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1. INTRODUCTION 

The signal registration of transient and single event phenomena has, until 
recently, required the use of equipment such as Magnetic Tape Recorders 
and Storage Oscilloscopes. However, developments in the field of digital inte
grated circuits, especially in the large scale integration of MOS circuits, have 
now made it feasible to apply digital technique to this application of signal 
registration, the recording now being made in a digital memory, instead of 
on a piece of magnetic tape or an oscilloscope screen. The use of this 
technique, employed in the Digital Event Recorder Type 7502, overcomes 
many of the shortcomings of the previously used methods, e.g., wow and 
flutter, poor tape economy, and tape wear. 

The use of sampling technique brings in certain relationships which are 
not found in analog recording. These relationships, discussed in chapter 6, 
impart a few simple rules to the operation of the 7502. If these rules are 
obeyed, however, the 7502 may be used in the same way as an analog re
corder. 

The sampling rates available for Recording vary from 100 S/sec to 
100 kS/sec, in a 1-2-5 sequence. This gives a frequency range of Recor
ding from DC to 25 kHz, or to 50 kHz if the Antialiasing Fil~er is omitted. 
On Play Back, the sampling rate may be varied from 0.5 S/sec to 500 kS/sec, 
also in a 1-2-5 sequence, giving a frequency range of DC to 125 kHz, or 
250 kHz if the Recovery Filter is omitted. Using the full range of the input 
and output sampling rates, frequency transformations of up to 200 000 
downwards and 5 000 upwards are available · on Play Back. These sampling 
rates may also be controlled externally, provided an upper limit of 100 kS/sec 
is observed on Recording, and 500 kS/sec on Play Back is observed. Note, 
however, that ·in this case, external Antialiasing and Recovery Filters will 
normally be required. 

The length of the time interval which may be Recorded at any set sampling 
frequency is related to the Memory size. It is equal to the Memory size divided 
by the sampling frequency, and is known as the Sweep Time. The same re
lationship applies on Play Back. Since the Memory size of the 7502 is variable 
from 2 k to 10 kin modules of 2 k, the Sweep Time may be optimized to the 
particular application, e.g., if an input sampling rate of 20 kS/sec is required, 
the Sweep Time may be varied from 100 msec to 500 msec by changing the 
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Memory size. The standard 7502 is delivered with a 4 k Memory, but extra 
2 k Memol"y modules are available such that it may be expanded up to the 
full 10 k. 

Operation of several 7502s in Master-Slave configuration can bestow cer
tain advantages over the operation of a single instrument. These include the 
use of a very long Sweep Time, where that available from one instrument is 
insufficient; the covering of a very wide dynamic range, where the size of the 
input sigrml is unknown; and the monitoring of several input signals, where it 
is only required to 'trigger off one of them. 
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2. CONTROLS 

2.1 FRONT PANEL 

•• 
-
~ ~!':- .... !:.:."':!' 
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Fig. 2.1 7502 Front Panel 

The controls on the Front Panel of the 7502 may be divided into four sec
tions, the Input Section, the Trigger Section, the Output Section, and the 
Mode Control Section. 

2.1.1 Input Section 

ii 
c.--

~~~-. • .•'1!*~ 

Supplementary Analog Input 
Ground Connector Input Coupling 

Fig. 2.2 

nput 
Sample Rate 

7502 Front Panel, Input Section 
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INPUT : ~ · · {, 

INPUT SAMPLE RATE 

INPUT COUPLING 

INPUT MODE 

FILTER OFF 

Analog input via B & K socket for con
nection of analog signals for Recording. In
put Impedance 100 kQ in parallel with 
100 pF. Plug JP 0101. 

Selects the sampling frequency for Record
ing, which is variable from 100 kS/sec to 
100 S/sec in a 1-2-5 sequence. Simul
taneously selects a low pass filter (Anti
aliasing Filter) whose limiting frequency is 
constantly 1/4 of the sampling frequency 
selected. When set to "Ext.", an external 
clock may be used. The 25kHz Antialiasing 
Filter is then selected. 

The INPUT SAMPLE RATE Selector also 
indicates the "Sweep Time per 2 k". This is 
the Recording time available if the instru
ment had a 2 k word Memory ( 1 k = 21 0 

= 1 024). The total Sweep Time is obtained 
by multiplying this by the ratio of the ac
tual Memory size to 2 k, e.g., for a 6 k word 
Memory with a sampling frequency of 
5 kS/sec, the Sweep Time (or total Record
ing time) is 6/2 x 0.4 sec, i.e., 1.2 sec. 

Allows the selection of three different input 
couplings, "AC", "DC", and "Ground", via 
push button switches. In the "AC" position, 
the lower limiting frequency is approximate
ly 3Hz. Note that in the "Ground" position, 
it is not the INPUT connector itself which 
is grounded, but the input to the input volt
age follower. The INPUT connector thus 
floats. 

Allows the selection of two input modes, 
"Analog" or "Digital", via push button 
switches, such that analog or digital signals 
may be Recorded. 

Push button switch which, when depressed, 
·allows the Antialiasing Filters on the INPUT, 



DELAY LINE 

2.1.2 Trigger Section 

or the Recovery Filters on the OUTPUT to 
be bypassed. 

P·ush button switch which, wtien depressed, 
allows the instrument to be operated as a 
delay line, such that the signal at the INPUT 
will appear continuously at the OUTPUT, 
delayed by the Sweep Time. 

~ 

..... ~~ at'-.. ~ ..... ~ .. ........ . ~ 
~· . ~:~· ' ··::~ :: ..... . 

.. \\•Y,, .... • ~ll' t ~1' 
· ~-~ lP~ • . ,.. _ ... 

Fig. 2.3 1502 Front Panel, Trigger Section 

TRIGGERING LEVEL Controls the threshold value which the trig
ger signal must exceed before the trigger 
pulse to the Memory is generated. Con
tinuously variable between ±7.5 V. 

TRIGGERING SOURCE 

TRIGGER eOUPLING 

Allows the source of the trigger signal to be 
selected from the input signal itself, an ex
ternal signal, an external signal with 20 dB 
attenuation, or a manually generated signal. 

Allows two different trigger couplings, "AC'' 
or "DC" to be selected, via push buttons. 
The lower limiting frequency in the "AC" 
position is approximately 3 Hz. 

9 



MANUAL TRIGGER 

TRIGGER SLOPE 

If the TRIGGERING SOURCE Selector is 
set to "Man.", pressing this button will ge
nerate the trigger pulse to the Memory. 

Allows the selection of whether the trigger 
pulse to the Memory is to be generated by 
a positive or negative going slope, via two 
push buttons, marked "Positive" and "Ne~ 
gative". 

2.1.3 Output Section 

10 

Fig. 2.4 7502 Front Panel, Output Section 

OUTPUT SAMPLE RATE Selects the sampling frequency for Play 
Back, variable from 500 kS/sec to 500 S/sec 
in a 1-2-5 sequence, independently of that 
used for Recording. Simultaneously selects 
a low pass filter (Recovery Filter) whose 
limiting frequency is constantly 1/4 of the 
sampling frequency selected. When set to 
"Ext.", an external clock may be used. The 
125 kHz Recovery Filter is then selected. 

OUTPUT SELECTOR Allows the selection of different output 
modes to different output media. 



"Repetition" 

"Single Sweep" 

"Tape Recorder" 

"Recorder" 

"Calibration'' 

"Digital" 

AUTO MODE 

OUTPUT RATE/1 000 

Gives a repeated Play Back of the Memory 
at a rate set by the OUTPUT SAMPLE 
RATE Selector and the REPETITION DE
LAY. 

Gives single Play Back of the Memory at a 
rate determined by the OUTPUT SAMPLE 
RATE Selector. 

Gives a single Play Back of the Memory, at 
a rate determined by the OUTPUT SAMPLE 
RATE Selector, synchronised with control 
signals which may be used to automatically 
control a Tape Recorder. 

Gives a single Play Back of the Memory, at 
a rate determined by the OUTPUT SAMPLE 
RATE Selector, synchronised with control 
signals which may be used to automatically 
control a Level Recorder or an X/Y Record
er. In this position, the output is also avail
able from the LEVEL RECORDER OUT
PUT, where it is attenuated by 6 dB and 
off-set by +4.5 V. 

Gives a -5 V calibration voltage at the Ana
log OUTPUTS. (+2 V for the LEVEL RE
CORDER OUTPUT). 

Gives a single Play Back of the Memory in 
its digital form. 

Push button which, when depressed, gives 
automatic transfer of the instrument from 
"Record" to "Play back" and bachagain. 

Push . button which, when depressed, slows 
the Sampling frequency during Play Back 
by a factor of 1 000 with respect to the 
setting of the OUTPUT SAMPLE RATE 
Selector. Note, however, that the Recovery 
Filter is unaffected. 
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OUTPUT Analog output via B & K socket for the 
connection of a receiving medium. Output 
impedance 100 n, with short circuit pro
tection. 

2.1.4 Mode Control Section 

12 

Fig. 2.5 

AFTER TRIGGER 
RECORDING 

OFF-SET 

OVERLOAD 

TRIG'D 

7502 Front Panel, Mode Control Section 

Sets the exact time interval during which 
Recording takes place with respect to the 
receipt of the trigger pulse to the Memory. 

Off-sets the input to the A/D Converter in 
the positive or negative direction by up to 
+ 7.5 V and -7.5 V respectively. "Off" sets 
a zero off-set voltage. A light emitting diode 
indicates when it is on. 

Indicators to show if the maximum input 
levels of the A/D Converter have been 
crossed in positive or negative direction. 

Indicator which lights up when the trigger 
pulse to the Memory has been generated. 
Remains on until the recording has been 
terminated. 



RECORD 

STAND BY 

PLAY BACK 

MEMORY SIZE 

SAMPLING RATE 
DURING RECORD 

POWER 

REPETITION DELAY 

Push button for setting the instrument into 
its "Record" mode. When setting the 7502 
into its "Record" mode, the Memory is 
erased. Hence, to prevent accidental erasure 
of the Memory, the "Record" mode is only 
achieved if the RECORD button is pressed 
while the STAND-BY button is held down. 
An indicator indicates when "Record" mode 
is achieved. 

Push button for setting the instrument into 
its "Stand-by" mode. This is the stable 
mode of the instrument, to which it will 
jump on completion of a Recording or Play 
Back, or on switch ori, unless the AUTO 
MODE push button is depressed. An in
dicator indicates when the instrument is in 
"Stand-by" mode. 

Push button for setting the instrument into 
its "Play Back" mode. Play Back of the 
Memory then proceeds in a manner deter
mined by the settings of the OUTPUT SAM
PLE RATE Selector and the OUTPUT SE
LECTOR. An indicator indicates when the 
instrument is in "Play Back" mode. 

Set of five indicators which show the 
Memory size and the factor by which the 
"Sweep Time per 2 k" must be multiplioo 
to find the total Sweep Time. 

Set of seven indicators which show the 
setting of the INPUT SAMPLE RATE 
Selector during Recording. 

When switched up, the Power is on. On 
switch on, the "Stand-by" indicator will 
come on. Note that switch off erases the 
Memory. 

Allows the period of repetition in a repeated 
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Play Back to be varied in multiples of the 
Sweep Time up to a maximum of nine. 
Note: Should the DELAY LINE push but
ton be depressed during a repetitive Play 
Back, this function will be inhibited. 

2.2 REAR PANEL 

14 

Fig. 2.6 7502 Rear Panel 

VOLTAGE SELECTOR For selection of the appropriate mains volt
age. To turn the switch it is necessary tore
move the central fuse, and then a wide 
bladed screwdriver or a small coin may be 
used. 

POWER SOCKET For connection of the AC supply. 

DIGITAL INPUT Multipin connector for the entry of a digi
tal signal into the Memory of the instrument 
during Record. (See Section 4.8.1 ). 



LEVEL RECORDER 
OUTPUT 

XIV RECORDER 
CONTROL 

DIGITAL OUTPUT 

REMOTE CONTROL 

LEVEL RECORDER 
CONTROL 

Analog output via B & K connector from 
which a Play Back to a Level Recorder is 
normally taken. Only enabled when the 
OUTPUT SELECTOR is set to "Recorder" 
and "Calibration", its output being attenu· 
ated by 6 dB, and off-set by +4.5 V. In all 
other positions of the OUTPUT SELEC
TOR, it is effectively disabled by a bias of 
+15 V. Output impedance, <10 Q. (See 
Section 4.8.4). 

8 pole DIN Connector for the output of 
control signals to an X/Y Recorder for auto
matic control of it during Play Back. Volt
age ramp available from it of approx. 1 VI 
minute. Connector enabled when a Play 
Back proceeds with the OUTPUT SELEC
TOR set to "Recorder" (See Section 4.8.6). 

Multipin connector for the output of a 
Digital Signal from the Memory of the in
strument to a digital receiver during Play 
Back. (See Section 4.8.2). 

Multipin connector for the input of con
trol signals to the instrument when it is be
ing controlled by other equipment, e.g., 
a computer. (See Section 4.8.3). 

7 pole DIN .Connector for the output of 
control signals to a Level Recorder for auto
matic control of it during Play Back. Con
nector enabled when a Play Back proceeds 
with the OUTPUT SELECTOR set to "Re
corder". (See Section 4.8.4). 
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TAPE RECORDER 
CONTROL 

INPUT 

EXT. TRIGGER 

EXT. CLOCK 

OUTPUT 

SYNC. TRIGGER 

TRIGGER OUTPUT 

8 pole DIN Connector for the output of 
control signals to a Magnetic Tape Recorder 
for automatic control of it during Play Back. 
Connector enabled when a Play Back pro
ceeds with the OUTPUT SELECTOR set to 
"Tape Recorder". (See Section 4.8.5). 

BNC connector supplementing the analog 
INPUT, via the B & K socket, on the Front 
Panel. Input impedance 100 kil in parallel 
with 100 pF. 

BNC connector for the input of an external 
trigger signal. Input impedance 100 kil. 
Note that the external trigger signal is under 
the influence of the TRIGGERING LEVEL 
Control. 

BNC connector for the input of an external 
clock, which may be used in place of the in
ternal clock to control the sampling rate 
during Record or Play Back. Input TTL com
patible. 

BNC connector supplementing the analog 
OUTPUT, via the B & K socket, on the 
Front Panel. Output impedance 100 n. 

BNC connector for the output of a syn
chronising pulse (approx. 5 V amplitude, 
30 psec duration) for triggering external 
equipment during an analog Play Back. The 
pulse occurs when the instrument first goes 
into Play Back, and is then repeated after 
the Play Back is completed. If the OUTPUT 
SELECTOR is set to "Repetition", it will 
then be repeated after each Play Back has 
occurred. Output TTL compatible. 

BNC connector for the output of the trig
ger pulse to the Memory, (approx. 5 V am
plitude, 2 psec duration), for triggering 



SAMPLE CLOCK 

further instruments, e.g., another 7502, 
when working in master/slave configuration. 
Output TTL compatible. 

BNC connector for the output of the sample 
clock signal during Record or Play Back, for 
clocking further instruments, e.g., another 
7502 when working in master-slave con
figuration. No output during "Stand-by". 
Output TTL compatible. 
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3. OPERATION 

When using the 7502, it is important to think of it as part of an overall 
system involving other types of instrumentation. Hence, this chapter has been 
written with its operation as part of a system in mind. If first deals with the 
general operation of the 7502, and then goes on to be more specific to the 
different types of system in which it can operate, especially with respect 
to the different output possibilities available. 

3.1 PRELIMINARY ADJUSTMENTS 

Before the instrument is connected to the power supply, the following 
adjustments must be made: 

1. Check that the VOLTAGE SELECTOR is set to the correct mains volt· 
age. If it is not, remove the central fuse, and adjust using a wide bladed 
screwdriver or a small coin. 

2. It is recommended that the instrument is grounded, for the reasons 
given in section 4.12. 

When the above adjustments have been carried out, the instrument may 
be connected to the mains supply, and switched on via the POWER switch. 

3.2 SYSTEM INTERCONNECTIONS 

During the connection of another instrument to any INPUT, OUTPUT or 
control connector of the 7502, the momentary equalisation of ground levels 
can cause false information to be deposited in the Memory. To prevent this 
phenomenon distorting waveforms held in the Memory, gr:ound connections 
should be set up on all signal and control paths to be used during Recording 
and Play Back. Provided that these ground connections are made, and the in
struments connected are switched on before Recording is started, and that 
these are left undisturbed throughout the period in which useful information 
is held in the Memory, the signal and control paths may be disconnected 
and reconnected as desired without introducing this problem. 
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Where only one instrument is to be connected to a particular connector 
in the 7502, adequate ground connection will be made via the screen of the 
signal plug and cable themselves. Provided that the connection is not broken 
while useful information is held in the Memory, no further ground connection 
is required. If, however, the connection is to be broken and remade, or if 
several instruments are to be connected, one at a time, external ground con
nections should be made. The supplementary GROUND connectors on the 
front panel of the 7502 may be used for this, and on the signal paths, a cable 
with an external screen connector, such as cable AO 0013, is most useful. 
If these ground connections are absent, any breaking and remaking of signal 
and control paths while useful information is held in the Memory should be 
avoided. 

Note that the ground connections to the DIGITAL INPUT, DIGITAL 
OUTPUT, X/Y RECORDER CONTROL, TAPE RECORDER CONTROL, 
LEVEL RECORDER CONTROL, and REMOTE CONTROL connectors can 
normally only be made via the pins of the connectors themselves (see Section 
4.8). Hence, under normal circumstances, only one instrument can be con
nected to each of them during the Recording and Play Back of any one signal, 
and the connection should not be broken and remade during this period. 

A similar problem can occur when switching off another instrument in the 
system, due to the switching transients caused by it on the mains supply. 
The 7502 is protected from these by a line noise filter (see Section 4.12). 
However, other instruments in the system may not be protected, and these 
can transmit the transients to the 7502 via their ground connections. This 
can be avoided by ensuring that no instrument in the system is switched off 
while useful information is held in the Memory of the 7502. Alternatively, 
the problem can be much reduced if all the instruments in the system are 
equipped with a line noise filter and are properly grounded. 

3.3 RECORDING OF ANALOG SIGNALS 

When setting up the 7502 to Record analog signals, either of two proce
dures may be followed. The one used will depend on the nature of the event 
which causes the signal which is to be recorded (hereafter referred to as the 
"input signal"). 

The first of the two procedures applies to input signals which occur at a 
reasonably high frequency, or can be generated at will. The 7502 is first set 
up approximately, using the procedure set out in this section. Several trial 
Recordings are then made of the input signal. After each recording, the 
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settings of the 7502 are adjusted, until they are optimised with respect to the 
input signal. During this procedure, the repeated Play Back of a trial Record
ing to an oscilloscope (see Section 3.5) is a highly useful aid. The set up pro
cedure is complete when the Recording conditions are as close to optimum 
as required. (Optimum Recording conditions are defined as those where the 
input signal is recorded in its entirity, using the shortest possible Sweep Time, 
with the maximum possible voltage resolution). 

The above procedure becomes less practical as the frequency of occurance 
of the input signal reduces, or if it can only be generated with difficulty. 
