLUTION £ 1 cegres

Enveiope Delay
TRANSMITTER

FREQUENCY RANGE 00 1= 2854 My
MOOULATION FREDQUENCY. £3-113 He
LEVE RESQLUTION 21 38

Far ot specAcutoin reter Iz LevelF reguersy

AMECEVER,

FREDUENCY RANGE 300 © 308

LEYEL RANGE « 10w -40 @@=

LEVEL ACCUSIACY 10 2% slien

LEVEL RESCRUTION =1 e

CELAY RANGE - 1000 ke + 1000 mecosscones

DELAY RESOLUTION: | seeseuscend

DELAY ACCURACY ([HACK 10 BADK] = 12 s b 630 tn 3904 My =30 a3
e 300 = 400 M

MU BONAL PO MOISE SANI0 IO S5 D wg Rel segeting e ilaked

ey
Noise-to-Ground
TRAMSMNTTER Sise wmeannr
RECEIVER
FANGE 20 = 10 slen
BFEUT SRCUIT 800 o 900 oty aceous B bte 1008 ot D groueet
hm—mwu\h—vm\u—
(Opti

TRANSMITTER
TEST SGNAL TYPE Teo pars of mtes tevteras o7 BAD ber an 1380 b

RECEVEA.
LEVEL RANGE: =0 1 - 3% dBim
KEVEL ACCURACY =1 gim
LEVIL RESOLUTION | afim
NG OADER AECEIVE FILTERS: Cantered of 530 ng J240 Hz
IR0 DADER RECEWVE FILTER Cantwrad =i 1900 iy
200 ORTER FADOUCTS MANOE 80 off bestw recomsed inve
IR0 DAGEA PROCUCTS AANGE 1 &0 o Desom racessail v
P/AR (Optional)
TRANSMITTER .
OUTFUT HANGE 0 fo - 40 dBm
LEVEL RESOLUNION | ok
BECEIVER
LEVEL RANGE « 0 aBm t - 30 28m
LEVEL RESOLUTION 1| difn
AR RANGE 0 120 SAR Unm
AR BEGOLUTION 1 PAR Unin
AR ACCURACY =3 FAR Lrses
General
TRANSMITTER
IMPEDANCES 806 anmm ane 920 armmi
SF SKIP. M50 8 270 He memil

TERMINAL WAPEDANCES 800 onvs el B0 sho | rmecs emectatie
BAIDGING IMPEDANCE Gramier tran 508-ofe
BRIDGNG LOSS Less fan 03 8 o | amg
RETLAN LOSS Greser ¥ae 40 dB
HGH FREQUENCT PROTECTION: Trasiw man 60 0B stewation sbows

800 k2

MONITOR AMPLIFFER QUTPUT:
CUTPUT RANGE 0 7 vols
308 BANOWIDTH 300 Mg 0 €200 He
FLATNESS =1 35 tom 300 He 19 3900 He
OUTPUT IMPESANCE & aterm
OQUTPUT CONNECTOR 347 mes

TEST JACKS: 110 i mwitpemc wet & may Dol podds 7 ol T aneTne and
T

I-nnn_ansnuawm

DL BLOCKING [weth n haiding] | 200 »oits

POWER REQUINEMENTS. 104 1= 139 voms e 80 riz

CPERATING TEMPERATURE. 17°F s 127F

STOAAGE TEMPERATURE: &0F = 147 F

WARM-UF TIME FOR STATED ACCURACY % mwuses

TWO AUNILIARY BNC DUTPUT CONMECTORS. Sccmsses recmves e

Ophor: O3 sods 7 &R and Nonboeer (oioton Whseeremeery st §7100
WANUFACTURING DIVISSON 050 008 DRk
£3C £ Madetess Roac
Mhormmn Vm Castzeris BAC4D U 6 A

18

© Copr. 1949-1998 Hewlett-Packard Co.




