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2131 

A real-time octave and 1/ 3 octave analyzer 
featuring almost entirely digital construc
tion, its operation being based on digit~! fil
tering, detection .and averaging techniques . 
The detected data may be averaged either 
exponentially or linearly with a constant av
eraging time across all channels. Addition
ally, exponential averaging with a constant 
confidence level is available . Display of the 
final spectrum formed is on an 11" cali-
brated display screen . "· 
The 2131 is equipped with memories en
abling the comparison of spectra, and has 
full analog and digital read-in and read-out 
facilities. Ttie"~e is also extensive 'remote pro
gramming capability, allowing· ~almost the 
complete control of the 2131 from, e.g., a 
computer. 

+ BrUel & Kjcer 



BROEL & KJA:R instruments cover the whole field of sound and vibration measurements . 

The main groups are: 

ACOUSTICAL MEASl,IREMENTS 
Condenser Microphones 
Piezoelectric Microphones 
Microphone Preamplifiers 
Hydrophones 
Sound Level Meters 
Precision Sound Level Meters 
Impulse Sound Level Meters 
Noise Dose Meters 
Noise Level Analyzers 
Standing Wave Apparatus 
Calibration Equipment 
Reverberation Processors 
Sound Sources 

ACOUSTICAL RESPONSE TESTING 
Sine Generators 
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 

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

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 
Multipoint Selectors 

MEASUREMENT AND ANALYSIS 
Voltmeters 
Phase Meters 
Deviation Bridges 
Measuring Amplifiers 
Band-Pass Filter Sets 
Frequency Analyzers 
Real Time Analyzers 
Heterodyne Filters and Analyzers 
Distortion Measuring Equipment 
Psophometers 
Statistical Distribution Analyzers 
Tracking Filters 

RECORDING 
Level Recorders 
Frequency Response Tracers 
Tape Recorders 
Alphanumeric Printers 
Digital Event Recorders 

DIGITAl. EQUIPMENT 
Computers 
Tape Punchers 
Tape Readers 
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A real-time octave and 1/ 3 octave analyzer 
featuring almost entirely digital construc
tion, its operation being based on digit$11 fil
tering, detection .and averaging techniques. 
The detected data may be averaged either 
exponentially or linearly with a constant av
eraging time across all channels . Addition
ally, exponential averaging with a constant 
confidence level is available. Display of the 
final spectrum formed is on an 11" cali-
brated display screen. '· 
The 21 31 is equipped with memories en
abling the comparison of spectra, and has 
full analog and digital read-in and read-out 
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FEATURES: 

• Real-time 1/3 octave 
analysis in 42 channels 
with center frequencies 
from 1 ,6Hz to 20kHz 

• Real-time octave analysis 
in 14 channels with center 
frequencies from 2 Hz to 
16kHz 

• Almost entirely digital 
construction gives 
exceptional operational 
flexibility 

• Digital true RMS detector 
for wide crest factor 
capability 

• Linear and exponential 
averaging with selectable 
averaging time 

• Exponential averaging with 
selectable statistical 
accuracy 

• Both analog and digital 
input and output 

• Hold facility allows 
i nsta nta neous spectrum to 
be held 

• Independent memory for 
storing a spectrum for 
later recall and comparison 
with other spectra 

• Max. Hold facility allows 
maximum level in each 
channel to be held 
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• Spectrum shown on a 
calibrated, large screen 
display with a 60 dB 
display range 

• Alphanumeric read-out of 
channel level and center 
frequency directly from the 
display 

• Pushbutton control for 
ease of operation 

• All major controls 
externally programable 

• Interface to IEC interface 
bus 

• 1 I 1 2 octave analysis 

USES: 

• Real-time analysis of 
continuous .and impulsive 
signals 

• Provision of data for further 
computation e.g., in aircraft 
noise measurement and 
certification 

• On-line production testing 
in quality control 

• Phonetics and speech 
therapy 

• Acoustical research 

• Analysis of community 
noise 

• On-line analysis of 
complex signals 



Introduction 
The Digital Frequency Analyzer 

Type 21 31 is designed to measure 
and display octave and 1/ 3 octave 
spectra in real-time and may be 
used in a wide variety of analyses 
of acoustic, vibration and other sig
nals. It is almost entirely digital in 
operation, in that it uses digital fil
tering, RMS detection and averag
ing techniques. The results ob
tained are displayed on a calibrated, 
large screen display, and may be 
output to a variety of analog and dig
ital peripherals. 

The 21 31 has two modes of oper
ation, pushbutton selectable from 
the front panel. In the first, it gives 
a real-time measurement of the am
plitude of the input signal in 42 
1/ 3 octave channels having center 
frequencies from 1, 6Hz to 20kHz . 
In the second, it gives a real-time 
measurement in 1 4 octave chan
nels having center frequencies from 
2 Hz to 16kHz, together _with a lin
ear channel. The input signal may 
be A-weighted prior to analysis, if 
required, using a selectable A
weighting network in the input am
plifier. An A-weighted spectrum is 
then displayed, and the linear chan
nel (in octave mode) gives the A
weighted input signal level. 