When trial Recordings cannot be made, it is necessary to use the second setting 
up procedure. This requires that certain factors concerning the input signal 
be known. These are, more or less; 

1. The maximum and minimum voltages of the input signal when it appears 
at the Analog INPUT, and where in it they occur. 

2. The duration of the signal. 
3. The maximum frequency of interest in the signal. 
4. The background noise level. 

The 7502 is then set up, using the procedure following, bearing these fac
tors in mind. Obviously, the more accurately they are known, then the closer 
to optimum the Recording conditions may be set. However, it should be 
emphasized that good Recordings will still be made at settings some way from 
optimum, provided that they are such that the input signal is captured in its 
entirity. Thus, set up is still possible if these factors are only known approx
imately. 

In the unlikely event of it being required to Record input signals from 
more than one analog source, involving changes of instrumentation connected 
to an INPUT, the precautions detailed in Section 3.2 should be observed 
when setting up the System Interconnections. They may be omitted, how
ever, if only one source is to be used on an INPUT, provided it is connected 
continuously during operation. Note that all data receivers to be used during 
Play Back should be connected and switched on BEFORE Recording is 
started, observing the precautions detailed in Section 3.2. Attempts to con
nect them after the Recording has been completed may destroy the integrity 
of the Recorded signal. 
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The 7502 is set up to Record analog signals as follows: 

1. Connect the- signal source to either the Analog INPUT on the front 
panel of the 7502, or that on its rear panel. 



2. Set the INPUT MODE Selector to "Analog". Check that the 7502 is 
not in its "Auto" mode, i.e., the AUTO MODE push button is out 
Check also that it is in its "Stand-by" mode, and if it is not, press the 
STAND-BY button. 

3. The maximum and minimum voltages of the input signal, when appear
ing at the input to the A/D Converter, must be within its limits of ope
ration, i.e. +4.96 V to -5.00 V for an accurate conversion to take place, 
since it will interpret any voltage exceeding its positive limit as +4.96 V, 
and any voltage exceeding its negative limit as -5.00 V, up to the limits 
of its protection ±100 V DC. Note that the closer that its input signal 
swings towards its operational limits, the better the resolution of the 
converted signal will be. (See Section 4.4). 

4. Signals whose maximum voltage swing is less than 9.96 V, but whose 
maximum or minimum voltage level exceeds the positive or negative 
operational limit of the A/D Converter may be brought into its range 
by using the OFF-SET, (e.g., a -2 to +6 V signal could be brought 
into range by setting the OFF-SET to -2 V.) 

5. Signals whose maximum voltage swing is greater than 9.92 V should be 
attenuated to less than this value, using the INPUT ATTENUATOR. If 
the maximum and minimum voltages of the input signal are assymme
tric with respect to ground potential, the OFF-SET should be used to 
keep the necessary attenuation to a minimum. (e.g., a 0 V to 90 V sig
nal would require that the INPUT ATTENUATOR be set to 20 dB, 
and the OFF-SET to -4.5 V). Note that the OFF-SET acts after attenu
ation. Where the range of the INPUT ATTENUATOR is insufficient, 
external attenuation should be added. Use of the OFF-SET can assure 
maximum resolution of the converted signal. 

6. Signals whose maximum voltage swing in much less than 9.92 V may re
quire external amplification to obtain the required resolution of the 
converted signal. If the maximum and minimum voltages of the input 
signal are assymmetric with respect to ground potential, the OFF-SET 
should be used to allow maximum amplification, (e.g., a -100 mV to 
+50 mV signal could be amplified by 36 dB if the OFF-SET were set 
to +1.5 V), such that there is maximum resolution of the converted 
signal. 

7. Set the INPUT COUPLING as required. 

8. Set the INPUT SAMPLE RATE Selector to the required sampling fre
quency, taking into account the following factors: 
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a) The Sweep Time set must exceed the duration of the input signal, 
if it is to be recorded in its entirity. 

b) The sampling frequency set must be at least 4 times higher than the 
highest frequency of interest in the input signal. 

Note that if the highest frequency of interest in the input signal is more 
than 1 /4 of the sampling frequency needed, and the absolute highest 
frequency in the Signal is less than 1/2 of this sampling frequency, then 
the entire frequency range of it may be Recorded by depressing the 
FILTER OFF push button, to switch the Antialiasing Filter out. 

9. If an external clock is to be used to set the sampling frequency, set 
the INPUT SAMPLE RATE Selector to "Ext.", and connect the clock 
to the EXT. CLOCK connector on the rear panel of the 7502. Note 
that the same factors as detailed in item 8 must be taken into account 
when using an external -clock, and that it must not be used at sampling 
rates in excess of 100 kS/sec. In the "Ext." position, the 25 kHz Anti
aliasing Filter is connected, and this niay be switched out by depressing 
the FILTER OFF push button. Where the upper frequency limit of 
the input signal is unknown, or is greater than half the sampling fre
quency, external Antialiasing Filters should be connected. The external 
clock pulses should be logic '1' of >o.5 fJ.Sec duration. Note the 
frequency limitations of Section 4.6. 

10. Ensure that the 7502 is not in its "Delay Line" mode, i.e., the DELAY 
LINE push button should be out. 

11. Set the TRIGGERING SOURCE as required. If an external trigger sig
nal is to be used, connect it to the EXT. TRIGGER connector on the 
rear panel of the 7502. If a manual trigger is to be used, items 12 to 14, 
following, in the setting up procedure, may be omitted. 

12. Set the TRIGGER COUPLING to "AC" or "DC" as required. 

13. Set the TRIGGER SLOPE TO "Positive" or "Negative" as required. 

14. Set the TRIGGERING LEVEL as required. When the trigger signal, 
(i.e. the input signal or an external signal, as selected by the TRIG
GERING SOURCE Selector) crosses this trigger level in a positive or 
negative direction, as selected by the TRIGGER SLOPE Selector, the 
trigger pulse to the Memory will be generated. Hence, the level set 
should be high enough to ensure that the possibility of the trigger pulse 
being generated by background noise is excluded, but low enough to 
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ensure that it will always be generated by the trigger signal. Note that 
when triggering off the input signal, the trigger signal is taken after any 
attenuation or off-set has been applied. Hence, the TRIGGERING 
LEVEL must be set with respect to the input to the A/D Converter, 
taking the settings of the INPUT ATTENUATOR and the OFF-SET 
into account, and not with respect to the input signal itself. 

15. Set the AFTER TRIGGER RECORDING as required. The 7502 Re
cords one Sweep of its Memory. The proportion of the Sweep Recorded 
which is after the receipt of the trigger pulse to the Memory is set by the 
AFTER TRIGGER RECORDING. Hence, if it is set to 09, 90% of 
the Sweep Recorded will be the input signal after the trigger pulse 
occurred. Similarly, if it is set to 01, the proportion will be 10%. 
Hence, when triggering internally, the AFTER TRIGGER RECORD
ING should be set with respect how long the input signal takes to 
achieve the trigger level. When triggering externally, it should be set 
with respect to the relationship in the time domain between when the 
input signal occurs, and when the trigger signal generates the trigger 
pulse. When triggering manually, its setting has little meaning, since 
the occurance of the trigger pulse is not precisely controlled. Note that 
if the trigger pulse and the input signal are separated in the time do
main, the 7502 may be set to record up to 9.9 times the Sweep Time 
after the pulse has been received. (e.g., with the AFTER TRIGGER 
RECORDING set to 80, the eighth Sweep after the receipt of the 
trigger pulse will be recorded). Note also that the calibration of the 
AFTER TRIGGER RECORDING is in most cases approximate (See 
Section 4.7). 

16. The 7502 may now be put into its "Record" mode. This is achieved 
by holding the STAND-BY button depressed and then pressing the 
RECORD button. When the "Record" mode indicator comes on, the 
buttons may be released. The instrument will then be in its "Record" 
mode. Note that this action erases the Memory. 

17. If the r.fRIGGER lNG SOURCE Selector is set to "Man.", the 7502 may 
be triggered by pressing the MANUAL TRIGGER button. 

18. If the 7502 is being triggered internally or externally, no further inter
vention is required. The trigger pulse to the Memory will be generated 
when the trigger signal crosses the level set by the TRIGGERING 
LEVEL, in the direction set by the TRIGGER SLOPE. The 7502 will 
then Record that Sweep of the Memory, in relation to the trigger pulse, 
defined by the setting of the AFTER TRIGGER RECORDING. 
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19. When the trigger pulse to the Memory has been generated, the TRIG' D 
indicator will come on. This will remain on until the Recording has been 
completed. On completion of Recording, the 7502 will go into its 
"Stand-by" mode, the "Stand-by" indicator coming on. It will remain 
in this mode until a Play Back is initiated, or until it is returned to its 
"Record" mode. 

20. If during or before the Recording of the input signal, either or both of 
the limits of operation of the A/D Converter are exceeded, the respective 
OVERLOAD indicator will come on, and remain on until the 7502 is 
returned to its "Record" mode, having been in "Stand-by". Note, how
ever, that the overload need not necessarily have been caused by the 
input signal. It could (for exam pie when triggering internally) have been 
caused by a spurious signal which did not satisfy the triggering con
ditions, (e.g. a positive spike when a negative going signal to a negative 
voltage is required for triggering). 

21. When a Recording has yielded all the information required of it, and a 
further Recording is required, the 7502 may be returned to "Record" 
mode, as in item 16. 

3.4 READ-IN OF DIGITAL SIGNALS 

The code used within the Memory of the 7502 is 8 bit Binary, Two's 
Complement. Signals already .encoded in this format may be entered directly 
into the Memory from a suitable 8 channel digital data source. Such signals 
can then be reconstructed into their analog form on Play Back. Note that the 
first word of the digital signal must be a status word (see Section 4.9), which 
has a logic '1' in channel 8, if the Read-in of the signal is to be correct. If 
this word is absent, Read-in will not start until a word has been received 
with a logic '1' in channel 8, this being interpreted as the status word. Words 
preceeding this will be ignored. The 7502 will then interpret the word follow
ing this as the first word of the digital signal and commence Read-in into its 
Memory from this point. Note also that it is desirable that the number of 
words in the signal matches the Memory size of the 7502 in use. This is be
cause once Read-in has started, it will continue until the Memory of the 7502 
is filled. Thus, if the number of words in the signal exceeds the Memory size 
of the 7502, only part of it will be entered. If the Memory size exceeds the 
number of words in the signal, part of it may be filled with spurious infor
mation, unless proper precautions are taken, (e.g. it is ensured that the part 
of the Memory where the signal is absent contains only zeroes). 
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Normally, only one digital data source can be connected to the 7502 at 
any one time. (See Section 3.2). The connection of the source must then be 
maintained throughout operation. Note that all data receivers to be used 
during Play Back must be connected and switched on BEFORE the start of 
Read-in, observing the precautions detailed in Section 3.2. Attempts to 
connect them after Read-in has been completed may destroy the integrity 
of the Recorded signal. 

Digital signals may be Read in to the 7502 as follows: 

1. Check that the 7502 is not in its "Auto" mode (i.e., the AUTO MODE 
push button is out). If it is not already in its "Stand-by" mode, press 
the STAND-BY button and check that the "Stand-by" indicator comes 
on. 

2. Connect the signal source to the DIGITAL INPUT on the rear panel of 
the 7502. Note that unless it is a Tape Reader Type 7102, Interface 
might be necessary. 

3. Set the INPUT MODE Selector to "Digital". 

4. Ensure that the 7502 is not in its "Delay Line" mode, i.e., the DELAY 
Ll N E push button is out. 

5. Since the 7502 will not commence Read-in of a signal until the status 
word is received, the signal source may be set up such that either: 
a) The first word it will transmit to the 7502 will be the status word, or, 
b) The first word it will transmit to the 7502 which has a logic '1' in 

channel 8 will be the status word. 
E.g., if using a Punched Tape Reader as a signal source, it may be set up 
such that the status word is over its Read Head, or such that as it reads 
through the Tape, the first word it comes to with a logic '1' in channel 
8 wi II be the status word. 

6. Since the 7502 Reads digital signals directly into its Memory, the set
tings of the other controls in the Input and Trigger Sections of it are 
immaterial. 

7. Set the 7502 into its "Record" mode by pressing the STAND-BY but
ton and then the RECORD button. When the "Record" indicator comes 
on, release them. The 7502 will then be in its "Record" mode. Note 
that this action erases the Memory. 
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8. The transfer of digital data from the signal source to the 7502 will 
start automatically. (For details of the control signals, see Section 
4.8.1 ). When the status word has been received by the 7502, it will 
commence to Read-in all words following it, until its Memory is full. 
Words previous to the status word will be ignored if none have a logic 
'1' in channel 8. The rate of Read-in will be set by the signal source. 

9. In addition to allowing the 7502 to commence the Read-in of words 
into its Memory, the status word will also set the OVERLOAD and 
SAMPLING RATE DURING RECORD indicators. The exact set
tings will depend on the information contained in the status word. (See 
Section 4.9). 

10. When the Memory of the 7502 is full, the transfer of digital data will 
be automatically stopped, and it will go into its "Stand-by" mode, this 
being shown by the "Stand-by" indicator. It will remain in this mode 
until a Play Back is initiated, or it is returned to its "Record" mode. 

11. When the Recording of the digital signal has yielded all the information 
required of it, a further digital signal may be Read in by following items 
5 to 10 of this section. 

Note that where the Memory of the 7502 is only being used as an external 
storage facility for another instrument, (i.e., all signals Read in digitally will 
also be Read out digitally), the manner in which the signal is coded is imma
terial, provided it is fed to the Memory in a manner compatible with it, i.e., 
in 8 bit binary words. Thus, the Memory could be used to store any word 
length, in any binary code, provided that each word was broken down into 
sections no more than 8 bits long before transmission to the 7502. Note also 
that the Play Back of words held in the Memory will always take place in the 
same sequence as in which they were Read in. Note that if the first word 
transmitted does not contain a logic '1' in channel 8, a dummy word should 
be used previous to it in which the logic '1' in channel 8 appears. 

3.5 ANALOG PLAY BACK OF SIGNALS 

Once a signal (from an analog or digital source) has been recorded on the 
7502, it may be Played Back in an analog form to a variety of data receivers. 
The number of times it may be Played Back is unlimited. The signal will be 
held in the Memory, without change, until such a time that either the instru
ment is returned to its "Record" mode, or is switched off. Both of these 
actions will erase the Memory. 
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If it is required to Play Back a Recorded signal to more than one data 
receiver, involving changes in the instrumentation connected to an OUTPUT, 
the precautions detailed in Section 3.2 should be observed when setting up 
the System Interconnections. The instrumentation connected to the OUTPUT 
may then be changed at will, provided that the required ground connections 
are maintained, a separate Play Back being made for each. Where ·only one 
instrument is to be connected to an OUTPUT, however, they may be omitted, 
provided that the connection is maintained throughout operation of the 7502. 
Note that all data receivers to be used during Play Back should be connected 
and switched on BEFORE the input signal is Recordetl. If any further in
strumentation is connected to any OUTPUT (or INPUT) at this stage, with 
the precautions of Section 3.2 having been ignored, FALSE INFORMATION 
MAY BE DEPOSITED IN THE MEMORY. The above applies equally to con
trol or clock connections required during Play Back, (e.g., sync. trigger to 
an oscilloscope, an external clock, or connection of a control cable to a Tape 
Recorder or Level Recorder such that it is controlled automatically by the 
7502 during a Play Back), which should be made before the input signal is 
Recorded. The analog Play Back of signals from the 7502 is carried out as 
follows: 

1. After having Recorded the input signal, the 7502, provided it is not 
operating in its "Auto" mode, will be in "Stand-by", as indicated by 
the respective indicator. 

2. Where the input signal was recorded from an analog source, the sam
pling frequency used during recording will be shown on the SAMPLING 
RATE DURING RECORD indicators. Likewise, the presence of any 
overload before or during Recording will be shown by the OVER LOAD 
indicators. Where the input signal was recorded from a digital source, 
both these sets of indicators will be set according to the information 
contained in the status word, (see Section 4.9). These indicators will 
be locked in these settings until the 7502 is either switched off or re
turned to its "Record" mo(Je. 

3. Set the OUTPUT SAMPLE RATE Selector as required. It may be set 
independently of the sampling frequency used during Recording. Where 
the OUTPUT SAMPLE RATE Selector is set to a different sampling 
frequency from that used during Recording, all frequencies in the Re
corded input signal will, on Play Back, be multiplied by a factor equal 
to the ratio of the output sample frequency to the input sample frequen
cy. (e.g., if an input signal is recorded at 1 kS/sec, and Played Back at 
50 kS/sec, all frequencies in input signal will, on Play Back, be multi
plied by a factor of 50). This allows a large range of frequency trans
formation on Play Back. 
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4. The Recovery Filter, selected simultaneously by the OUTPUT SAMPLE 
RATE Selector with the sampling frequency, may be bypassed if re
quired, by depressing the FILTER OFF button. 

5. The sampling frequency, selected by the OUTPUT SAMPLE RATE Se
lector, may, if required, be reduced by a factor of 1 000 over that shown 
by the Selector setting, by depressing the OUTPUT RATE/1 000 push 
button. Note, however, that the Recovery Filter is unchanged, i.e., it 
will still cut off at 1/4 of the sampling frequency shown by the OUT
PUT SAMPLE RATE Selector. 

6. If an external clock is to be used to set the sampling frequency, set the 
OUTPUT SAMPLE RATE Selector to "Ext.". Note that the maximum 
rate to which it should be set is 500 kS/sec. In the "Ext." position the 
125 kHz Recovery Filter is connected, which may be switched out by 
depressing the FILTER OFF push button. External Recovery Filters 
may be connected if required. The external clock should be connected 
to the EXT. CLOCK connector on the rear panel of the 7502 BEFORE 
the input signal is Recorded. The external clock pulses should be logic 
'1' of >0.5 J1Sec. duration. Note the frequency limitations of Section 
4.6. 

7. If a repeated Play Back of the Recorded signal is required, set the 
OUTPUT SELECTOR to "Repetition". The repeated Play Back can 
then be taken from the Analog OUTPUT on the front panel of the 
instrument, or that on the rear panel. 

8. The frequency at which the Played Back signal is repeated may be 
varied, in multiples of the Sweep Time, from once every Sweep Time 
to once every ten Sweep Times, via the REPETITION DELAY Se
lector. (Note that the Sweep Time referred to is that set by the 0 UT
PUT SAMPLE RATE SELECTOR, and the OUTPUT RATE/1 OOOpush 
button if depressed). E.g., with the REPETITION DELAY set to 4, 
then the Recorded signal will be Played Back once every 5 Sweep 
Times. 

9. Following each repeated Play Back of the Recorded Signal, a sync. 
pulse (approx. 5 V amplitude, 30 JJ.Sec duration) appears on the SYNC. 
TRIGGER connector on the Rear Panel of the 7502. It also preceeds 
the first repeated Play Back. This may be used to trigger external in
struments, if required. Note that any connections to it should be made 
BEFORE the input signal is Recorded. 



10. If a single Play Back of the Recorded signal is required, set the OUTPUT 
SELECTOR to "Single Sweep". The Play Back can then be taken from 
the Analog OUTPUT on the Front Panel of the 7502, or that on its 
Rear Panel. 

11. If a single Play Back of the Recorded signal to a Tape Recorder with 
automatic control is required, set the OUTPUT SELECTOR to "Tape 
Recorder". The Play Back may then be taken from the Analog OUT
PUT on the Front Panel of the 7502, or that on its Rear Panel. 