Noel E. Damon (center)

4940A project manager No
eader at HP’s Delcon Divisior

D
sition sys
Ic deteclo

Before coming

Universi
years in the U.S. Army. He
ord University in 1970

Stan

Erhard Ketelsen (right)

A native of Husum, Germany,

ring that time he's

n with HP
1 RF

received his MSEE degree from

He's marned, na

for

ind data

Tor uttra-

win ::_r

three

el Damon, an engineering groug

children

Erhard Ketelsen came to the

U.S.A. in 1955, During the next fifteen years he served four

years in the U.S. Air Force
and earned his BSEE degree
San J

his MSEE work at California

Ketelsens, who live in Sunnyvale

serves as entertainment direc

and likes to spend his

on cars

met and married his Swiss wife

from California State University

n 1970. Since joining HP in 1970, he's designed
'F'C--‘d'lf,‘? Open Fault Locator and the P/AR circuitry and NLD
transmitter for the 4940A TIMS. He's now near completion of
State University, San Jose
have two boys. Erhard

Ihe

Clor of the local Cub sCout pack

Richard G. Fowles (left center)

Dick Fowles des

sion in 1970

ne reading, hiking, or

working

hnic Univ

19

Richard T. Lee (nght)

Dick Lee has spent most of his life on the San Francisc
peninsula. Born in San Mateo, he received his BSEE and
MSEE degrees from Stanford University in 1958 and 1959, and
was a research associate at Stanford Electronics Laboratories
from 1959 to 1963. With HP since 1964, Dick has done high-
frequency and VHF design for the 8411A Harmonic Fre-
quency Converter and the B407A Network Analyzer, and
designed the transmitter section and power supply of the
4940A TIMS. He's an arnateur photographer, a collector of
classical music records, a Sunday school teac d a
sometime hiker. He's married, has two children d lives in
Cupertino, California

=e. Now working for his MSEE degree at
California State University, San Jose, and specializing in
microprocessor design, he rec

algor

state machine des f De -0l
He's a member of IEEE and the Cal nurr a National (
andhis Jr"‘rJ_: £ SKE C
swimming, and bicycling. A native of Milwaukee, Wisconsin
Dick is single and lives in San Jose

ied interasts ing

archery, music

Johann J. Heinzl (=f)

Johann Heinzl graduated from the Technical College of Mgu
ng/Vienna, Austria in 1963 with the degree Ing Grad
in telecommunications. Before coming to HP in ‘9"— he
worked for many years in the design of television test instru-
ments, He's
e V. and 2

ber of :*-?-"“.5-.-‘-' T

envelope del:
lives in Cuperti
California, and enjoys cross

aphy

yacking, and

pho

Paul G. Winninghoff

Paul Winninghoff

designed the trz

phase jitter circuits of the 4940A TIMS

Paul has (‘r)rwutn,m"j to the design of the 8552A Spe
3A Tracking Generator/Counter

the JQ.L,._. Th

the 4912A

ed, has tw
:u"-ﬂ_v'-."dlt- California. Along with hism
radio and high-fidelity auc
been studying Span

his wife to her native land, Cc

uipmen

© Copr. 1949-1998 Hewlett-Packard Co.



Microwave Integrated Circuits Solve
a Transmission Problem in Educational TV

An educational TV system using a satellite transmission link
needs a state-of-the-art ground-station receiver that doesn't
cost very much. Microwave integrated circuits provide a way.

by James A. Hall, Douglas J. Mellor, Richard D. Pering,

and Arthur Fong

HE REQUIREMENT WAS FOR A two-channel,

low-noise, S-band receiver with a channel band-
width of 20 MHz. It was to be rugged and require little
if any maintenance, and it should be capable of being
produced in quantity at modest cost.

Stability and low noise at a carrier frequency around
2600 MHz imply a sophistication that ordinarily has
not been compatible with mass production. Micro-
wave integrated circuits, however, can help re-
solve these conflicting requirements.

A novel receiver based on these requirements
is designed around a microwave integrated circuit
(MIC) amplifier developed at HP. This amplifier
serves repetitively as a gain block at 2.6 GHz, leading
to a conceptually simple design based on the tuned-
radio-frequency (TRF) principle.

Basic Considerations

Today’s wideband amplifiers make it unnecessary
to heterodyne the received signal down to an inter-
mediate frequency for amplification. Thus the front-
end mixer and local oscillator formerly needed in
microwave receivers can be dispensed with, elim-
inating a major source of noise and instability.

Amplification required to bring the weak antenna
signal up to the +10-dBm level required by the FM
video demodulator occurs at the carrier frequency in
five cascaded four-stage amplifiers. The amplifiers
are all based on the same MIC design using HP type
35821 transistors but with some differences in the
first and last amplifiers. The first amplifier uses a
selected input transistor for minimum noise and the
fifth amplifier has an active biasing arrangement to
increase its power-handling capability. Overall gain
of the amplifier chain is about 146 dB and noise fig-
ure is less than 4.2 dB, typically 3.7 dB.

To assure that antenna cable losses (5.5 to 8.5 dB)
would not affect the system noise figure, the first and
second amplifiers are mounted in a separate module
at the antenna. DC power to the antenna module is
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supplied through the same coaxial cable that brings
the RF signal back down. This allows the receiver to
be placed up to 30 meters from the antenna.

Another advantage of the tuned-radio-frequency
(TRF) design surfaces here: there is no need to pro-
vide for environmental immunity of the antenna
module to assure the stability of a local oscillator
since one isn't used. The module functions reliably
throughout a temperature range from —48 to +65°C.

The use of microwave integrated circuits also
meets another requirement: the receiver should be
capable of receiving either one of two channels, cen-
tered at 2566.7 and 2667.5 MHz. Tunability used to
be a problem with TRF receivers because of insuf-
ficient bandwidth but the basic MIC amplifier has an
800-MHz bandwidth that spans both channels. In the
proposed design, a single bandpass filter assembly is
used for each channel. Changing channels is simply
a matter of reconnecting two coaxial lines.

The Rest of the Picture
Designing a TRF receiver to operate at 2.6 GHz

Fig. 1. Educational TV receiver converts low-level satellite-
relayed signals to standard video and audio signals for direct
application to a monitor
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Fig. 2. Block diagram of tuned-RF TV receiver. Availability of cost-effective wideband micro-
wave amplifiers and discriminators simplified the design.

required a few departures from traditional practice.
One departure involves the limiter. The received sig-
nal consists of one video channel and four audio sub-
carriers, all frequency-modulated onto the carrier.
Since the receiver may be operating close to the FM
threshold level, it is especially important that it not
respond to variations in the amplitude of the received
signal. Ordinarily, diode clippers or saturating amp-
lifiers are used to remove amplitude variations but
these don't function well at 2.6 GHz., A fast-acting
ALC system is used instead.

The ALC system uses an AM detector at the side
arm of a thin-film 6-dB directional coupler that fol-
lows the 5th amplifier. The detector output controls
both a PIN-diode attenuator and a Schottky-diode
“modulator”. The PIN-diode attenuator suppresses
most of the AM variations but it is effective only for
variations occurring at rates below 100 kHz. The
high-frequency variations are suppressed by the
Schottky-diode modulator (or, if you will, “AM-
unmodulator”, which really describes its function).

As shown in the block diagram of Fig. 2, the PIN-
diode attenuator is placed ahead of the third RF amp-
lifier, thus reducing the dynamic range requirements
of the circuits that follow. The modulator is just ahead
of the fifth amplifier. Because of the short signal paths
in the circuits, feedback-loop phase shift is mini-
mized. Thus, amplitude variations occurring at rates
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up to 100 MHz are suppressed.

This system provides more than 30 dB of AM sup-
pression and it maintains the discriminator drive
level within =0.5 dB for all normal input signal lev-
els and operating temperature variations. Another ad-
vantage of the high-speed ALC limiting technique is
that it generates no carrier harmonics as clippers do,
eliminating the need for further filtering.

The Discriminator

The wavelength of a 2600-MHz signal is sufficiently
short to make transmission lines 1 or 2 wavelengths
long compatible with microwave integrated circuit
technology. It is thus possible to design a discrimina-
tor based on the variations of a transmission line’s
input impedance as a function of frequency, and
build it using mass-producible thin-film techniques.

To gain some insight into the operation of this kind
of discriminator, Fig. 3 is presented. One transmis-
sion line (T1) is terminated in a short and the other
(T2), equal in length to T1, is terminated in an open.
At very low frequencies, the input to T1 is effectively
shorted so no input voltage appears at node 1.

Transmission line T2, on the other hand, has a high
input impedance at low frequencies so all of the input
voltage appears at node 2. The output of the summing
block is then a negative voltage, —V.

At the frequency where the lines are %A long, the
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situation is reversed. Now line T2 appears as a short
at node 2, while the input to T1 appears as an open
circuit. The output of the summing block is now a
positive voltage, +V.

At a signal frequency where the lines are %A long,
the magnitudes of the transmission lines’ input re-
actances are equal, so the diode detectors produce
equal but opposite voltages. The output of the sum-
ming block is then zero. Since the voltage output
varies relatively linearly with respect to input fre-
quency, this network could be used as an FM discrim-
inator by making the lines Y%A long at the carrier
frequency.

Above the frequency where the lines are 1A long,
the voltage output reverses sense, returning to —V at
the frequency where the lines are %zA long, where it
again reverses sense. This process repeats as the fre-
quency increases, with the output passing through
zero when the lines are odd multiples of s\ long.
This suggests that the sensitivity (volts/MHz) can be

22

vidual sale)

increased by making the lines an odd multiple of %A.