12. Automatic control signals to the Tape Recorder from the 7502 are ob
tained from the TAPE RECORDER CONTROL connector on the Rear 
Panel of the instrument. When used, these will: 
a) Start the tape transport of the Tape Recorder. 
b) Sense when the tape speed (preset from the Tape Recorder) has been 

reached, and then Play Back the Recorded signal to the Tape Re
corder. 

c) Stop the tape transport of the Tape Recorder when a single Pl ay 
Back of the Recorded signal has been completed. 

For further details of the control signals generated by the 7502, see 
Section 4.8.5. Note that the control cable should be connected BE
FORE the input signal is Recorded. 

13. If a single Play Back of the Recorded signal to a Level Recorder or an 
X/Y Recorder with automatic control is required, set the OUTPUT 
SELECTOR to "Recorder". The Play Back may then be taken from the 
Analog OUTPUT on the Front Panel of the 7502, or that on its Rear 
Panel. Al~ernatively, it may be taken from the LEVEL RECORDER 
OUTPUT, where the Play Back is attenuated by 6 dB and offset by 
+4.5 V. (Note that during Play Backs with the OUTPUT SELECTOR 
set elsewhere, this connector is disabled by a bias of +15 V). 

14. Automatic control signals to a Level Recorder from the 7502 are ob
tained from the LEVEL RECORDER CONTROL connector on the 
Rear Panel of the instrument. When used, these will: 
a) Lower the pen of the Level Recorder, and start the paper drive. 
b) Play Back the Recorded signal to the Level Recorder. 
c) Raise the pen and stop the paper drive when a single Play Back of 

the Recorded signal is complete. 
For further details of the control signals generated by the 7502, see 
Section 4.8.4. Note that the control cable should be connected BE
FORE the input signal is Recorded. 
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15. Automatic control signals to an X/Y Recorder from the 7502 are ob
tained from the X/Y RECORDER CONTROL connector on the rear 
panel of the instrument. They act similarly to the Level Recorder con
trol signals, except that instead of starting the paper drive, a voltage 
ramp of approximately 1 V /minute is generated. For further details of 
these control signals, see Section 4.8.6. Note that the control cable 
should be connected BEFORE the input signal is Recorded. 

16. When Playing Back to a Level Recorder, or an X/Y Recorder, such 
parameters as the writing speed are preset prior to the Play Back on 
the Recorder. Note that use of the OUTPUT RATE/1 000 push button 
may be required to obtain a Play Back rate which the writing system 
of the Recorder can follow. 

17. All Play Backs from the Analog OUTPUTS of the 7502 are direct 
D/A conversions of the Recorded input signal. Thus, provided that 
there was no overload during Recording, the voltage levels at these 
OUTPUTS will match those which occurred at the input to the A/D 
converter during Recording with a maximum possible positive and ne
gative voltage level of +4.96 Vand -5.00 V respectively. It is this signal 
which is attenuated by 6 dB and offset by +4.5 Vat the LEVEL RE
CORDER OUTPUT. 

18. Prior to the start of a Play Back, or after a Play Back, a calibration 
signal to the data receivers connected to the OUTPUTS may be ob
tained by setting the OUTPUT SELECTOR to "Calibration". This sig
nal is -5 V in the case of the Analog OUTPUTS, and +2 V in the case 
of the LEVEL RECORDER OUTPUT. 

19. Set the OUTPUT SELECTOR as required. If a repeated Play Back is 
being used, set the REPETITION DELAY as required. Play Back may 
now proceed by putting the 7502 into its "Play Back" mode. This is 
achieved by pressing the PLAY BACK push button. The "Play Back" 
indicator will come on. 

20. Play Back will now proceed at a rate determined by the settings of the 
OUTPUT SAMPLE RATE Selector and the OUTPUT RATE/1 000 
push button, in a manner defined by the OUTPUT SELECTOR. If the 
OUTPUT SELECTOR is set to "Single Sweep", "Tape Recorder" or 
"Recorder", then after a single Play Back, the 7502 will automatically 
return to its "Stand-by" mode. A repeated Play Back, however, can 
only be terminated by manually returning the instrument to its "Stand 
-by" mode, by pressing the STAND-BY button. 
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21. During any Play Back, the setting of the OUTPUT SAMPLE RATE Se
lector can be changed as desired. This enables, for instance: expansion 
of the time scale over part of a Play Back to a Level Recorder. Likewise, 
during a repeated Play Back. the REPETITION DELAY can be varied. 

22. If during a Play Back the setting of the OUTPUT SELECTOR is 
changed, the 7502 wH-1 automatically return to its "Stand-by" mode. 
Play Back may then be re-initiated by pressing the PLAY BACK push 
button. 

23. A Play Back of a Recording may be made any number of times at any 
combination of settings of the OUTPUT SAMPLE RATE Selector, the 
OUTPUT SELECTOR, the OUTPUT RATE/1 000 push button, and, 
during a repeated Play Back, the REPETITION DELAY. Thus, separate 
Play Backs may be made to as many data receivers as required (pro
vided that the precautions of Section 3.2 have been observed when 
setting up the System Interconnections), and the Play Back control 
settings (and the settings of the receivers themselves) may be opti
mised for each of them. 

3.6 DIGITAL READ-OUT OF SIGNALS 

Any signal recorded on the 7502, whether from an analog or digital source, 
may be Read out in its digital form to a digital data receiver. This allows a sig
nal to be stored in an external medium, such as punched paper tape, while 
still in its digital format. The signal can then be reconstructed later in its ana
log form, by reading it back into the Memory of the 7502 (see Section 3.4), 
and using an analog Play Back (see Section 3.5), with no loss in dynamic 
range, (see Section 4.5). 

Normally, only one digital data receiver can be connected to the 7502 at 
any one time, (see Section 3.2). This shoutd be connected to the DIGITAL 
OUTPUT on the Rear Panel of the instrument, and switched on, BEFORE the 
input signal is Recorded, and the connection should be maintained through-
out operation of the 7502. Any digital data receiver capable of recording 8 
or more channels of digital information is suitable. Note that analog Play 
Backs of the signal are still possible, either before or after the Digital Read-out 
has taken place. 

The first word transmitted by the 7502 during a digital Read-out is the 
status word. This records the settings of the OVERLOAD and SAMPLING 
RATE DURING RECORD indicators. This word will then set these in-
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dicators in the same pattern when the digital signal is read back in to the 
7502 at a later date. Thereafter, the words comprising the recorded signal are 
Read -out in sequence, in an 8 bit Binary, Two's Complement Code. 

Digital Read-out of Recorded signals from the 7502 may take place as 
follows: 

1. After having Recorded the input signal, the 7502, provided it is not in 
its "Auto" mode (i.e. the AUTO MODE push button is out), will be 
in "Stand-by", as shown by the respective indicator. 

2. Set the OUTPUT SELECTOR to "Digital". Since Read-out takes place 
directly from the Memory, the settings of the other controls normally 
used during Play Back are immaterial. 

3. Set the data receiver as required, e.g., if the signal is to be recorded on 
paper or magnetic tape, run off some blank tape which will act as a 
leader when the signal is read back in to the 7502. Note that unless it 
is a Tape Punch Type 6301, Interface may be required. 

4. Set the 7502 into its "Play Back" mode by pressing the PLAY BACK 
button. The "Play Back" indicator will come on. 

5. The transfer of data from the 7502 to the digital data receiver will 
start automatically, (for details of the control signals, see Section 
4.8.2), at a rate determined by the data receiver. 

6. When the contents of the Memory have been transferred in their en
tirity to the data receiver, the Read-out will be terminated. The 7502 
will then return to its "Stand-by" mode. 

7. A further digital Read-out may be obtained, by repeating items 3, 4 
and 5. 

Since a digital Read-out provides a permanent, reconstructable record of 
the Recorded input signal, it can be desirable that the first Play Back of it 
is a digital Read-out. This is particularly so where the input signal is one which 
can only be generated with difficulty, or is a single event phenomenon with 
a low frequency of occurence. The reconstruction of the input signal will 
then always be possible, should the Memory of the 7502 be erased due to 
unforseen circumstances (e.g., an interruption of the Power Supply, or acci
dental return of the 7502 to its "Record" mode). 
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3.7 AUTOMATIC OPERATION OF THE 7502 

The 7502 can be made to operate automatically, Recording input signals 
from an analog source which are then Played Back to an analog or digital re
ceiver, without human supervision. Operation in this mode isr particularly 
useful when it is desired to monitor a signal for transient phenomena etc., 
or for monitoring of the environment. 

Automatic operation of the 7502 is carried out as follows: 

1. Connect the analog source to either of the Analog INPUTS, and set up 
the required Recording conditions by following the instructions given 
in Section 3.3., items 1 to 15. 

2. If an analog data receiver is to be used, connect its signal cable to the 
desired Analog OUTPUT. Connect the required control cable. Since 
the Play Back is to be automatic, control of the data receiver must be 
automatic also. Thus, analog Play Back with the OUTPUT SELECTOR 
set to "Repetition" or "Single Sweep" is not normally possible when 
the 7502 is operating in its "Auto" mode. 

3. Set up the required Play Back conditions by following the instructions 
given in Section 3:5., up to item 19, and set the controls of the data 
receiver as required. 

4. If a digital data receiver is to be used, connect it to the DIG I TAL OUT
PUT of the 7502, and set up the required Read-out conditions by fol
lowing the instructions given in Section 3.6., up to item 3. 

5. If it is practical to do so, confirm that the instrument settmgs are 
correct by making some trial Recordings, and make any adjustments 
necessary. 

6. Depress the AUTO MODE push button. The 7502 will go into its "Re
cord" mode, and thereafter, operation will be totally automatic. 

7. When the triggering conditions set on the 7502 are satisfied, the input 
signal will be Recorded in a manner set by the settings of the INPUT 
SAMPLE RATE Selector, and the AFTER TRIGGER RECORDING 
Selector. 

8. When the Recording is completed, the 7502 will automatically go di-
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rectly to its "Play Back" mode. Play Back will then occur in a manner 
set by the OUTPUT SAMPLE RATE .Selector and the OUTPUT SE
LECTOR. When the Play Back is completed, the 7502 will return to 
its "Recordu mode, until such a time that the triggering conditions 
are again satisfied, whereby the Record/Play Back cycle will be re
peated. 

Possibly the most useful form of Play Back when the 7502 is operating 
in its "Auto" mode is a digital one to a digital data receiver, since this will 
allow the input signal to be later reconstructed. The same might be said for 
an analog Play Back to a tape recorder. However, when the signal is re-Re
corded on the 7502, there will be a loss in dynamic range, due to the extra 
noise introduced in the analog stages, and the extra A/D conversion stage. 
This is not true of digital signal, which can later be re-Recorded with no loss 
in dynamic range, (see Section 4.5). 

Operation in the "Auto" mode may also be used with digital data sources, 
whereby set-up of the source is as described in Section 4.5. Thus, for instance, 
a large number of digital read-outs, recorded on a continuous tape by a tape 
punch could be re-Recorded, one by one, and Played Back, say, to a Level 
Recorder with no need for human supervision. 

3.8 OPERATION AS A DELAY LINE 

The 7502 may be operated as a delay line, whereby an input signal appears 
continuously at the output, delayed by one Sweep Time relative to the input. 
Operation in this mode is normally only possible with an analog input and 
output. Although theoretically possible with a digital input and output, dif
ficulty with factors such as the synchronization of the input and output sig
nal flow rate make it impractical. 
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Operation of the 7502 as a delay line is as follows: 

1. Set up the Input Section of the 7502 by following the instructions 
given in Section 3.3., items 1 to 7. Note that the same considerations 
with respect to the input to the A/D converter must be taken into 
account as if the input signal was to be Recorded. 

2. Set the INPUT SAMPLE RATE Selector as required, taking into account 
the following factors: 
a) The sampling frequency set must be at least 4 times the highest fre

quency of interest in the input signal. 



b) The delay caused by the 7502 will be equal to the Sweep Time. 
Note that it might be possible to operate with the Antialiasing filters 
switched out. (See Section 3.3., item 8), if the upper frequency limit 
of the input signal is known. 

3. Set the TRIGGERING SOURCE Selector to "Man.". 

4. An external clock may be used if required. See Section 3.3., item 9. 

5. Depress the DELAY LINE push button, and set the 7502 into its "Re
cord" mode. 

6. The delayed input signal will now appear the Analog OUTPUTS. Note 
that the output sampling frequency will be equal to that at the input, 
and that no Recovery filters will be connected. If Recovery Filters are 
required, they should be connected externally. 

3.9 RECORDING FROM AND PLAY BACK TO OTHER B & K INSTRU
MENTS 

Any instructions specific to the Recording from or Play Back to a parti
cular B & K instrument, e.g., the use of special signal or control cables, are 
detailed in this section. Where Recording from or Play Back to a B & K in
strument not mentioned in this section is required, it may be assumed that 
set up is as standard, (i.e., as described in Sections 3.3 to 3.6) unless the in
struction manual for the instrument provides an alternative procedure. 

3.9.1 Digital Read-in from the Tape Reader Type 7102 

Digital Signals, previously punched on 1" tape with a maximum light 
transmission of 40% and in 8 information channels, may be Read directly 
into the Memory of the 7502 by using the Tape Reader Type 7102. Note 
that all data receivers to be used during Play Back should be connected and 

punched tape 
1~! ~::~l·1~~:1 - · -·-- -,:- ~·· 

Digital Event Recorder 7502 
Tape Reader 7102 

572033 

Fig. 3.1 Input from Tape Reader Type 7102 to 7502 
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switched on BEFORE the start of Read-in, observing the precautions de
tailed in Section 3.2. 
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Read-in of digital signals from the 7102 is as follows: 

1. The 7102 can only operate off of a 210 to 250 V AC, 50 to 60 Hz supply 
voltage. Thus, for other voltage supplies, an external transformer should 
be connected. 

2. Connect the OUTPUT of the 7102 to the DIGITAL INPUT of the 
7502, using cable AO 0102. 

3. The 7102 will start up as soon as it is connected to the supply voltage. 
Control of it will then pass to the 7502. 

4. Load the tape on which the signal is punched on to the right hand 
Spool of the 7102. 

5. Lift the Tape Guide Cover on the Read Head of the 7502, and run the 
tape through over the Head but under the Cover from right to left. 
Attach the beginning of the tape to the left hand Sppol of the 7102. 

6. Engage the sprocket holes of the tape with the Sprocket Wheel on the 
7102, at a point such that either the status word (see Sections 3.4, 
4.9) is over the Read Head, or will be the first word with a hole in 
channel 8 which passes over the Read Head as the tape feeds through. 
Secure the tape in this position by lowering the Tape Guide Cover. 

7. Lower the Tension Arms on either side of the Read Head. 

8. If required, the use of the Spools on the 7102 may be omitted, in 
which case the tape should be secured over the Read Head as in item 6, 
such that it reads from right to left. Items 4, 5, and 7 may be omitted. 
However, this is not advised in the case of long tapes, due to the in
creased possibility of damage to them and tangles. 

9. The signal punched on the tape may now be read into the Memory of 
the 7502 by folfowing the instructions given in Section 3.4., at a rate 
set by the 7102, (approx. 16 sec/2 k words). 
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3.9.2 Analog Play Back to the Level Recorder Type 2305 or 2307 

An Analog Play Back to a Level Recorder Type 2305 or 2307, with it con
trolled automatically from the 7502, may be obtained as follows: 

1. Connect the INPUT of the 2305 or 2307 to the LEVEL RECORDER 
OUTPUT of the 7502. 

2. Connect the LEVEL RECORDER CONTROL Socket of the 7502 to 
REMOTE CONTROL Socket on the Level Recorder, using cable 
AO 0027 in the case of the 2305, ;md cable AQ 0035 in the case of the 
2307. 
Note: Make the above connections, and switch the Level Recorder on 
BEFORE the start of Recording on the 7502, observing the precau
tions detailed in Section 3.2. 

3. The signal output from the LEVEL RECORDER OUTPUT is atte
nuated by 6 dB and off-set by +4.5 V. To accommodate this output, 
the Level Recorder should be used with the 10 mV to 35 mV linear 
potentiometer ZR 0001 I with its input attenuated by 46 dB on the 
2305, or by 56 dB on the 2307. The maximum and minimum possible 
voltage loads at the Level Recorder will then correspond to the limits 
of operation of the potentiometer. 

4. Forfurther details of setting up the 2305 or 2307 I refer to the relevant 
Instructions and Applications Manual. The writing speed etc. should be 
set on the Level Recorder, and it should be set to record continuous
ly. 

Fig. 3.2 

Digital Event 
Recorder 7502 

Level Recorder 2305 
or 2307 

572034 

Output from 7502 to Level Recorder Type 2305 or 2307 
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5. Ensure that the Knurled Finger Cam on the Writing System of the Level 
Recorder is set such that the pen can be lowered onto the paper when 
the Play Back is started. 

6. An analog Play Back to the Level Recorder may now be obtained by 
following the instructions given in Section 3.5. The OUTPUT SE
LECTOR should be set to "Recorder". Note that use of the OUTPUT 
RATE/1 000 push button may be required to obtain a Play Back slow 
enough forth~ Level Recorder to follow. 

7. When the Play Back takes place, the starting and stopping of the paper 
drive, and the lowering and lifting of the pen will be controlled automa
tically from the 7502. 

Play Back to a 2305 or a 2307 may take place without the control cable 
connected. Set up is similar to that described here. However, the functions 
which would normally be controlled from the 7502 must now be controlled 
manually. 

3.9.3 Analog Play Back to the Tape Recorder Type 7001 

.... ~·::-~: .... +-----. 
Digital Event 

Recorder 7502 
Tape Recorder 7001 

512035 

Fig. 3.3 Output from 7502 to Tape Hecorder Type 7001 

In order to obtain a Play Back from the 7502 to an automatically con
trolled 7001, it is necessary to make up a special control cable. The wiring 
diagram for it is shown in Fig. 3.4. 

To complete the cable, the 20 pole socket must be wired to a Harting 
09-60-020-2601 Plug, B & K part number JP 2000. Wiring is direct, i.e. 
pin A of the JJ 2000 is wired to pin A of the JP 2000, pin B to pin B, pin C to 
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JP 0802 
8 pole DIN socket 

Fig. 3.4 

JJ 2000 
Harting 09-60-020-2701 socket 

JP 2000 
parallel 

connected 
to JJ 2000 

572039 

Wiring diagram for 7001 control cable 

pin C, etc. The Play Back with automatic control may now be obtained as 
follows: 

1. Remove the Control Box from the main body of the 7001, and discon
nect it from the Remote Control Cable. 

2. Insert the control cable, made up as above, between the Control Box 
and the Remote Control Cable by connecting socket JJ 2000 to the 
Box, and plug JP 2000 to the Cable. 

3. Connectthe8 pole DIN plug JP 0802 to the TAPE RECORDER CON
TROL connector of 7502. 

4. Connect either of the Analog OUTPUTS on the 7502 to the INPUT of 
the 7001 of the track on which it is desired to record the Play Back. 
Note: Make the above connections, and switch the 7001 on, BEFORE 
the start of Recording on the 7502, observing the precautions de
tailed in section 3.2. 

5. For details of setting up the 7001, refer to the 7001 Instructions and 
Applications Manual. 

6. The maximum and minimum possible voltage levels from the Analog 
OUTPUTS of the 7502 (+4.96 V to -5.00 V) exceed those required 
on the 7001 for distortion free recording. Thus, some attenuation may 
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be necessary. Make an Analog Play Back to the 7001, by following 
the instructions given in Section 3.6., with the OUTPUT SELECTOR 
set to "Single Sweep". 

7. Check that the Recording Level Meter for the Channel INPUT being 
used on the 7001 does not rise above 1.4 V. If it does, apply some 
attenuation of the signal using the appropriate INPUT ATTENUATOR 
of the 7001. (Note that a fixed attenuation of 10 dB will normally be 
suitable). 

8. Repeat items 6 and 7 until enough attenuation has been applied. 

9. Set the required Tape Speed using the TAPE SPEED Selector on the 
Control Box of the 7001. Wait until the READY indicator on the 
Control Box comes on. 

10. An analog Play Back to the 7001 may now be made by following the 
instructions given in Section 3.5. The OUTPUT SELECTOR should be 
set to "Recorder". 

11. When the Play Back takes place, the 7502 will automatically control 
the start of the tape drive, the transfer of information, and the stopping 
of the tape drive when the transfer is completed. 

When the control cable is connected, all the functions of the Control Box 
of the 7001, except the selection of Tape Spt:!ed~ are overridden by the 7502. 
Hence, the Fast Forward and Fast Rewind features of the 7001 will be sup
pressed. An Analog Play Back to the 7001 may take place without the Con
trol Cable connected. Set up is similar to that described here. However, the 
functions that would normally be controlled from the 7502 must now be 
controlled manually. 

3.9.4 Analog Play Back to the Tape Recorder Type 7003 or 7004 

Tape Recorder 7003 
or 7004 572031 

Fig. 3.5 Output from 7502 to Tape Recorder Type 7003 or 7004 
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JP 0802 AMPHENOL 
8 pole DIN socket T -3400-001-70-;!8 

572038 

Fig. 3.6 Wiring diagram for 7003 or 7004 control cable 

In order to obtain a Play Back from the 7502 to an automatically con
trolled 7003 or 7004, it is necessary to make up a special control cable. The 
wiring diagram for it is shown in Fig. 3.6. Also, since the 7502 normally 
senses a -24 V Tape Recorder Ready Signal (see Section 4.8.5), and this 
signal on the 7003 and 7004 is -5 V, internal modifications to the 7502 
are necessary. These involve short circuiting resistor R 6 (12 kQ) and diodes 
a 8 and a 9 (IN 4004) and the addition of a 390 Q resistor on board 
ZD 0055, to be found in slot 18 of the 7502 chassis. The positions of these 
components, and the points between which the resistor should be connected 
are indicated in fig. 3.7. 

Fig. 3.7 

08 

Positions of modifications to board ZD 0055 for operation with 
7003or 7004 
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A Play Back with automatic control may now be obtained as follows: 

1. Connect the control cable, made up as above, between the TAPE R E
CORDER CONTROL SOCKET of the 7502 and the REMOTE CON
TROL SOCKET of the 7003 or 7004. 

2. Connect either of the Analog OUTPUTS on the 7502 to the INPUT of 
the 7003 or 7004 of the track on which it i's desired to record the 
Play Back. 
Note: Make the above connections, and switch the 7003 or 7004 on, 
BEFORE the start of Recording on the 7502, observing the precau
tions detailed in Sec-;..; .:;n 3.2. 

3. For details of setting up the 7003 or 7004, refer to the relevant In
structions and Applications Manual. 

4. Check that the output signal from the 7502 will not overload the IN
PUT of the 7003 or 7004, by making a Play Back to it, following the 
instructions given in Section 3.5., with the OUTPUT SELECTOR set 
to "Single Sweep". 

5. Check that the Recording Level Meter on the 7003 or 7004 does not 
indicate an overload. If it does, apply some attenuation using the IN
PUT ATTENUATOR. 

6. Repeat items 4 and 5 until enough attenuation has been applied. 

7. Set the required tape speed on the 7003 or 7004 using the TAPE 
SPEED switch. 

8. An Analog Play Back to the 7003 or 7004 may now be made by 
following the instructions given in Section 3.5. The OUTPUT SE
LECTOR should be set to "Recorder" 

9. When the Play Back takes place, the 7502 will automatically control 
the start of the tape drive, the transfer of information, and the stopping 
of the tape drive when the transfer is complete. 

An Analog Play Back to the 7003 or 7004 may take place without the con
trol cable connected. Set up is similar to that described here. However, the 
functions that would normally be controlled from the 7502 must now be 
controlled manually. 
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3.9.5 Digital Read-out to the Tape Punch Type 6301 

Digital Event 
Recorder 7502 

Fig. 3.8 

punched tape 

Tape Punch 6301 

Output from 7502 to Tape Punch Type 6301 

572032 

A digital Read-out to a if" ape Punch Type 6301, to be punched on one inch 
tape in 8 information channels, may be obtained as follows: 

1. Connect the DIGITAL OUTPUT of the 7502 to the SUPPLEMEN
TARY SOURCE INPUT of the 6301, using cable AO 0084. This con
nection should be made, and the 6301 switched on, BEFORE the start 
of Recording on the 7502. See Section 3.2. 

2. For details of setting up the 6301, refer to the 6301 Instructions and 
Applications Manual. 

3. Run off a short section of leader tape on the 6301 by pressing the 
FEED CONTROL BUTTON on its Punch Mechanism. 

4. Since the tapes punched are likely to be long, (2 k words will fill 
approximately 5 m of punched tape), it is advised that the Tape Hand
ling Mechanism be used. 

5. A digital Read-out to the 6301 may now be made by following the 
instructions given in Section 3.6. The Read-out will be punched at a 
rate set by the 6301 (approx. 32 seconds/2 k words). 

3.10 OPERATION OF THE 75021N MASTER-8LAVE CONFIGURATION 

Fig. 3.9 illustrates the various possibilities for the use of several 7502s 
operating in the master-slave configuration. When operating in this configu
ration, difficulties involving the synchronization of Sweep Times, etc., make 
it necessary that all 7502s used have the same Memory size. All data receivers 
to be used during Play Back should be connected BEFORE Recording is 

43 



Master 

.--
1 
lr--

'' 

ext. clock to slaves 

to read
.--------• out device 

--------,-- ------r 
~-~i~r_!_o~a~l-- ______ 

1
: 

Slave t t Slave f f 

ji cj ·-; .. ;"~'; •Iii ji -j --:~ .. ;"~ ' ~ •Iii Digital Event 
Recorders 

7502 -~~~~-=~~~- -~~~-=~~-~-
___.,. ___ t..__ _______ _._t ----------'t Monitoring of single signal 

: + t t Monitoring of three 
_,;------------------~ independant signals 

172118 

Fig. 3.9 Master-Slave configuration using three 7502s 

started, observing the precautions detailed in Section 3.2. When operating in 
this configuration, these precautions become particularly important, since 
the likelihood of the same data receiver being switched between several 
7502s for various Play Backs is increased. 

3.1 0.1 Operation of the configuration to give increased Sweep Time 

Where the Sweep Time available from one 7502 is insufficient, the Sweep 
Time available may be increased by operating several of them in Master-Slave 
configuration, as follows: 
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1. Connect the signal source to the Analog INPUT on the front or rear 

panel of each 7502 to be used. 

2. Set the INPUT MODE Selector on each 7502 to "Analog", and check 
that they are not in "Auto" mode. Ensure that each is in "Stand-by". 

3. Connect the TRIGGER OUTPUT of the Master 7502 to the EXT. 
TRIGGER on each of the Slaves. 

4. Connect the SAMPLE CLOCK of the Master 7502 to the EXT. CLOCK 
on each of the Slaves. 

5. Set up the Master 7502 for the Recording of analog signals as described 
in Section 3~3, items 1-14. 



6. Set up of the Slaves should be identical with the Master, with the fol
lowing exceptions: 
a) The INPUT SAMPLE RATE and TRIGGERING SOURCE Selectors 

should both be set to "Ext.". 
b) The TRIGGERING LEVEL should be set to approximately +2.5 V, 

and the TRIGGER SLOPE Selector to "Positive". 

7. Set the AFTER TRIGGER RECORDING on each 7502, such that 
there is a difference of one Sweep Time between any two 7502s ad
jacent in the chain, with the highest setting on the Master. Note that 
since the Master supplies the sample clock, it must be the last to go in
to "Stand-by", (e.g., for two slaves, the setting on the first might be 
09, the second 19, and the Master 29). 

8. The Master and Slaves may now be put into "Record" mode by press
ing STAND-BY and then RECORD buttons, and then releasing both. 
The order in which they are put into "Record" mode is immaterial. 

9. When the Master is triggered, the Master and Slaves will Record one by 
one, and go into "Stand-by". The Master will be the last to go into 
"Stand -by". 

10. Play Back may then be made either with the slaves under control of 
the Master, or with them independent of the Master. 

11. For a Play Back under the control of the Master, set it up for an ana
log Play Back, as described in Section 3.5., up to item 18. 

12. Set the OUTPUT SAMPLE RATE Selectors on the Slaves to "Ext.". 
The settings of their OUTPUT SELECTORS and REPETITION DE
LAY Selectors (if a repeated Play Back is to be used) should nor-

mally be identical with the Master. Play Back can still proceed, how
ever, with them set differently. 

13. Set the Slaves and then the Master into "Play Back" by pressing their 
PLAY BACK buttons. The Play Backs will then proceed simultaneous
ly. 

14. For a Play Back with the Slaves independent of the Master, set up each 
7502 in the configuration for an analog Play Back as described in Sec
tion 3.5, up to item 18. The OUTPUT SAMPLE RATE Selectors of 
the Slaves must not be set to "Ext.". 
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15. A Play Back may now be obtained from each 7502 in turn by putting 
it into its "Play Back" mode. 

16. The ideal situation during Play Back is for each 7502 in the configu
ration to have its own set of data receiving instrumentation. Where, 
however, this is not possible, if the precautions of Section 3.2 are 
observed with respect to the set of data receiving instrumentation and 
each 7502 in the configuration, BEFORE Recording is started, then it 
may be connected to each 7502 in turn, as required. 

17. Play Backs with the data receiver under automatic control may still 
take place even if only one of them is available, if the control cable 
is connected to the Master 7502, and Play Backs from the Slaves are 
under control of the Master, as in items 11 to 13 of this Section. If the 
OUTPUT SELECTOR settings and the Memory Sizes of the Master and 
Slaves are identical, the Play Back from each Slave, and the control sig
nals from the Master will be synchronized. Provided that the precautions 
of Section 3.2 have been observed BEFOREthe start of Recording, the 
signal cable to the data receiver may be connected to each 7502 in 
turn, and a Play Back with automatic control made. 

3.1 0.2 Operation of the configuration to give increased dynamic range 

Where the peak voltage levels which will be caused by the input signal 
cannot be forecast with any accuracy, and trial Recordings cannot be made, 
the Master-Slave configuration may be used to allow a wide dynamic range 
to be covered. Operation is as follows: 
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1. Connect the configuration together as described in Section 3.1 0.1, 
items 1 to 4. 

2. Set up the Master 7502 for Recording analog signals as described in 
Section 3.3, items 1 to 15. 

3. The input sensitivities of the Master and Slaves should be staggered, 
such that each covers a different range of input signals. (E.g., if two 
Slaves are being used, and an input signal of between 0 V to 10 V and 
0 V to 40 V is expected, the respective settings of the INPUT ATTE
NUATORS and OFF-SETS might be 0 dB and -5 V, 6 dB and -5 V, 
and 12 dB and -5 V). 

4. If the Master is being triggered internally, it should be the most sen-

.. 



• 

sitive 7502 in the configuration, to ensure that triggering will always 
occur. This does not apply, however, where external triggering is being 
used. 

5. The settings of the other controls on the Slaves should be identical with 
the Master, with the following exceptions: 
a) The INPUT SAMPLE RATE and TRIGGERING SOURCE Selectors 

should be set to "Ext.". 
b) The TRIGGERING LEVEL should be set to approximately +2.5 V, 

and the TRIGGER SLOPE Selector to "Positive". 
Note that when operating in this particular Master-Slave configuration, 
the sampling frequency of the Slaves need not necessarily be the same 
as the Master, in which case, the INPUT SAMPLE RATE and AFTER 
TRIGGER RECORDING SelectorsoftheSiavesmaybe set as required . 

6. Recording and Play Back may now take place as described in Section 
3.10.1, items 13 to 17. 

3.1 0.3 Operation of the configuration to Record Several Input Signals 

The Master-Slave configuration may be used to monitor several indepen
dent signals, where it is required to trigger off only one of them. Operation 
is as follows: 

1. Connect the signal source which is to provide the trigger signal to the 
analog INPUT in the front or rear panel of the Master 7502. 

2. Connect each of the other signal sources to the analog INPUT on the 
front or rear panel of a Slave 7502. 

3. Connect the TRIGGER OUTPUT of the Master 7502 to the EXT. 
TRIGGER on the Slaves. 

4. Set up each 7502 in the configuration with respect to its own particu
lar input signal, as described in Section 3.3, items 1 to 15. Note that 
the TRIGGERING SOURCE and TRIGGER SLOPE Selectors on the 
Slaves should be set' to "Ext." and "Positive" respectively and their 
TRIGGERING LEVELS to approximately +2.5 V. 

5. Recording and Play Back may now take place as described in Section 
3.1 0.1, items 13 to 17. 
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Digital Play Backs may be made in the Master-Slave configuration as well 
as analog ones. However, the precautions of Section 3.2 will normally re
quire that each 7502 in the configuration has its awn digital data receiver. A 
Play Back from each 7502 is then obtained independently of the Master by 
following the instructions given in Section 3.6. 

Note that when Recording in the Master-Slave configuration, with the 
Sampling frequency controlled from the Master, the Slaves will be one sam
ple ahead of the Master. Complete synchronism of the Slaves with the Ma
ster may be obtained by making a small internal modification. Details of 
this modification may be obtained, if required, from your local Bruel and 
Kjcer Agent. 

3.11 USE OF THE REMOTE CONTROL SOCKET 

The 7502 may be operated under remote control, signals to control its 
mode of operation being supplied via the REMOTE CONTROL socket in 
the rear panel of the instrument, e.g., by a computer. Set up of the controls 
for Recording and Play Back in this mode are completely as normal, i.e., as 
described in Sections 3.3 to 3.6. However, the control functions are now 
taken over by signals from the REMOTE CONTROL socket. These might be 
used, e.g., to Record a signal, feed it to a computer in digital form where it 
is operated on by software, feed it back to the 7502, and then make a Play 
Back of the operated on signal. For further details on the control functions 
handled by this socket, see Section 4.8.3. Note that they are overridden when 
the 7502 is in "Auto" mode. 
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4. DESCRIPTION 

It is strongly recommended that where the reader is unfamiliar with Sam
pling Theory, Chapter 6 be read prior to this one. This is because an appre
ciation of certain aspects of this Theory is required if the operation of the 
7502 is to be understood. 

4.1 GENERAL DESCRIPTION 

The block diagram of the 7502 is shown in Fig. 4.1. 

This diagram can be divided into 4 main sections, namely, the Input Sec
tion, the Recording Section, the Output Section, and the Control. A brief 
description of the function of each section follows. Certain parts of each 
section are described in more detail later in this chapter. 

4.1.1 The Input Section 

The Input Section consists of those parts of the 7502 which process an 
analog signal such that it may be entered into the Memory. These are the 
Attenuator, the Low Pass Filter, and the Sample and Hold. To a certain ex
tent, the A/D Converter may be regarded as being a part of the Input Sec
tion also, but this is dealt with in the Recording Section. 

On input, an analog signal is passed directly to the Input Attenuator, where 
the signal level is attenuated according to its setting. Any off-set required is 
also applied, (note that the off-set is not shown as a distinct part of the block 
diagram), and the attenuated and off-set signal is passed to the Low Pass Fil
ter. This Filter, (the Antialiasing Filter) is set such that its -3 dB point is at 
a 1/4 of the sampling frequency of the Sample and Hold, to ensure that 
aliasing distortion is not introduced (See Section 6.1). Under certain circum
stances, it may be bypassed. The final stage of preparation of the signal, such 
that it may be digitised and entered into the Memory, must be to convert it 
from a continuous time varying function to a series of point values in time. 
It is these point values which are then digitised. This is illustrated in Fig. 4.2. 
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A 
Time Varying Function 

A Function for Digitisation 

572047 

Fig. 4.2 A time varying function and a sampled time varying function 

The sampling is carried out by the Sample and Hold circuit, which may be 
regarded as multiplying the time varying function by 1 at points in time 
separated by T r• and by 0 at other times. T r is the reciprocal of the sam
pling frequency. Thus, the output of the Sample and Hold may be regarded 
as being a series of pulses, each pulse height being equal to the amplitude of 
the function at a set point in time defined by the Sampling frequency. (Note 
that the actual operation of a Sample and Hold is, in fact, different to the 
above. However, the model given is sufficient to explain its purpose). 

Ideally, the pulses output from the Sample and Hold should be infinitely 
narrow. Further, the time at which they are taken should be defined with 
infinite accuracy. However, the ideal situation can never exist, and there is 
an uncertainty in the timing of the pulses. This uncertainty is the aperture 
time of the Sample and Hold. Effectively, it means that the pulses output by 
it have a width, equal to the aperture time. 

4.1.2 The Recording Section 

The Recording Section consists of those parts of the 7502 which process 
the digitised signal, namely, the A/D Converter, the Memory Input Selector, 
the Memory, and the D/A Converter. 
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When the 7502 is set to Record an analog signal, the Memory Input Se
lector is set such that the output of the A/D Converter is passed to the Me
mory. The output of the Sample and Hold circuit is passed directly to the 
A/D Converter, where each sample is converted in to an 8 bit Binary Two's 
Complement Coded word. These words are then clocked into the Memory, 
via the Memory Input Selector, at the Sampling frequency. Once in the Me
mory, they shift down it at the same frequency. When they reach the end of 
the Memory, they are normally lost. 

When the Memory is triggered, words from the A/D Converter continue 
to be clocked into the Memory at the same rate. However, they are now 
counted by the Control Section, and when the number ot words set by the 
After Trigger Recording have been entered into the Memory, the Memory In
put Selector is reset such that the contents of the Memory at that time begin 
to rotate around it. It is at this time that the 7502 goes into "Stand~by". The 
words are clocked around the Memory at a rate determined by the Control 
Section. (For further details of this, see Sections 4.6 and 4.7 on the Memory 
and the After Trigger Recording). 

When the 7502 is set to Record a digital signal, the Memory Input Se
lector is set to the Digital Input. The Memory is triggered immediately on 
receipt of the status word, whereupon the number of words entering the 
Memory is counted. When this is equal to the Memory size, the Memory 
Input Selector is reset 1 n the same way as above, such that rotation of the 
Memory contents can begin. 

On Play Back, a digital signal is taken directly from the Memory. In an 
analog Play Back, words from the Memory are passed directly to the D/A 
converter, at the sampling frequency on output. A direct D/A conversion 
of the digital signals from the Memory would be a series of point values in 
time. However, this would produce a very low energy waveform, which would 
be unable to drive the Output Section. In order to increase the energy of the 
output of the D/A converter to an acceptable level, a buffer is used in the 
D/A Converter, prior to the actual conversion circuitry. When a word is 
passed from the Memory to D/A Converter, it enters the buffer, where it is 
held until the arrival of the next word. The output from the buffer is then 
converted back to an analog value by the D/A Converter. Thus, use of the buf
fer means that the output of the D/A Converter will be held continuously at 
the value until the next word arrives, and instead of a series of point values in 
time, a continuous step curve is produced. In this way, the D/A Converter 
acts as a zero order fi Iter (see Section 6.2). 