The final discriminator design uses lines about
13/8A long at 2600 MHz. The output thus goes from
—V to +V between 2400 and 2800 MHz, thus increas-
ing sensitivity by a factor of 13 but still allowing
enough bandwidth to accommodate both channels.

Sensitivity and linearity were further improved
through use of a computer optimization program
that modified the transmission-line characteristic
impedance and lengths. As a result, 70() transmission
lines are used and the resultant voltage/frequency
triangle is assymetrical.

One serious problem with this type of discrimina-
tor has been the response to harmonics. In the final
discriminator design, these were reduced to manage-
able proportions by inserting resistances in the lines
Ysh from the terminating ends. At the center fre-
quency, a shunt resistor at this position in the open
line is at a voltage null and therefore has no effect on
circuit operation. At all even harmonic frequencies,

© Copr. 1949-1998 Hewlett-Packard Co.




iy
0 S -
N 2600 MHz 5200 MHz
(Var) (Var)
Frequency ——=
Node 2 T2 .
YV Z, = 50101 O+
500 ;
DZ A
®
INPUT ——
o9 o % » OUTPUT
- = ¢
D1 A
5001 n v
ANA— z, - 5001 o}
Node 1 K
- YA (@2600 -

Fig. 3. Basic transmission-line FM discriminator

however, it is at a high impedance point so it termi-
nates the line. A series resistor performs a dual func-
tion in the shorted line.

All of the circuits beyond the discriminator use
standard off-the-shelf components and conventional
techniques. The output of the discriminator is ampli-
fied an additional 30 dB for application to the TV
de-emphasis network and to the four audio channel
subcarrier demodulators.

The video signal is further amplified and then ap-
plied to a diode dc restoration circuit. This removes
a 30-Hz triangular modulation (synced to the video
frame rate) that is frequency modulated onto the satel-
lite down-link carrier to disperse the energy within
the frequency spectrum. This technique is needed to
meet international maximum flux density specifica-
tions designed to protect terrestial communications
systems from satellite interference.

RF Filtering
Preliminary filtering is provided in the antenna

module by a 3-section thin-film filter that has a band-
width of 300 MHz at the 3-dB points and less than
1-dB insertion loss. This filter is a capacity-coupled,
Y2\ transmission-line design.

Connectors are provided in the antenna module for
inserting an optional notch filter between the two
amplifiers, This is for use in areas where there may be
strong interference from adjacent RF signals.

Center frequency, receiver bandwidth, and group
delay characteristics are determined by the channel
filter, so this filter is critical to proper receiver opera-
tion. Because of the requirements for high Q, thin-
film circuits could not be used here (in general, the
smaller a resonant structure is, the lower the Q). The
proportionately narrow bandwidth (0.9%) and the
need for temperature stability dictated a coaxial
3-pole interdigital structure. This gives a bandwidth
of 23.5 MHz at the 3-dB points. Temperature-com-
pensated resonators assure a frequency drift of less
than 2 ppm/°C.

RF Amplifier

As mentioned before, the RF amplifier is a key fac-
tor in determining receiver cost and performance. It
must be designed in a way that takes maximum ad-
vantage of the high gain-bandwidth product avail-
able from present-day microwave transistor chips but
it must be simple to fabricate and test.

The two-element (shunt L, series C) matching net-
works often used as transistor interstages yielded a
300-400 MHz bandwidth in this application. How-
ever, to assure adequate gain flatness within the
bandwidth of interest and to allow for the inevitable
variations from unit to unit without resorting to trim-
ming adjustment, bandwidth was doubled with little
sacrifice in gain or complexity by using the double-
tuned interstage shown in Fig. 4.

First of all, for maximum bandwidth L. is made
equal to zero. This requires a coupling coefficient K
such that: K = [Rz"Rd%

Then, C, = C,/K*(1-K?), where C, is the parasitic
capacitance.

Relationships established by the center frequency

aye L, = 1/(w,2C,) and L, = K2L,.
These values were transformed to those required for
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the actual circuit by the following relationships:

L. = L, — M where M, the mutual inductance,
= KVL,L, (it was already established that L. = 0);
L,=M;and L, = L, -M.

A four-stage amplifier design using this interstage
was realized in thin-film circuitry by making L, a
shorted shunt section of transmission line and L, a
squared spiral inductor. C, is a chip capacitor.
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