4.1.3 The Output Section 

The Output Section of the 7502 consists of those parts which process the 
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analog signals before it is output, namely the Low Pass Filter and the Buffer. 

The output of the D/A Converter is a step curve, containing not only the 
original signal as it was before entering the Sample and Hold, but also that 
signal convolved with the fundamental and harmonics of the input sample 
function (see Section 6.1), and filtered by the above mentioned zero order 
filter. 

To obtain the original signal, it is necessary to filter out these extra 
components, this being done by passing it through a Low Pass Filter. This 
Filter, (the Recovery Filter), is set such that its -3 dB point is at a 1/4 of 
the sampling frequency used an output. Its output is a smoothed version of 
the step curve, and it may be bypassed as required. Its output is passed 
through a Buffer, to ensure low output impedance, to the Analog Output. 
Note that although they are shown on the block diagram as separate entities, 
the Antialiasing Filters on the input, and the Recovery Filters on the output 
are a single bank. This bank of filters is switched to the input during Re
cording and to the output during Play Back, where the filter corresponding 
to the sampling frequency in use is selected. 

4.1.4 The Control Section · 

The Control Section consists of all parts of the 7502 which control the 
function of the signal processing parts, namely, the Trigger Control, the Trig
ger Level and Slope, the Input Control, the Input Sample Rate, the Mode 
Control, the Word Counter, the 1 k Rotation Counter, the Clock Generator/ 
Divider, the Output Sample Rate, the Output Control, the Memory Control, 
and the Output Media Selector and Interface. 

The 7502 is basically controlled from the Mode Control. It is this which 
governs the mode in which the 7502 is operating, taking its directives from 
manual, remote, or automatic signals. Depending on the mode of operation, 
it then governs the functioning of the other control units. To some extent, 
it is in itself governed by the Trigger Control and Trigger Level and Slope, 
since it requires a signal from them before it can calculate the Recording 
termination point. 

While the 7502 is in "Record" mode, its Input Section is controlled by the 
Input Control. The clock, which controls the sampling frequency of the Sam
ple and Hold, and hence the rate at which the digitised samples enter the 
Memory, is taken from the Input Sample Rate. This, in turn, is derived from 
the Clock Generator/Divider. When the trigger conditions, as set by the Trig
ger Level and Slope, are satisfied, the Trigger Control transmits a pulse, via 
the Input Control, to the Mode Control. (Note that the internal trigger signal 
is taken before the Low Pass Filter). The Mode Control then sets the Word 
Counter into operation, which counts the ·words entering the Memory, taking 
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this information from the Memorv Control. The number of words which it 
must count is preset by the After Trigger Recording. When the count is com
pleted, if transmits a signal to the Mode Control, which, via the Memory Con
trol, switches the Memory Input Selector. The 7502 then goes into "Stand 
-by". 

While in "Stand-by", the rotation of the Memory is controlled by the 1 k 
Rotation Counter. This again derives its clock frequency from the Clock Ge
nerator/Divider. When the Mode Control receives the Play Back signal, it 
waits until the 1 k Rotation Counter transmits a signal, via the Memory Con
trol, to indicate that the Memory has rotated to its zero position, (i.e., its pos
ition at the transition from "Record" to "Stand-by"). For an analog Play 
Back, the Mode Control then places the Output Section under the control of 
the Output Control, and words are clocked out of the Memory to the D/A 
Converter at a frequency controlled by the Output Sample Rate. This is again 
derived from the Clock Generator/Divider. As the words are clocked out, they 
are counted by the Word Counter, which transmits a signal to the Mode Con
trol when the rotation is complete, i.e., the word count equals the Memory 
Size. Unless the Play Back is repetitive, the Mode Control returns the 7502 
to "Stand-by". Should the 7502 return to "Stand-by" before the rotation is 
complete, although the Play Back ceases, the rotation continues until the 
Word Counter indicates that the zero position has been reached. A digital 
Play Back is similar to the above, except that the words are clocked directly 
out of the Memory at a rate governed by the data receiver. For further de
tails of the Memory control, refer to Section 4.6. 

If the Play Back is to be accompanied by control signals, the Mode Con
trol causes the Output Media Selector and Interface to generate them. Other 
control signals used during Recording and Play Back such as the input and 
output sample rates, the trigger output, and the sync. trigger are generated 
automatically. The Delay Line switch on the Output Control causes the Out
put Section to be activated while the 7502 is in "Record" Mode. Hence, words 
which would normally be lost at the output of the Memory are converted 
back to their analog value by the Output Section, and appear at the Analog 
Output. Note, however, that no Recovery Filters will be connected. 

4.2 FREQUENCY RESPONSE OF SYSTEM 

The frequency response of the 7502 is directly related to the sampling 
frequency being used. The phenomenon of aliasing automatically places an 
upper limit of half the sampling frequency on the useful frequency range 
which may be Recorded. A similar limitation occurs on recovery, which this 
time is due to the roll off of the recovery sampling function in the frequency 
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domain towards its first zero at the sampling frequency {see Section 6.2). 

The full frequency response of the 7502, i.e., up to half the sampling fre
quency {the Nyquist or Folding frequency), can only be used in limited cir
cumstances, these being where the input signal is known to have only very 
low signal levels at above this frequency, such that any aliasing ·distortion 
they will produce will be negligible. However, where the signal levels 
above this frequency are unknown, the input signal must be filtered using 
an Antialiasing Filter, which, due to the fact that it is a non-ideal filter, is set 
such that its -3 dB point is at a quarter of the sampling frequency. Thus, 
the 7502 effectively has two frequency responses, one where the Anti
aliasing Filters are used, and one where they are not . 

Fig. 4.3 

. ---------------------------, 
I I 
I I 
I I 

Level Recorder 
2305 or 2307 

572050 

I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 

...J 

Set up for measuring frequency response of 7502 

The frequency response of the 7502 may be measured by using a set-up 
similar to that shown in Fig. 4.3. When carrying out such measurements, the 
7502 is used in its "Delay Line" mode. In this way a continuous measure
ment may be made, by sweeping a sinusoid through the frequency range of 
interest. The frequency responses obtained with the Antialiasing Filter 
switched in and switched out, for an Input Sample Rate of 50 kS/sec, are 
shown in Fig. 4.4. 

Similar frequency response curves would be obtained at other sampling 
frequencies. 

At low frequencies. the attenuation of the system is effectively zero. This 
is because any attenuation produced through the Memory is much less than 
half the least significant bit, and cannot be resolved by the D I A Converter on 
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Fig. 4.4 Frequency response of 7502 to a Swept Sinusoid, Antialiasing 
Filter in and out 

output. With the Antialiasing Filter in, the response remains flat until the 
roll-off of the Filter begins to take effect. The -3 dB point is at a quarter of 
the sampling frequency ( 12.5 kHz), and by the time that the Folding frequen
cy is reached, a roll-off of approximately 36 dB has occurred. With the Anti
aliasing Filter switched in, the frequency response of the 7502 is nearly that 
of the Filter itself. 

With the Antialiasing Filter switched out, the frequency response of the 
7502 becomes governed by the low pass filter effect of the sampling function 
on recovery (see Section 6.2). Roll-off from 0 dB attenuation begins at ap
proximately the same point as when the Antialiasing Filter is switched in, but 
occurs much more slowly. By the time a quarter of the sampling frequency 
is reached, the attenuation is approximately 1 dB. At the Folding frequency, 
(the highest frequency which can be recorded on the 7502 without aliasing 
distortion), it has increased to approximately 3 to 4 dB. Roll-off then occurs 
more quickly to the first zero at the sampling frequency, and the well known 
(Sin x)/x characteristic of the full low pass filter effect is seen. The -3 dB 
point of this characteristic is at approximately the Folding frequency. Hence, 
it produces no further limitation on the frequency range which can be Re
corded other than that already imposed due to aliasing distortion. 

The frequency response curve in Fig. 4.4 taken with the Antialiasing Fil
ter switched out shows peaks occurring at odd multiples of the folding fre-
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Fig. 4.5 
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Occurance of peaks on the 7502 response due to aliasing 

quency. These peaks are caused by aliasing phenomena, and will be found 
whenever such a curve is taken using a swept Sinusoid. As the Sinusoid is 
sweeping towards the folding frequency, an alias of it· is sweeping back. The 
two are always placed symmetrically about the Folding frequency. Since the 
output of the 7502 is band pass filtered in the 2010 prior to recording on 
the Level Recorder, this and other aliases output by it are rejected. How
ever, as the folding frequency is approached, the alias becomes close enough 
to the sinusoid for filter to pick up both. The two are added, and a peak oc
curs. The maximum size of the peak is +3 dB, at the Folding frequency, 
its width being dependent on the bandwidth of the filter used, and it is 
repeated each time the sinusoid passes through an odd multiple of the Folding 
frequency. This effect is illustrated in Fig. 4.5. 

Note that once a Recording has been made, its frequency content will be 
unaffected. However, since the Recording is only made over a limited period 
of time, the minimum frequency which it will contain will be limited also. 
The lowest frequency which will be contained by the Recording will be that 
corresponding to the reciprocal of the Sweep Time, e.g., for a sweep time of 
20 msec, this will be 50 Hz, although the DC value will still be present. Thus, 
when a recording is Played Back, the DC value of it and all frequencies in it 
from the reciprocal of the Sweep Time up to the limits of the response of the 
7502 will be reproduced. If a frequency transformation is made, then these 
frequencies will be multiplied by the ratio of the sampling rate on Recording 
to the sampling rate on Play Back. 
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4.3 RESPONSE OF FILTERS 

The same filter bank is used in the 7502 both for Antialiasing and Reco
very. It consists of 12 filters, having -3 dB points varying from 25 Hz to 
125 kHz in a 1-2-5 sequence. 10 of the filters are 6-pole Butterworth, the 
exceptions being the 50 kHz and 125 kHz filters, (used for Recovery only), 
which are 2-pole Butterworth. This filter bank is switched to the Input Sec
tion during Record, and to the Output Section during Play Back, and the 
filter corresponding to a quarter of the sampling frequency in use is auto
matically selected. It may only be switched out by depressing the FILTER 
OFF push button. 

When the filters are being used as Antialiasing Filters, it is their response 
which virtually determines the overall frequency response of the 7502 (see 
Section 4.2). The only exception to this is where the nature of the input 
signal is such that Recording may take place with the Antialiasing Filters 
switched out, (i.e., only very low signal levels above the Folding frequency), 
whereby the frequency response is determined by the low pass filter effect 
associated with the output sampling function. Hence, the response of them 
is a highly important characteristic of the 7502. 

The responses of 5 of the filters, when used for Antialiasing, are shown 
in Fig. 4.6. These responses were taken using a similar method to that given 
in Section 4.2. They are the filters used at Input Sample Rates of 5 kS/sec to 
100 kS/sec, and these curves thus correspond to the frequency response of 
the 7502 at these sampling rates. The responses of the filters used at Input 

Fig. 4.6 
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Sample Rates of 100 S/sec to 2 kS/sec are similar to those of Fig. 4.6, and 
may be found by multiplying the frequency scale by the relevant factor, (e.g. 
the response of the filter used at 2 kS/sec, and hence the frequency response 
of the 7502 at thi.s sampling rate, may be found by multiplying the frequen
cy scale by a factor of 10, and following the curve given for 20 kS/sec.). The 
frequency and phase responses of two of the filters, the 125 Hz filter and 
the 12,5 kHz filter, are shown in Figs. 4.7 and 4.8 respectively. 

The requirements of an Antialiasing Filter and a Recovery Filter differ. 
An Antialiasing Filter requires a fast roll-off to ensure that aliasing distortion 
is minimised, since once introduced, this distortion cannot be removed. A 
fast roll-off in a Recovery Filter is not so necessary, since the frequencies 
outside the range of interest are attenuated by the low pass filter effect of the 
output sampling function. Also, the frequencies in the range of interest are 

512052 

Fig. 4.7 Frequency and phase response of 125Hz filter 
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Fig. 4.8 Frequency and phase response of 12.5 kHz filter 

most often investigated by narrow band analysis, frequencies above this range 
being ignored. Hence, a Recovery Filter may have a relaxed specification, and 
where a filter in the 7502 is used for Recovery only, it is only 2-pole. Where it 
is used for Antialiasing and Recovery, 6-pole filters, with their faster roll-off, 
are used. 

When the OUTPUT RATE/1 000 push button is depressed, the Output 
Sample Rate is reduced by a factor of 1 000 with respect to the OUTPUT 
SAMPLE RATE SELECTOR. The Recovery Filter, though, is unaffected, and 
will still correspond to that used for the original Output Sample Rate. If a Re
covery Filter is required, it should thus be connected externally. However, 
this is not always necessary, since the push button is normally used for an 
output to an X/Y or Level Recorder, whereby the writing system acts as its 
own Recovery Filter. 
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4.4 RESOLUTION OF INPUT SIGNAL 

The A/0 Converter of the 7502 takes a sample from the Sample and Hold, 
and converts it into a digital code. The amplitude of the sample can take any 
value within the range of operation of the input to the A/0 converter (if 
overload is not to occur), and can have infinite resolution. The A/D conver
ter, however, can only output a finite number of values. Hence, the encoded 
sample, when it is entered into the Memory, will have a certain resolution 
associated with it. Further, since the A/D Converter operates in a linear scale, 

· the degree of resolution of the sample will be a function of its amplitude. 

The limits of operation of the A/D Converter are +4.96 V and -5.00 V. 
(Positive and negative voltages outside this range will cause overload 

Fig. 4.9 
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to occur, and will be interpreted as the positive and negative limits of 
operation). Its output is an 8-bit binary word, and thus the number of diffe
rent words it can output is 28 = 256. One word will thus represent a voltage 
range of 9.92 V/256, i.e. approximately 39 mV. The code used in Two's 
Complement, (see Section 6.4), and hence +4.96 V will be encoded as 
01111111, +4.92 V as 01111110, etc .. Likewise, -5.00 will be encoded as 
10000000, -4.96 Vas 10000001 etc .. This is illustrated in Fig. 4.9. 

The degree to which a sample, representing the instantaneous voltage at the 
input, will be resolved, can now be calculated. Suppose we have a time varying 
function v(t), which is sampled at a point in time, to give a sample of ampli
tude vinst' where vinst is the instantaneous voltage of V(t). This sample is 
then passed to the A/D converter. Now vinst can take any value with infinite 
resolution, but the A/D converter can only encode certain set quantizing le
vels, which are q 1, q2 , q3 ...... and q0 . If the nearest quantizing level to v inst 
is qi, then vinst will be encoded as qi· If the difference between the levels is 
q, then v inst will be encoded as qi+ 1 if it is greater than qi + q/2, or as qi_ 1 
if it is less than qi - q/2. Thus vinst is resolved to a voltage of q. This is 
illustrated in Fig. 4.1 0. 

The ·resolution of vinst is thus, 

Resolution = 20 log (1 +~ ) 
vinst 

Thus, the greater is v inst with respect to q, the greater its voltage resolution 
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Fig. 4.10 Introduction of quantizing error 
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will be. For the 7502, q is equal to 39 mV, and the maximum positive or 
negative instantaneous voltage may be taken as 5 V. This gives the maximum 
resolution of the 7502 as being approximately 0.1 dB. Thus an instantaneous 
voltage of +5 V or -5 V will be resolved to 0.1 dB. At the other end of the 
scale, however, an instantaneous voltage of +39 mV or -39 mV can only be 
resolved to 6 dB. (" 

The resolution of the 7502 is plotted against instantaneous voltage in 
Fig. 4.11. This curve is most important when setting up the Input Section of 
the 7502, since it shows what the minimum amplitude of the input signal 
must be to achieve a certain resolution, (e.g., for a resolution of 0.4 dB in 
both directions, the input signal must swing between ±0.8 V minimum). Note 
the fast drop off in resolution for signals below 1 V. 
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Fig. 4.11 Resolution of the 7502 

4.5 DYNAMIC RANGE 

5V 

OdB 

The Dynamic Range of the 7502 may be calculated in several different 
ways. The first is to calculate it on the basis of the range between the smallest 
detectable input signal and that which would cause overload to occur. Hence, 

Dynamic Range = 20 log 0.~39 ~ 42 dB 
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However, this calculation does not include the sign bit. It is far more common 
to include the sign bit by taking the total range of the input signal, and express 
this with respect to the quantizing error (see Section 6.3), in order to calcu
late the Dynamic Range. The quantizing error is plus or minus half the least 
significant bit, or 39 mV. Hence, the dynamic range now becomes: 

Dynamic Range = 20 log 0.~~9 ~ 48 dB 

The final method is tb take the RMS value ofthe quantizing error, and relate 
it to the total range of the input signal. This adds an extra 4 dB onto the pre
vious result, giving a Dynamic Range of 52 dB. The second result, i.e., 48 dB, 
is the most commonly accepted. 

The quantizing error is by for the greatest source of noise in the 7502, 
hence its use in the Dynamic Range calculation. Other sources of no•se are 
insignificant beside it. (In order to have any effect on the Recovered signal, 
their sum would have to be greater than half the least significant bit). The 
quantizing error is additive. Hence, if the sampled signal is X(t), and the 
quantizing error is q(t), the digital signal is X(t) + q(t). If the signal is then 
recovered , and redigitised, the digital signal will be X(t) + 2 q(t). Hence, 
each ·· time a signal is passed through the A/D Converter, the noise in it is in
creased by q(t), and the Dynamic Range of the Recording is reduced by 
6dB. 

It is the fact that the quantizing error is additive which makes a digital 
Read-out inherently superior to an analog Play Back when the Recording is 
to be reconstructed on the 7502. When the Recording is originally made, if 
the full range of the A/D Converter is used, its Dynamic Range will be 48 dB. 
It will remain at this value when the Recording is Played Back, whether it is 
digital or analog form. However, when the analog signal is again Recorded on 
the 7502, a further A/D conversion stage is required, and the Dynamic Range 
is reduced by 6 dB. Re-entry of the digital signal avoids this, and hence the 
Dynamic Range of the Recording remains at 48 dB. 

Note that (like the resolution), as the amplitude of the input signal is re
duced, the Dynamic Range of the Recording will reduce with it, since the 
quantizing error is constant. A Recording with the full Dynamic Range of 
48 dB will only be obtained if the full range of the A/D Converter, i.e. 
+4.96 V to -5.00 V, is used. 

4.6 THE MEMORY 

The Memory of the 7502 is made up of dynamic shift registers in the form 
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Fig. 4.12 Block diagram of the Memory 

of L.S.I. Integrated circuits. Each circuit consists of 1 k (= 1024) bit shift re
gisters. 8 of them are used in parallel to provide storage for 1 k words. A 2 k 
word Memory module thus contains 16 of the circuits. 

A block diagram of the Memory is shown in Fig. 4.12. Note that the Me
mory for one bit only is represented. The complete Memory will then con
sist of 8 of these in parallel. It is made up of 1 k modules, each module being 
preceeded by a gate. The Memory for one bit will consist of 2, 4, 6, 8, or 10 
of these modules, depending on its size. Each module has two control inputs, 
SHM- (Shift Memory) to the gate, and a clock input to the register. Before 
the first module is a further gate with one control input, RTM- (Rotate 
Memory). 

The Memory can operate in three different states. These are: 

a) The Waiting state, in which SHM- is logic '1 ', and opens the gates it 
controls such that each 1 k Memory Module rotates in its own loop, 
isolated from the others, at a rate controlled by the clock. RTM- is in 
a don't care state. This state is used when the 7502 is in "Stand-by". 

b) The Rotating State, in which SHM- is logic 0, such that the Memory 
modules are connected in series. RTM- opens the first gate such that 
output of the Memory is connected to the input. The complete Me
mory then rotates at a rate controlled by the clock. This state is used 
when the 7502 is in "Play Back". 

c) The Read-into state, in which SHM- is logic 0, such that the Memory 
modules are connected in series. RTM- opens the first gate such that 
input to the Memory is connected to the A/D Converter or the Digital 
Input, and is isolated from its output. The Memory then continuously 
shifts to the right at a rate controlled by the clock. This state is used 
when the 7502 is in "Record". 
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When the 1 k Memory modules are rotating in their own loops, it is im
portant that the position in the rotation be known, since when a Play Back 
starts, each bit held in the module must be in the same position as it was 
when the Recording was originally made. This is achieved via the 1 k Ro
tation Counter (see Fig. 4.1) which counts the rate at which the bits are 
clocked around the module, and inhibits a Play Back until this position has 
been received. Similarly, the Word Counter counts the rate at which the 
bits are clocked through the Memory on Recording, or around the Memory 
on Play Back. When Recording, on triggering of the Memory, it counts until 
it reaches the figure set by the After Trigger Recording, when the 7502 goes 
into "Stand-by". When Playing Back, it counts the rate at which the words 
are clocked around the Memory, such that if the Play Back is terminated be
fore a rotation is complete, it is continued until the original position is achie
ved, before going to the Waiting State. 

The reason for the rotation of the 1 k Memory modules in the Waiting 
State is that they are dynamic, and must be clocked at a rate of at least 1 kHz, 
if the signal they hold is not to decay. In the Waiting State, these modules are 
clocked at a rate of 15 kHz. If, during a rotation, a Play Back signal is re
ceived, this is increased to 1.5 MHz, until they have rotated back to their 
original position. Note that if during a Play Back, the Play Back is terminated 
before the complete rotation of the Memory, the same 1.5 MHz clock is used 
to complete it before the Memory returns to its Waiting State. 

If during Recording or Play Back, the sampling frequency is less than 
kS/sec, the 1 k Memory modules must again be clocked, for the same rea

sons as above. Hence, during Recording or Play Back, the Memory Control 
senses the rate at which the Memory is clocked. If the time between each 
sample is greater than 930 psec, the Memory is switched to its Waiting State, 
and each 1 k Memory module is rotated at a clock frequency of 15kHz. The 
1 k Rotation Counter counts each clock pulse, and after 1024, (a complete 
rotation), the Memory switches back to its Rotating or Read-into state, de
pending of whether Play Back or Recording is taking place. The state is kept 
for a maximum of 930 psec, and if a sample order has not been received, (i.e. 
an order to transmit or receive a sample), the cycle is repeated. If during the 
rotation, a sample order is received, the clock frequency is changed to 1. 5 
MHz. The rotation counter will then count to 1024 in a maximum of 
1024/1.5 x 106 seconds, i.e. approximately 685 psec. Hence, the new sam
ple cannot be accepted or transmitted until a time interval of not greater 
than approximately 690 psec has elapsed. 

This places certain restrictions on the use of an external sampling clock 
during Recording and Play Back, since if the time, ti, between the clock pul-
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Fig. 4.13 Location of the Memory 

ses ci_ 1 and ci is greater than 930 psec, then the time ti+ 1 , between the 
clock pulses ci and ci+ 1 , must be greater than 690 psec. Thus, external clock 
pulses cannot come at completely arbitrary time intervals. However, it should 
be noted that if the sampling rate is constant, the Memory control. creates no 
limitations on the rate at which Recording or Play Back takes place. 

The Memory of the 7502 may be varied from 2 k to 10 k in modules of 
2 k. Changing the size of the Memory involves the removal of Memory module 
boards ZD 0046, and their replacement with short circuit boards AR 0142 to 
make it smaller, and the opposite to make it larger. The 2 k Memory Modules 
will be located in slots 10 to 13 of the 7502 chassis. Their position is shown 
in Fig. 4.13. Where the maximum size of Memory is not being used, they 
should be loaded from slot 10, short circuit boards being used to fill the va
cant slots, (e.g., for a 6 k Memory, boards ZD 0046 will be in slots 10 and 
11, boards A R 0142 in slots 12 and 13). Note that the first 1 k and the 
last 1 k of the Memory is mounted on boards ZD 0044 and ZD 0045, in 
slots 9 and 14 respectively. Under no circumstances should any attempt be 
made to change the Memory size by removing these boards. 
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4.7 AFTER TRIGGER RECORDING 

The After Trigger Recording on the 7502 sets the exact Sweep Time which 
it will Record with respect to the receipt of the trigger pulse to the Memory. 
It does this by presetting the Word Counter. When the trigger pulse to the 
Memory is received, it counts the clock pulses, and hence the samples taken 
and entered into the Memory in digital form, until the full number of counts 
is reached. It then transmits a signal to the Mode Control (see Fig. 4.1 ), which 
sets the 7502 to "Stand-by". Thus, if the preset count is 0, the 7502 imme-

. diately goes to "Stand-by", and the period Recorded is the Sweep Time im
mediately prior to trigger pulse. If it is equal to the Memory size, the period 
Recorded is the Sweep Time immediately following the trigger pulse. If it is 
equal to twice the Memory size, the period Recorded is the second complete 
Sweep Time to follow the trigger pulse, and so on. 

On the 7502, it is not only possible to preset the word count to multiples 
of the Memory size, but to fractions of the Memory size also. The presetting 
is done via the AFTER TRIGGER RECORDING Selector. For convenience 
when setting the selector, it is graduated in fractions of the Sweep Time, and 
an After Trigger Recording from 0 to 9.9 times the Sweep Time, in steps of 
0.1, can be selected. However, since this operates on a decimal scale, and the 
Memory is divided up on a binary scale, many of the fractional settings are 
only approximate. The number of words which are counted for the fractio
nal settings are given in Table 4.1. 

Memory After Trigger Recording Setting and Word Count 
Size 00 01 02 03 04 05 06 07 08 09 

2k 0 256 384 512 896 1024 1152 1280 1664 1792 
4k 0 512 768 1024 1792 2048 2304 2560 3328 3584 
6k 0 512 1024 1536 2560 3072 3584 4096 5120 5632 
8k 0 1024 1536 2048 3584 4096 4608 5120 6656 7168 

10 k 0 1024 2048 3072 4096 5120 6144 7168 8192 9216 

Table 4.1 Exact After Trigger Recording Settings 

Thus, if on a 7502 with a 6 k Memory, the AFTER TRIGGER RECORD
ING Selector is set to 23, the Word Counter will count 2 x 6 k + 1536 words 
from the occurence of the trigger pulse to the Memory, before signalling 
the Mode Control to set the 7502 into "Stand-by". The exact After Trigger 
Recording in terms of the Sweep Time is 2 + 1536/6144 = 2.25 (not 2.3) 
Sweeps. Hence, the period Recorded will be that between 1.25 times the 
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Fig. 4.14 Variation of time period recorded with After Trigger Recording 

Sweep Time, and 2.25 times the Sweep Time after the trigger pulse to the 
Memory has occurred. 

It is important to note that the AFTER TRIGGER RECORDING Selector 
setting defines the end point of the Recorded time period, with respect to the 
occurence of the trigger pulse, at timet= 0. Its beginning is one Sweep Time 
before this. The time period recorded for various settings of the AFTER 
TRIGGER RECORDING Selector, in terms of the Sweep Time, is illustrated 
in Fig. 4.14. The trigger pulse to the Memory occurs at timet= 0. Note that 
for the sake of clarity, it has been assumed that the fractional settings of the 
AFTER TRIGGER RECORDING Selector are exact. Figs. 4.15 and 4.16 

0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 
Br\lel & Kjaor 

Fig. 4.15 Output for After Trigger Recording of 09 
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0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 
Brllel & Kjaor Brllel & Kjaor 

Fig.4.16 Output for After Trigger Recording of 05 

illustrate the variation of the AFTER TRIGGER RECORDING Selector Set
tings on an actual recording. 

4.8 REAR CONNECTIONS AND TIMING DIAGRAMS 
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The pin arrangement of the various rear connectors is given in Fig. 4.17. 

I ~ij ~~ ~ ?. ? ~ ~ b 3 * 
~ t ~ ~ 
8 8 

Digital Digital Remote 
Input Output Control 

~Q 
Output 

® ' 5 

X/ Y Recorder 
Control 

~ w 
Level Recorder 

Control 

® -5 

Tape Recorder 
Control 

Fig. 4. 17 Pin Identification, rear connectors 



The function of the pins, together with timing diagrams when necessary, are 
given in the following sections. 

4.8.1 Digital Input 

ConnectiontotheDIGITAL INPUTisviaaMcMurdo DA-15S plug, B & K 
part numberJJ 1504. The pin arrangement of the input is given in Fig. 4.17, 
and the pin identification in Table 4.2. 

Pin Number Function 

1 Delay Pulse 
2 Digital Data Ready 
3 Digital Ground 
4 -
5 Recorder Ready 
6 -
7 Read Pulse 
8 Bit 1 Input 
9 Bit 2 Input 

10 Bit 3 Input 
11 Bit 4 Input 
12 Bit 5 Input 
13 Bit 6 Input 
14 Bit 7 Input 
15 Bit 8 Input 

Table 4.2 Pin Identification, DIGITAL INPUT 

The Timing Diagram for this input is given in Fig. 4.18, and the time in
tervals t 1 to t 3 referred to may be found in Table 4.3. 

Delay Time Minimum Value Maximum Value 

t1 - 100 nsec 

t2 - 100 nsec 

t3 0,5 psec 2 f..J.Sec 

Table 4.3 Delay Times at DIGITAL INPUT 
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572057 

Fig. 4. 18 Timing diagram, DIGITAL INPUT 

The sequence is started by the internal Record signal in the 7502 being 
raised from logic '0' to logic '1 '. From this point, the sequence is as follows: 

a) The 7502 transmits a Recorder Ready (logic '1 ') signal to the digital 
data source. The leading edge of this signal causes the source to pre
pare data for transmission. 

b) When the data is ready, the source transmits back a Digital Data Ready 
Signal (logic '1 ').The leading edge of this signal causes the 7502 to be
gin to load the data, whereupon the Recorder Ready Signal drops to 
logic '0'. This causes the data source to drop its Digital Data Ready 
signal to logic '0', after a delay dependent on the source itself. 

c) When the 7502 has loaded the data, it raises its Recorder Ready signal 
to logic '1 '. (Note that this will probably be before the Data source has 
dropped its Digital Data Ready signal). The cycle is then repeated, un
til the Record signal returns to logic '0'. 

Note the presence of the two internal control signals D I 8+ and Load 
Status Buffer. Dl 8+ senses the line of Bit 8, for a logic '1 '.When this is re
ceived, the word containing it is identified as the status word, and the Load 
Status Buffer signal is raised. Until this signal has been raised, although the 
7502 will receive data, it will not be loaded into the Memory. However, as 
soon as a logic '1' has been sensed on channel 8, each word following which 
is received by the 7502 wi II be entered into the Memory, unti I the Record 
signal returns to logic '0'. 
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Two additional control signals are available from the DIGITAL INPUT. 
Tnese are the Read pulse and Delay pulse, which are used to drive the Tape 
Reader Type 7102. The Read pulse is logic '1' of approximately 50 J,lsecs, 
which is used to drive 7102 on to the next character. The Delay pulse is 
approximately 8 msec wide, and slows the read in to a rate that can be 
handled by the 7102. 

4.8.2 Digital Output 

Connection to the DIGITAL OUTPUT is via a McMurdo DA-25 P plug, 
B & K part number JP 2500. The pin arrangement of the output is given in 
Fig. 4.17, and the pin identification in Table 4.4. 

Pin Number Function Pin Number Function 

1 - 14 Busy 
2 - 15 -
3 - 16 Data Ready 
4 Output Bit 2 17 Output Bit 3 
5 - 18 Punch Ready 
6 - 19 -
7 Output Bit 8 20 Output Bit 5 
8 Output Bit 7 21 -
9 - 22 -

10 Output Bit 6 23 -
11 Output Bit 4 24 -
12 Ground 25 Output Bit 1 
13 Ground 

Table 4.4 Pin Identification, DIGITAL OUTPUT 

The Timing Diagram for this output is given in Fig. 4.19, and the delay 
times t 1 to t 3 referred to may be found in Table 4.5. 

Delay Time Minimum Value Maximum Value 

t, - 100 nsec 

t2 0.5 JlSec 2.0 J,lsec 
t3 0.5 J,lsec 1.0 JlSec 

Table 4.5 Delay Times at DIGITAL OUTPUT 
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Busy 

Data Ready 

Punch Ready 
(Data Received) 

------------------------·L 

572060 

Fig. 4.19 Timing diagram, DIGITAL OUTPUT 

The sequence is started by the internal Play Back signal being raised from 
logic '0' to logic '1 '. From there on, the sequence is as follows: 
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a) The Busy signal on the 7502 drops from logic '1' to logic '0'. This causes 
it to fetch the first piece of data from its Memory. (The Busy signal is 
the logical AND of the Play Back and Digital Output signals). 

b) When the first piece of data is ready, the 7502 raises its Data Ready 
signal from logic '0' to logic '1', and transmits it to the data receiver. 
The time between the Busy signal dropping, and this signal being raised 
(t2 ) is known as the "fetch time". 

c) When the data receiver has received the Data Ready signal, it drops its 
Punch Ready signal (also known as Data Received) to logic '0'. The 
time interval is dependent on the data receiver. This causes the 7502 
to drop its Data Ready signal back to logic '0'. 

d) When the data receiver has received the data and is ready to take new 
data, it raises its Punch Ready signal back to logic '1'. This causes the 
7502 to fetch the next piece of data. 

e) When the data is ready, after the fetch time, the 7502 again raises its 
Data Ready signal to logic '1'. 

f) The cycle from (c) through to (e) is now repeated until the Play Back 
signal drops back to logic '0'. 



4.8.3 Remote Control 

Connection to the REMOTE CONTROL · connector is .via a McMurdo 
DA-25 P plug, B & K part number JP 2500. The pin arrangement of the con
nector is given in Fig. 4.17, and the pin identification in Table 4.6. 

Pin Pin 
Number Function Number Function 

1 Status bit 1 14 Remote Record Status 
2 Status bit 2 15 Remote Stand-by Status 
3 Status bit 3 16 -
4 Status bit 4 17 Auto+ 
5 Status bit 5 18 Auto-
6 Status bit 6 19 Digital Ground 
7 Status bit 7 20 Sample Clock 
8 - 21 Ext. Clock 
9 Remote Go Record 22 Ext. Trigger 

10 Remote Go Play Back 23 Trigger Output 
11 Remote Go Stand-by 24 Sync. Trigger 
12 - 25 -
13 Remote Play Back Status 

Table 4.6 Pin Identification, REMOTE CONTROL Connector 

Pins 1 to 7 of the connector hold the same information as the status word, 
(see Section 4.9). Thus, where the 7502 is being controlled from a computer, 
this information may be obtained by sensing these pins. The 7502 is remotely 
put into Record, Play Back, or Stand-by on the receipt of a Remote Go pulse 
(logic '1 ', duration greater than 1 ,usee) on pin 9, 10, or 11 respectively, and 
its status at any time may be obtained by sensing pins 12, 13, and 14. A logic 
'1 'will be found on the particular pin corresponding to its mode at that time, 
(e.g., if it is in "Stand-by", pins 13 and 14 will be a logic '0', and pin 15 at 
logic '1 '). Pins 17 and 18 are for sensing "Auto" mode. If the 7502 is in 
"Auto" mode, pin 17 is at logic '1' and pin 18 at logic '0'. If it is not in 
"Auto" mode, the opposite is true. Note that when the 7502 is operating in 
"Auto" mode, its internal control signals take priority, and it is not possible 
to alter its mode via pins 9, 10, and 11. However, sensing of its mode is still 
possible, and thus, for example, a computer could Read-in the contents of 
the Memory of the 7502 when it senses that "Play Back" mode is present. 
Pins 20 to 24 fulfil the same function as the BNC connectors on the Rear 
Panel of the 7502. 
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There is a certain time delay involved between the 7502 receiving a re
mote Go pulse on pin 9, 10, or 11, and the required mode being achieved. 
The delay is dependent on whether it is operating in an analog or digital man
ner. The delay between the receipt of the respective Remote Go pulse, and 
the 7502 changing from "Stand-by" to analog "Record" or "Play Back", 
as shown by the respective Remote Status pin (13, 14, or 15) being raised to 
logic '1 ',is a maximum of 120 msec (1 00 msec nominal), measured from the 
leading edge of the pulse. The same delay is found when the mode is changed 
in the opposite direction. The delay between the receipt of the respective 
Remote Go pulse, and the 7502 changing from "Stand-by" to digital "Re
cord" or "Play Back" is, however, measured in the same way, only 10 JJ.sec 
maximum. For a change is the opposite direction, the delay is dependent on 
the Memory size of the 7502, bei'ng 40 msec maximum for a 10 k memory, 
and reducing pro rata with the Memory size. 

4.8.4 Level Recorder Control 

Connection to the LEVEL RECORDER CONTROL connector is via a 
7 pole DIN plug, B & K part number JP 0703. The pin arrangement of the 
connector is given in Fig. 4.17, and the pin identification in Table 4.7. 

Pin Number Function 

1 Clutch 
2 -

3 -

4 Pen lift 
5 -
6 +24 v 
7 -

Table 4.7 Pin Identification, LEVEL RECORDER CONTROL 

Note that the following only applies to the Level Recorders Type 2305 
and 2307. Pins 1 and 4 of the connector are internally short circuited. When 
the 7502 goes into "Play Back", with•the OUTPUT SELECTOR set to "Re
corder", a relay is activated in the 7502 which connects pin 6 of the connec
tor to pins 1 and 4. This connects a +24 V supply in the Level Recorder to its 
Clutch and Pen Lift-control circuitry, via the 7502. The pen is lowered and 
the paper drive is started . Half a second after the signal to close the relay, 
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the 7502 begins the Play Back of data. When the Play Back is completed, the 
contact between pin 6 and pins 1 and 4 is broken, the paper drive of the Level 
Recorder is stopped, and the pen is lifted. 

4.8.5 Tape Recorder Control 

Connection to the TAPE RECORDER CONTROL connector is via an 8 
pole DIN plug, B & K part number JP 0802. The pin arrangement of the con
nector is given in Fig. 4.17, and the pin identification in Table 4.8. 

Pin Number Function 

1 Start Tape 
2 Stop Tape 
3 1 /2 sec. Start Tape 
4 Start Tape Common 
5 -
6 -
7 Stop Tape Common 
8 Tape Recorder Ready 

Table 4.8 Pin Identification, TAPE RECORDER CONTROL 

When the 7502 goes into "Play Back", with the OUTPUT SELECTOR set 
to "Tape Recorder", relays are activated which connect pin 3 of the connec
nector to pins 1 and 4. At the same time the 7502 senses pin 8 for the Tape 
Recorder Ready signal (-24 V when not ready, 0 V when ready). Since the 
Tape Recorder is not ready, it should be at -24 V. After a half second delay, 
the contact between pins 1 and 3 is broken. When the correct capstan speed 
of the Tape Recorder has been reached, it is indicated by the Tape Recorder 
raising its Tape Recorder Ready signal to 0 V from -24 V. This is sensed by 
the 7502, which after a delay of 1 second begins the Play Back of the Me
mory. When the Play Back is complete, a further 1 second delay is made by 
the 7502 before it breaks the contact between pins 3 and 4, and connects 
pins 2 and 7. The Tape Recorder then stops. 

4.8.6 X/Y Recorder Control 

Connection to the X/Y RECORDER CONTROL connector is via an 8 
pole DIN plug, B & K part number JP 0802. The pin arrangement of the 
connector is given in Fig. 4.17, and the pin identification in Table 4.9. 
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Pin Number Function 

1 Pen lift 
2 Ground 
3 Pen lift Common 
4 -
5 Analog Ground 
6 -
7 -
8 Ramp 

Table 4.9 Pin Identification, X/Y RECORDER CONTROL 

When the 7502 goes into "Play Back", with the OUTPUT SELECTOR set 
to "Recorder", a relay is activated which connects pins 1 and 3, causing the 
pen of the X/Y recorder to be lowered. After a delay of half a second, the 
Play Back of the Memory is started, and at the same time, a ramp of approx
imately 1 V /min is generated from pin 8. (This ramp is adjustable, see Section 
4.13). The maximum voltage that the Ramp can attain· is approximately 15 V. 
When the Play Back is complete, the Ramp is held at its value at the end of 
the Play Back, and pins 1 and 3 are disconnected, such that the pen is lifted. 
After a delay of half a second, the Ramp returns to zero. 

Note that the above control signals depend on the X/Y Recorder requiring 
a short circuit for the pen to be lowered. Where an open circuit is required, a 
modification can be made which reverses this function. Details of this modi
fication may be obtained, if required, from your local Agent. 

4.9 THE STATUS WORD 

When a digital Read-out is made from the 7502, the first word which is 
output is the status word. When a signal, previously Read out digitally, is Read 
back into the 7502 via the DIGITAL INPUT, the status word performs two 
functions. First, it tells the 7502 to commence entry of the information be
ing transmitted into its Memory (see Section 4.8.1). Second, it sets the indi
cators on the 7502 in the same formation as they were when the signal was 
recorded. Hence, the status word performs an important function. 

The formation of the status word is given in Fig. 4.20. Bit 8 is always a lo
gic '1 '. Bit 7 is used to indicate whether the OFF-SET was used during Re
cording, being logic '1' if this was so. Bits 5 and 6 are used to indicate 
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Fig. 4.20 Formation of the status word 

whether the overload indicators were set during Recording. Bits 5 and 6 are 
a logic '1' for a positive and negative overload respectively. Bits 1 to 4 indi
cate the Sampling Rate during Record. When the status word is fed back into 
the 7502, the indicators will be set in the same formation as indicated by it, 
and hence in the same formation as when the signal was originally Recorded. 
(Note the exception to this is the OFF-SET indicator, which will not come 
on, irrespective of the setting of bit 7). 

In the absence of a status word, the 7502 will identify the first word it re
ceives with a logic '1' in channel 8 as being that word, and will commence to 
Read into its Memory all words following it. All words previous to this which 
are transmitted will be ignored. Hence, where a digital signal is being entered 
into the 7502, which was not previously Recorded on it and Read out in digi
tal form (e.g., where the 7502 is being used as a function generator, the 
function having previously been composed in digital form using a computer), 
it is most important that the first word of the signal has a logic '1' in chan
nel 8, such that the Read-in will start from the correct place, this word being 
identified as the status word. 

4.10 FREQUENCY TRANSFORMATION 

If aliasing distortion is to be avoided, a time varying function A(t) must 
contain no frequency component at greater than f 5 /2, if it is being sampled 
at f5 • If A(t) is limited to this bandwidth, then the result of Section 6.5 shows 
that all its frequency components will be completely characterised. However, 

79 



the question now arises as to what will happen to the frequency components 
of A(t) if recovery takes place at a different sampling rate to f5 • 

The above question may be answered by considering the process of reco
very. A suitable model for considering this is when the samples are passed 
through an ideal low pass filter whose upper limiting frequency is f/2. Each 
sample will then be weighted by a (Sin x)/x function. Since the upper limit
ing frequency of the filter is f

5
/2, this function will be zero at all other samp

ling points. The total effect is that the samples, weighted by the (Sin x)/x 
function, add to produce the original time varying function. This is illustrated 
in Fig. 4.21. 

To reconstruct the time varying signal, the samples must be applied to the 
low pass filter at the same rate as which they were taken originally. If, how
ever, they are applied at a different rate, then the function will be multiplied 
in the time domain by the ratio of this rate to the rate at which they were ori-

T ime Varying Funct ion 

Ahl~ 

Sampled Function 
A(t} 

I 
Recovered Function 

A(t} 

572053 

Fig. 4.21 Recovery through a low pass filter 
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ginally taken. As a natural consequence of this, the frequency components 
in the frequency domain will be multiplied by the same ratio. Thus, if a Re
corded signal is Played Back at a different rate to that used when it was re
corded, all frequencies in it will be multiplied by the ratio of the output 
sampling rate to the input sampling rate. 

4.11 REPETITION DELAY 

When a repetitive Play Back is made, its repetition frequency may be al
tered via the REPETITION DE LAY Selector. When the Play Back takes 
place, the Memory rotates at a rate set by the OUTPUT SAMPLE RATE Se
lector. Depending on the setting of the REPETITION DELAY Selector, 
output from some of these rotations will be inhibited. If it is set to 1, every 
second Play Back output will be inhibited. If it is set to 2, every second and 
third will be inhibited, and so on. 

The use of the REPETITION DELAY affects the occurence of the Sync. 
trigger pulses. Normally, a sync. trigger pulse will occur at the start of the 
first rotation of the Memory, and following each rotation. However, where 
the REPETITION DELAY inhibits a rotation from giving a Play Back, the 
sync. trigger pulse is inhibited also. This is illustrated, for a REPETITION 
DELAY setting of 2, in Fig. 4.22. The time scale is in terms of the Sweep 

j 5 

Play Back 

Sync. Pulses 

6 

(Sweep Times) 
572066 

Fig. 4.22 Occurance of sync. pulses during a repeated Play Back 
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Time, the Play Back beginning at time t = 0, and an output occurs at the 
first Sweep Time and then on every third one. 

4.12 LINE NOISE FILTER 

The 7502 is equipped with a Line Noise filter on its supply input, in order 
to minimize the effects on its operation of mains spikes, etc. The form of the 
filter is shown in Fig. 4.23. 

If the filter is to be effective against common mode noise, as well as other 
forms of noise to be found on the ·mains supply, it is important that the cen
tral point between the two capacitors be effectively grounded, with respect to 
the mains. This ground should be taken from the POWER SOCKET, and not 
from the supplementary GROUND connectors, since these are connected to 
the signal ground of the 7502, which floats with respect to the case. The 
correct pin to use is the round one placed centrally below the two rectangu
lar pins on the POWER SOCKET. 

Mo~~~-L.....__~~~---,u~:.,~, 
Supply ---r-I ..L ..L

7 

~~-----~~-----------

572062 

Fig. 4.23 Schematic of the Line Noise filter 

The use of the Line Noise filter means that the case of the 7502 can float 
at up to half the supply voltage. However, any leakage current which can pass 
via the case to ground in less than 200 pA. This is well within the IEC draft 
safety standard for Data Processing equipment of 3.5 rnA maximum ground 
leakage current, when not in a fixed installation. 

4.13 ADJUSTMENT OF RAMP VOLTAGE 

The Ramp generator, used to provide the voltage ramp during a Play Back 
to a X/Y Recorder, is normally set to approximately 1 V /min. It can, how
ever, be adjusted within a range of approximately ±0.5 V. 
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Ramp Adjustment 
Potentiometer 

Fig. 4.24 Position of potentiometer for voltage ramp adjustment 

The Ramp Generator is to be found on board ZD 0055, which is located 
in slot 18 of the 7502. The speed of the ramp it generates is adjusted by re
moving the board and resetting the potentiometer indicated in Fig. 4.24. In 
its central position, the ramp generated is approximately 1 V /min. In its ful
ly clockwise and fully anticlockwise positions, the ramps generated are 
approximately 1.5 V /min and 0.5 V /min respectively . The maximum volt
age that can be generated by the Ramp Generator is approximately 15 V, 
and care should be taken to ensure that during a long Play Back, a ramp 
voltage of greater than this value is not required. For example, a Play Back 
from a 2 k Memory at 1 S/sec (obtained by setting the OUTPUT SAMPLE 
RATE Selector to 1 kS/sec, and depressing the OUTPUT RATE/1 000 push 
button), would take approximately 34 minutes, and if set to 1 V /min, the 
Ramp Generator would cease to function after approximately 15 minutes. 
However, 10 S/sec is suitable for most X/Y Recorders. 

4.14 RACK MOUNTING 

The 7502 may be mounted in a standard 19" rack by attaching two Rack 
Mounting Flanges Type KS 0024. These are attached as follows: 

a) On the lower edge of the Rear Panel will be found two screws which re
tain the underside cover of the cabinet. Remove these screws, and slide 
the cover out approximately 5 em. 
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Rack Mounting 
Points 

Fig. 4.25 Location of points for attachment of Rack Mounting Flanges 
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b) At the front of the lower edge of each side of the 7502 will be found a 
piece of plastic beading. These may now be unclipped and removed. 

c) The plastic covers held by the beading will now slide out downwards 
to reveal the points to which the Rack Mounting Flanges should be 
attached, as shown in Fig. 4.25. 

d) Screw the flanges on. The 7502 may now be mounted in a standard 
19" rack. 



5. APPENDIX 1. FREQUENCY AND 
TIME TRANSFORMATION 

It is demonstrated in Section 4.10 that if a signal is originally sampled at 
a rate A, and is then recovered at a rate B, the signal on output will be trans
formed by the ratio A/B in the time domain, and B/A in the frequency do
main. Since the 7502 has a wide range of input and output sample rates 
which are independently selectable, it is capable of making such transfor
mations over a very wide range. Some examples of the use of this capability 
follow. 

5.1 FREQUENCY TRANSFORMATION IN FREQUENCY ANALYSIS 

The 7502 is capable of making frequency transformations of up to 5 000 
upwards, and 200 000 downwards. The range of upward frequency transfor
mation can be of great advantage when making a frequency analysis on a Re
corded signal. By making such a transformation, the analysis may be per
formed faster, since the bandwidth of the analyzing filter may be increased 
without increasing the statistical error. 

If the analysis error is constant, the time, T a• that a complete frequency 
analysis will take can be expressed as follows: 

where f is the maximum frequency of analysis, and B is the bandwidth of 
the analyzing filter. Thus, if, for instance, a frequency transformation of 10 
is made, f is increased by the same factor. It then becomes possible to in
crease B by a factor of 10, still keeping the same relative resolution. T a• how
ever, wi II have been reduced by a factor of 1 0. 

A further reason for making an upward frequency transformation is that 
a high repetition frequency allows wider filters to be used in the analyzer. If 
it is to be possible to discriminate between the single lines in the spectrum, the 
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172078 

Fig. 5.1 Set-up for Recording and analysis of short duration acoustic sig
nals 

bandwidth of the analyzing filter must be less than the frequency diffe
rence between the lines. This difference is equal to the repetition frequency, 
and thus, for instance. if this is equal to 50 Hz, then taking into account the 
roll-off of a non-ideal filter, an analyzing filter of 10 Hz bandwidth would 
be suitable. 

A set-up suitable for the capture and analysis of short duration acoustic 
signals is shown in Fig. 5.1. By using a vibration transducer and a preampli
fier instead of a microphone, the same set-up would be equally suitable for 
mechanical investigations. By using this set-up, output sample rates of up to 
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the maximum available on the 7502 may be used, since its upper limiting 
frequency at the highest, 125 kHz, is well within the maximum frequency 
that the 2010 can analyze, 200 kHz. 

Fig. 5.2 shows a frequency analysis of a 500 Hz acoustic impulse. The 
impulse, the output of a 500 Hz acoustic resonator, was originally Recorded 
at an input sample rate of 20 kS/sec. A repeated Play Back was then made at 
500 kS/sec to the 2010, giving a frequency transformation of 25. The analy
sis was carried out using the 10 Hz bandwidth filter of the 2010, the final 
output being recorded on the 2305. The occurance of the fundamental at 
500 Hz is clearly seen. Note that the repetition frequency, and hence the 
frequency difference between the lines, can be varied using the REPETITION 
DELAY Selector. 

5.2 ANALYSIS OF LOW FREQUENCY VIBRATIONS 

If a force transducer and a Preamplifier Type 2628 is used as the input to 
the 7502, the set up of Fig. 5.1 becomes ideal for the capture and analysis of 
low frequency vibration signals in the region below 1 Hz, e.g., seismic distur
bances. The minimum frequency which can successfully be captured and ana
lyzed is limited by the Memory size of the 7502, rather than the range of fre
quency transformation. The minimum input sample rate selectable on the 
7502 is 100 S/sec, which, with a Memory size of 10 k, gives a Sweep Time of 
100 seconds. Thus, apart from the DC value, the lower limiting frequency of 
the Recorded signal will be 0.01 Hz, A frequency transformation of 200 W'iH 
be sufficient to bring this into the range of analysis of the 2010, C? Hz to 
200 kHz), while the maximum available is 5,000. (For the frequency trans
formation range to become the limiting factor, a Sweep Time of 2,500 se
conds would be required, which at 100 S/sec would need 25 7502s operated 
in Master-Slave configuration). Freque.ncies lower than 0.01 Hz can be cap
tured and analyzed by the set-up, if the input sample rate of the 7502 is con
trolled by an external clock at a frequency of less than 100 S/sec. Note that 
external Antialiasing Filters will normally be required, and that the maxim urn 
range of frequency transformation will be increased. (E.g., with an external 
clock set to 50 S/sec, the maximum frequency transformation will be 
50 S : 500 kS, i.e. 1 0,000). 

5.3 TIME EXPANSION 

In addition to the wide range of frequency transformation, the 7502 can 
be used to give an equally wide range of time transformation. The use of this 
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to slow down a signal is particularlv useful when it is required to record a 
fast varying function on a slow receiving medium, such as an XIY or Level Re
corder. The fast varying function may be Recorded at a high input sample 
rate, and then Played Back at a low output sample rate which the writing sy
stem of the X/Y or Level Recorder can follow. 

Fig. 5.3 Direct recording of acoustic impulse 

An example of the use of time expansion is given in Fig. 5.3. This shows 
the output of the same acoustic resonator used to give Fig. 5.2, recorded in 
the time domain. The set-up to achieve this was identical to that in Fig. 5.1, 
except that the 2010 was omitted, the output of the 7502 being taken di
rectly (from the LEVEL RECORDER OUTPUT) to the 2305. The length of 
the acoustic impulse (untransformed) in the time domain was approximate-

Fig. 5.4 Direct recording of acoustic impulse with time base expansion 
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ly 180 msec, and thus an input sample rate of 50 kS/sec was used to give a 
200 msec Sweep Time. It was then Played Back to the 2305 at an output 
sample rate of 100 S/sec, giving a time expansion of 500. At this rate, the 
writing system of the 2305 can easily follow the variations in signal level. 

During a Play Back such as that illustrated in Fig. 5.3, it is possible to ex
pand the time base, such that part of the signal may be examined in more de
tail, by reducing the output sample rate during the Play Back. This is illu
strated in Fig. 5.4, where the same signal as in Fig. 5.3 has been Played Back, 
but over part of it, the output sample rate has been slowed to 20 S/sec, in
creasing the time expansion to 2,500. The 500 Hz fundamental can then 
clearly be seen. 

89 



6. APPENDIX 2. SAMPLING THEORY 

In order to understand the operation of the 7502, it is necessary that 
some introduction to certain theoretical aspects of Sampling Theory, on 
which its operation depends, be made. An appreciation of these aspects 
will not only act as a considerable aid in understanding operation of the 7502, 
but will also enable it to be used to the limits of its operation. The aspects 
covered are the sampling of a signal and the phenomenon of aliasing, there
covery of it from the sampled signal, quantising, the Two's Complement code, 
and the Sampling Theorem. 

6.1 SAMPLING 

When sampling takes place, a time varying function, A(t), is multiplied by 
a sampling function, S(t), to obtain the sampled function X(t). The frequen
cy content of X(t) is of particular interest, and to find this, we take the 
Fourier transform of X(t), X(f). 

Now, X(t) = A(t). S(t) 

X(f) = _j A(t). S(t) exp (-jwt) dt 

If we define the sampling function, S(t), as being periodic, with a fundamen
tal frequency of w0 , it can be represented by its Fourier Series, where S;; are 
the Fourier coefficients. 

00 

S(t) = ~ Snexp (jnw0 t) 
A=-oo 

X(f) = 100 

A(t) ~ Sn exp [-j(w- nw0 )t}dt 
n= _.,., 

00 

= ~ Sn 1 A(t) exp [ -j(w- nw0 )t] dt 
n=-oo 

( 1) 

Now, the Fourier Transform of A(t), A(f), can be expressed as: 

00 

A(f) = J A(t) exp (-jwt) dt 
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Fig. 6.1 Time varying function, sampling function, and sampled function 

Thus, the second term of (1) is simply A(f) shifted by nw0 , or nf0 . 

Denoting this term as A(f- nf0 ), 

00 

X(f) = ~ Sn A (f- nf0 ) (2) 
n=--

This equation states that in the sampled function, the frequency content of 
the function being sampled, A(t), will be convolved, or folded about the DC 
value, the fundamental frequency, and each harmonic of the sampling func
tion. 

A real sampling function may be regarded as a train of pulses of unit heig:ht 
and width T, with a repetition timeT r· When a pulse is absent, the sampling 
function is zero. The sampling function, S(t), the function being sampled, 
A(t), and the resulting sampled function, S(t). A(t), are illustrated in Fig. 6.1. 
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The Fourier series, S(f), for the sampling function may be expressed as: 

This is the standard result obtained when the Fourier integral is performed on 
a rectangular pulse train. It consists of a DC component, and a line spectrum 
symmetrical about DC, the lines occurring at multiples of 1/Tr. Their ampli
tude is determined by the (Sin x)/x function, where x is equal to (mrT)/Tr. 

S(f) for 4 T = T r, for positive frequencies only, is shown in Fig. 6.2. Note 
the appearence of zeros at multiples of 1 /T. 

S(f) 

-Jl--
T 

172315 

Fig. 6.2 Frequency spectrum of sampling function where 4 T = Tr 

For the 7502, T may be taken as being the aperture time of the sample and 
Hold circuit, i.e., <50 nsec, while 1 /T r is the sampling frequency, fs. Since the 
maximum sampling frequency available on the 7502 is 100 kS/sec, the spec
trum of its sampling function will contain many lines before its first zero 
appears at >20 MHz. For this reason, it may be assumed that the first few 
lines of this sampling spectrum will be of the same amplitude as the DC com
ponent. It now becomes possible to illustrate graphically equation (2). This 
is done, for positive frequencies only, in Fig. 6.3. 

Thus, the sampled spectrum, X(f), contains not only A(f), but also A(f) 
convolved ahout the fundamental frequency and harmonics of S(f). It is this 
effect that leads to the phenomenon of aliasing. 

In Fig. 6.3, the original spectrum and convolved spectra are distinct from 
one another. This is because the bandwidth of A(f), B, is less than half of 
the sampling frequency f 5 • Consider now the situation of this were not so. 
This is illustrated in Fig. 6.4. 

The convolution of A(f) about the first harmonic now overlaps A(f) itself. 
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Fig. 6.3 
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Frequency spectrum of time varying function, sampling function, 
and sampled function 

This will introduce extra frequency components not present in A(f), these 
being known as aliases of A(f). These aliases will remain in A(f) when it is re
covered from the sampled spectrum. Hence, they will distort the original sig
nal. The phenomenon of aliasing can only be avoided if the bandwidth of 
A(f) is limited to half the sampling frequency. This is stated by the Sampling 
Theorem, which says that when sampling, the sampling frequency must be 
at least twice the highest frequency in the function being sampled. Half the 
sampling frequency is then defined as the Nyquist or Folding frequency. 

When an unknown signal is being sampled, the phenomenon of aliasing 
must be combatted by using a pre-sampling or Antialiasing filter before the 
sampling takes place, which cuts off at half the sampling frequency. How
ever, this would require an ideal filter. With practical filters, the cut off fre
quency must be of the order of a quarter of the sampling frequency. This 
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Fig. 6.4 The phenomenon of aliasing 

will then give 1.5 octaves for the filter to roll off before a frequency which 
could cause aliasing in the. range of interest (0.75 f5 ) is reached. 

If the signal being sampled is known to have only low signal levels at fre
quencies above the Folding frequency, the use of an Antialiasing filter may be 
omitted. This enables double the frequency range to be Recorded at a set 
sampling frequency. 

6.2 RECOVERY 

After sampling, the sampled signal A(t). S(t) is digitised by passing it 
through an A/D Converter. Recovery is made by passing the digitised signal 
through a D/A Converter. The recovered signal R (t) is compared, in the time 
domain with the original signal A(t) and the sampled signal A(t). S(t) in Fig. 
6.5. 

The digital values from the Memory may be regarded as impulses floating 
into the D/A converter. The D/A converter operates as if it were a filter 
whose response H0 (t) to a unit impulse is: 

H0 (t) -{ 1 O<t<Tt 
0 everywhere else 

A filter with such a response is known as being zero order, and its transfer 

94 



S(t) . A(t) 

II II 

R(t) 

572041 

Fig. 6.5 Time varying function, sampled function, and recovered function 

characteristic is the Fourier Transform of H0 (t), H0 (f) 

T.sin 1T f Tt 

1T f Tt 

The first zero point in this characteristic is at 1 ITt. 

Hence, it is seen that Recovery acts similarly to a low pass filter, and that 
the frequency content of R (t) is the frequency content of A(t). S(t) after it 
has been passed through this low pass filter. Its effect on A(f), the frequency 
range of interest, is dependent on the size of Tt. From Fig. 6.5, it can be seen 
that Tt is equal toT r' and hence the first zero will appear at the sampling fre
quency f

5
• Thus, higher frequencies in A(f) can be attenuated. (Note that a 

similar low pass filter effect occurs during sampling. However, the first zero 
corresponds with the first zero of S(f), which is so much higher than the 
highest frequencies in A(f) that its effect is entirely negligible). 
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It will be remembered that when discussing sampling, to prevent the phe
nomenon of aliasing causing distortion, it was necessary to limit the highest 
frequency in A(f) to below the Folding frequency. This was done by passing 
it through an Antialiasing filter prior to sampling, which due to the fact that 
it was non-ideal, cut off at f5 /4. Thus, if this filter was used when A(t) was 
originally sampled, the maximum frequency of interest in R(t) will be f

5
/4. 

At this frequency, the (Sin x)/x characteristic of H0 (f) attenuates by approx
imately 1 dB. Hence, in this situation, the low pass filter effect on the upper 
frequency content of R (t) will be minimal. 

Since the only part of R (t) which is of interest is that up to f
5
/4, it is 

possible to filter out those components in it caused by the convolution of 
A(f) with the fundamental and harmonics of SR (f). This is done by passing 
R(t) through a low pass filter which cuts off at f/4, this filter being known 
as a Recovery filter. The output of the Recovery filter will then be A(t), 
with its frequency spectrum limited to a maximum of f5 /4. This is the same 
as the signal which was originally sampled, after being passed through the An
tialiasing filter. The output of the Recovery filter is thus the original signal. 

The use of Recovery filters on recovery is not essential, as was the use of 
Antialiasing filters on sampling. If it is required to recover the original spec
trum, their use is needed. In many cases, however, they may be omitted, e.g., 
where a frequency analysis at frequencies up to f/4 is to be carried out on 
the recovered signal. If the nature of the signal was such that an Antialiasing 
filter was not required when it was sampled, (i.e., no significant signal levels 
at greater than f/2), they should be omitted. In such a case, the attenuation 
that will be caused at f5 /2 by the low pass filter effect will be approximately 
3 to 4 dB, (see Fig. 4.4). 

6.3 QUANTIZING 

After a signal has been sampled, it is still in an analog form. However, the 
sampled form is such that the signal level can easily be represented in a digi
tal form. This is done by feeding the samples into an A/D converter which 
outputs binary numbers according to a digital code. The exact binary number 
for each sample depends on its amplitude. The conversion from an analog 
sample to a digital form is known as quantizing. 

An A/D converter can only output a finite number of digital values, where
as the analog samples can pass through all levels, with infinite resolution. 
Thus, one digital value must be used to represent a range of values of the 
analog signal. This means that when an analog signal is quantized, a cer-
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tain error is introduced, known as the quantizing error, or quantizing noise. 
This error, q(t) may be thought as being added to the sampled signal, X(t), 
such that the digitised signal is X (t) + q (t). The size of q (t) is dependent upon 
the resolution of the A/0 converter. It is inversely proportional to the number 
of bits that the A/0 converter uses, and is generally taken as being plus or 
minus half the least significant bit. Since the quantizing error is normally by 
far the most significant source of noise within a digital system, it is generally 
used as the basis for calculating the dynamic range. Thus, since the quanti
zing error is a function of the number of bits used by the A/0 converter, the 
dynamic range will be a function of this also. The dynamic range of a digital 
system is normally taken as being 6 dB per bit. This is illustrated graphically 
in Fig. 6.6. 

When talking of the quantizing of analog signals, resolution is an impor
tant factor. Maximum resolution will only occur when the analog signal 
corresponds to what may be called "full scale deflection", in analog terms, 
on the A/0 converter. Sinze quantizing is made on a linear scale, as the ana
log signal decreases below this signal level, the relative resolution decreases 
also. E.g., on the 7502, a 4 V input is resolved to approx. 0.1 dB, but an 
0.4 V signal will only be resolved to 1 dB. 

Fig. 6.6 
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6.4 TWO'S COMPLEMENT CODE 

All digital representation within the 7502 is done using the Binary Two's 
Complement Code. It is a very popular code, and is commonly found in mini
computers. The reasons for its popularity are twofold: The first is that it 
uses all combinations of an n-bit binary word, (compared with, e.g., BCD) 
and thus has maximum information carrying capacity; the second is that the 
manner in which it represents negative numbers simplifies all the arithmetic 
operations to addition only. 

It is from its representation of negative numbers that the code gets its 
name. A negative number is found by taking what is known as the two's 
complement of the equivalent positive number. This is found by inverting 
the positive number and adding 1 to the resulting number. For example, 
suppose in an 8-bit word system, it is required to find the two's complement 
of 00100110; 

00100110 inverted 

two's complement 

Similarly, 

01101001 inverted 

two's complement 

11011001 
+1 

11011010 

10010110 
+1 

10010111 

If the two's complements in the above examples are added to their respective 
originating numbers, a nine bit word, with a 1 in the most significant bit pos
ition and 0 in the rest results. In an 8-bitword system, the 1 drops out, leav
ing 0 behind. Thus, the two's complement of a positive number can be used 
to represent its negative value. 

In the Two's Complement Code, the most significant bit of the word is 
always 0 for positive numbers, and 1 for negative numbers. Hence, the most 
significant bit is normally known as the sign bit. In an 8-bit code, the num
bers 00000000 to 01111111 are used to represent the numbers 0 to +127, and 
11111111 to 10000000 to represent -1 to -128, respectively. Thus, all 256 
possible combinations of the 8 binary bits are used. 

When a number is subtracted from another number in the Two's Comple
ment Code, it is done by adding the two's complement, e.g.; 
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01101001 = 01101001 
-00111 000 = + 11 001 000 

( 1 ) 0011 000 1 

The 1 in the ninth bit position drops out, and the result remains. Hence, 
the subtraction operation is reduced to an addition. Further, since in binary 
the multiplication and division operations are purely extensions of addition 
and subtraction, these are similarly reduced to addition only. Thus, if the 
Two's Complement Code is used, all arithmetic operations can be carried out 
by addition. 

6.5 PROOF OF THE SAMPLING THEOREM 

It has been seen, from Section 6.1, that the phenomenon of aliasing places 
a fundamental limit on the frequency range which can be sampled at any set 
sampling frequency of half that sampling frequency. This result has been ex
pressed in the Sampling Theorem. The more normal way of expressing this 
Theorem is to say that if a time varying function A(t) contains no frequency 
components higher than B Hz, then it can be completely determined by spec
ifying its ordinates as a series of points spaced every B/2 sec or less, (i.e. 
sampling it at a frequency of >2 B Hz). It may be proved as follows. 

Suppose the frequency spectrum of A(t) is as shown in Fig. 6.7. If it is 
assumed periodic, a Fourier analysis may be performed on A(f) in the range 
-B to +B. Thus: 

A(f) I; 
2 B n=-co 

Where xn 
?7TB -jnw 

27T -~7TB A(f) exp (~) dw ( 1) 

00 

Now, A(t) = _j A(f) exp (jwt) dw (2) 

Since A(t) is bandlimited, A(f) only exists between-Band +B. Thus, equation 
(2) becomes 

A(t) J2
7TB A(f) exp (jwt) dw 

27T -27TB 
(3) 
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Fig. 6.7 
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Frequency spectrum of function to be sampled 

If we n~w designate the samplin·g points to be at t =~;,equation (3)may 
now be wntten as: 

n 1 27TB A(f) ( -jnw) 
A(-28) = ~ 121TB exp 28 dw (4) 

The left hand side of the equation is the value of A(t) at the Sampling in
stants, while the right hand side is identical to the right hand side of equation 
( 1). Hence, the values of the function at the sample points are adequate to 
define uniquely the coefficients xn, and hence, A(f). 
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7. SPECIFICATIONS 

7.1 FREQUENCY RANGE . 

Recording 

Play Back 

7.2 SAMPLE RATE 

Recording 

Play Back 

DC to 1/4 of the sampling frequency 
selected, or if the Antialiasing filters are o
mitted, DC to 1/2 of the sampling frequency 
selected. 

As Recording. 

From 100 S/sec to 100 kS/sec selectable in 
a 1-2-5 sequence internally, or from DC 
to 100 kS/sec continuously variable using 
an external clock. 

From 0.5 S/sec to 500 kS/sec selectable in 
a 1-2-5 sequence internally, or from DC 
to 500 kS/sec continuously variable using 
an external clock. 

7.3 TRIGGER CHARACTERISTICS 

Sources · 

Slope 

level Range 

Coupling 

After Trigger Recording 

Internal, External, External x 0.1, Manual 
(operated by push button). 

Positive or Negative 

0 to ±7.5 V DC 

AC or DC (Lower limiting frequency on AC 
approximately 3 Hz) 

Selectable in steps of approx. 0.1 x Sweep 
Time up to 9.9 x Sweep Time. 
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7.4 ANALOG INPUT CHARACTERISTICS 

Input Impedance 

Voltage Range 

Protection 

Attenuator 

Off-set Range 

Coupling 

Overload Indicators 

100 kQ in parallel with 100 pF 

0 to ±5 V after attenuation and off-set 

±1 00 V continuous 

20 dB in steps of 2 dB 

Oto±7.5V 

AC, DC, or Ground. (Lower limiting fre
quency in AC approx. 3 Hz) 

Indicate signals exceeding ±5 V after atte
nuation and off-set. 

7.5 ANALOG OUTPUT CHARACTERISTICS 

Output Impedance 

Voltage Range 

Coupling 

Repetition Delay 

Calibration Voltage 

Dynamic Range 

100 n, short circuit protected 

0 to ±5 V, 
+2 V to +7 V from LEVEL RECORDER 
OUTPUT 

DC 

Selectable in steps of one Sweep Time, from 
0 to 9 Sweep Times. 

-5V, 
+2 V for LEVEL RECORDER OUTPUT 

48 dB (See also Section 4.5) 

7.6 A/D CONVERTER AND SAMPLE AND HOLD 

Resolution 8 bits (see Section 4.4) 

Output Code 8 bit Binary Two's Complement 
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Aperture Time Less than 50 nsec 

Conversion Time 3 psec 

Acquisition Time 6 psec 

7.7 DIGITAL INPUT/OUTPUT CHARACTERISTICS 

Data 

Status word 

Input/Output Speed 

Levels 

7.8 FILTERS 

Antialiasing Filters 

Recovery Filters 

8 data lines 

Indicates sampling frequency and presence 
of overload or off-set during Recording (see 
Section 4.9) 

500 k 8 bit words per second, maximum 

Positive logic, TTL compatible 

6 pole Butterworth, set to cut off at 1 /4 of 
the input sample rate selected (25 Hz to 
25 kHz). Bypassed by depressing FILTER 
OFF push button. 

At output sample rates of 500 S/sec to 
100 kS/sec, 6 pole Butterworth, set to cut 
off at 1/4 of the sample rate selected. At 
output sample rates of 200 kS/sec and 
500 kS/sec, 2 pole Butterworth set to cut 
off at 50 kHz and 125kHz respectively. By
passed by depressing Fl L TER OFF push 
button. 

7.9 CONTROL SIGNALS OUTPUT BY 7502 

Analog Recording Sample Clock during Record, output TTL 
compatible. 
Trigger Output, (trigger pulse to Memory, 
approx. 5 V amplitude, 2 JJ.sec duration), 
output TTL compatible. 
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Analog Play Back 

Digital Read-in 

Digital Read-out 

Sync. Trigger (approx. 5 V amplitude, 
30 psec duration) preceeding the first Play 
Back and trailing each Play Back. 
Sample Clock during Play Back, output TTL 
compatible. 
Control Signals to a Level Recorder or X/Y 
Recorder (voltage ramp for X/Y Recorder 
adjustable from approx. 0.5 V /min to 1.5 VI 
min, maximum ramp voltage approx. 15 V), 
when OUTPUT SELECTOR set to "Re
corder". 
Control Signals to Tape Recorder when 
OUTPUT SELECTOR set to "Tape Re
corder". 

Digital Data Ready 
Recorder Ready 
Read Pulse (for 71 02) 
Delay Pulse (for 71 02) 

Data Ready 
Punch Ready (Data Received) 
Busy 

7.10 CONTROL SIGNAL INPUT TO 7502 

Remote Control 

External Trigger 

External Clock 
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Remote Go "Record", "Play Back", or 
"Stand-by" pulse (TTL logic '1 ', positive 
logic, pulse duration greater than 1 psec) 
to pins9, 10,and 11 of the REMOTE CON
TROL connector respectively. Input TTL 
compatible. 

Input impedance 100 kn. Amplitude of 
trigger signal as set by TRIGGERING LEV
EL, minimum duration, 1 psec. 

Input TTL compatible. Clock pulses TTL 
logic '1 ', positive logic of duration greater 
than 0.5 psec. 



7.11 POWER REQUIREMENTS 

Power Supply Selectable 100, 115, 127, 150, 220, and 
240 V AC, 50 to 400 Hz, via autotransfor
mer. 

Power Consumption 85 W. 

7.12 MECHANICAL DETAILS 

Cabinet 

Dimensions 

Weight 

Supplied as model A (light weight metal ca
binet), B (as model A plus mahogany cabi
net), or C (as model A plus mounting flanges 
for standard 19" racks. 

Height: 177 mm ( 7.0 in) 
Width: 430 mm (16.7 in) 
Depth: 500 mm (19.7 in) 

17 kg (37 .5 I b), A model. 

7.13 ACCESSORIES INCLUDED 

1 x AN 0005 Mains Cable European (American, AN 0006) 
4 x AR 0142 short circuit boards to replace Memory modules when ope
rating with reduced Memory. (For instruments delivered with 2 k to 8 k 
Memories, up to all four of these will be mounted in the instrument), . 
2 x JP 0802 8 poled DIN plugs, 
Fuses. 

7.14 ACCESSORIES AVAILABLE 

ZD 0046 2 k Memory module for expansion of the Memories of instru
ments delivered with 2 k to 8 k Memories, 
KS 0024 Rack Mounting Flanges for attachment of A model to standard 
19" racks. 
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BROEL & KJJI:R instruments cover the whole field of sound and vibration 
measurements. The main groups are: 

ACOUSTICAL MEASUREMENTS 
Condenser Microphones 
Piezoelectric Microphones 
Microphone Preamp! ifiers 
Sound Level Meters 
Precision Sound Level Meters 
Impulse Sound Level Meters 
Standing Wave Apparatus 
Noise Limit Indicators 
Microphone Calibrators 

ACOUSTICAL RESPONSE TESTING 
Beat Frequency Oscillators 
Random Noise Generators 
Sine-Random Generators 
Artificial Voices 
Artificial Ears 
Artificial Mastoids 
Hearing Aid Test Boxes 
Audiometer Calibrators 
Telephone Measuring Equipment 
Audio Reproduction Test Equipment 
Tapping Machines 
Turntables 

VIBRATION MEASUREMENTS 
Accelerometers 
Force Transducers 
Impedance Heads 
Accelerometer Preamplifiers 
Vibration Meters 
Accelerometer Calibrators 
Magnetic Transducers 
Capacitive Transducers 
Complex Modulus Apparatus 

VIBRATION TESTING 
Exciter Controls -Sine 
Exciter Controls -Sine - Random 
Exciter Equalizers, Random or Shock 
Exciters 
Power Amplifiers 
Programmer Units 
Stroboscopes 

STRAIN MEASUREMENTS 
Strain Gauge Apparatus 
Multi-point Panels 
Automatic Selectors 

MEASUREMENT AND ANALYSIS 
Voltmeters and Ohmmeters 
Deviation Bridges 
Measuring Amplifiers 
Band-Pass Filter Sets 
Frequency Analyzers 
Real Time Analyzers 
Heterodyne Filters and Analyzers 
Psophometer Filters 
Statistical Distribution Analyzers 

RECORDING 
Level Recorders 
Frequency Response Tracers 
Tape Recorders 

DIGITAL EQUIPMENT 
Digital Encoder 
Digital Clock 
Computers 
Tape Punchers 
Tape Readers 
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