The digital principles of the 21 31 
give it a series of important opera
tional advantages. Not least of 
these is the extreme ease of use of 
the instrument . Almost all of its 
functions are pushbutton controlled 
from an electronic control panel, 
with LED indicators to show their 
status . This electronic control in 
turn allows an extremely wide 
range of functions to be remotely 
sensed and controlled over the 
21 31 IEC interface, by an IEC inter
face bus controller. Alternatively, 
when the 21 31 is equipped with op
tional interface ZD 0097, a B & K 
Computer Type 7504 could be 
used. 

Advantages are also apparent in 
the display of data, with text being 
generated in Read Only Memories 
to give a spectral display which is 
calibrated in dB and channel num
ber . The amplitude display range is 
60 dB, while the frequency display 
range is pushbutton selectable be
tween 1,6 Hz 1,25 kHz and 

2 

25Hz - 20kHz, corresponding to 
the vibrational and acoustical fre
quency ranges respectively. Any 
change in the input attenuation or 
displayed frequency range is accom
panied by an immediate automatic 
adjustment of the calibration. A 
channel selector can be used to 
read-out the centre frequency and 
amplitude of any of the channels 
from alphanumeric displays on the 
display screen . 

It is often useful to be able to 
store a spectrum, and then compare 
it with another spectrum at a later 
time. To allow this, the 2131 con
tains a digital memory . A spectrum 
may be read into this memory, and 
then recalled to the display at a .la
ter time to allow comparison with 
new data. The new data may be 
held in an additional store to facili
tate the comparison. This store may 
also be used to hold the maximum 
level occurring in each channel . In 
addition to facilitating the compar
ison of spectra, the store may be 
used independantly of the memory 
in the examination of analyzed data. 

Spectra contained in both the me
mory and the store can be output to 
both analog and digital peripherals. 
An analog output can be made to 
an X/ Y Recorder and to a Level Re
corder. Digital input and output is 
via the IEC interface, which has 
both a manual and an addressable 
mode . Ma11ual mode allows the in
put and output of spectra over the 
interface to an IEC compatible peri
pheral, under the control of the 
2131 front panel controls . When, 
for example, this peripheral is an 
IEC compatible digital cassette recor
der, this forms a convenient method 
for the long term storage of refer
ence spectra, which may be re-en
tered into the 21 31 at will. Addres
sable mode allows the input and 
output of both spectra and remote 
programming information over the 
IEC interface bus. An IEC interface 
bus controller is then required . 

Many of the features mentioned 
above arise as a direct result of the 
digital principles of the 21 31. How
ever, it should also be mentioned 
that the techniques themselves add 
further features and advantages. 
For instance, a digital filter has a 

better controlled filter shape and a 
greater freedom from drift than its 
analog equivalent. It requires no 
special trimming to maintain its pro
perties as components age. Further, 
it is inherently more flexible. How
ever, probably the most important 
advantages are that digital filtering 
techniques greatly simplify the use 
of a digital detector and a digital av
erager . 

By using a digital detector, the 
21 31 gives true RMS detection 
without crest factor limitations, 
apart from the natural limitations of 
dynamic range and filter response 
time. The digital averager, on the 
other hand, gives a flexibility impos
sible to achieve by analog means, 
in that it can offer both linear and 
exponential averaging . In linear av
eraging, the detected data is aver
aged over a fixed time window, 
while in exponential averaging a 
continuous average is made. In 
both, modes, 1 3 different averaging 
times from 1/ 32 s to 128 s in a bi
nary sequence, pushbutton selec
table from the front panel, may be 
used. These give the same averag
ing time across all channels, to give 
the same response time in each 
channel . This is important, e . g ., in 
the analysis of impulses. Addition
ally exponential averaging may be 
made with a fixed 68% confidence 
level, a . This enables averaging 
with the same statistical accuracy in 
each channel, which is important in 
measurements on random signals. 
A 68% confidence level of a < 2 dB, 
a < 1 dB, or a < 0,5 dB can be push
button selected from the front 
panel. 

The 21 31 is provided with an in
ternal amplitude reference for easy 
calibration . Its level is 100 dB RMS 
referred to 1 Jl.V. A reference adjust
ment is also provided enabling the 
reference level to 'be adjusted in 
steps of 1 0 dB through a range of 
±50 dB. 



Digital Filtering 

For a complete explanation of digi
tal filtering, reference to one of the 
standard texts on the subject is rec
ommended, such as "Digital Pro
cessing of Signals", by Bernard 
Gold and Charles M. Rader, pub
lished by McGraw-Hill in 1969. A 
generalised block diagram of a two
pole digital filter is shown in Fig .1 . 
This filter is of the type known as 
recursive, meaning that feedback is 
used such that the output of the fil
ter is always an explicit function of 
the previous inputs and outputs. Its 
properties, i . e ., its shape, its rela
tive bandwidth, and whether it is 
high-pass, low-pass , bandpass or 
bandstop, are a function of the mul
tiplier coefficients Ao, A 1, A2 , 81 
and 8 2 . The frequency range in 
which it operates is a function of 
the delay z - 1 . Assuming that the 
addition and multiplication opera
tions are instantaneous, the delay 
z- 1 is equal to one sampling inter
val. Hence , by altering the sampling 
interval, it is possible to alter the 
frequency range in which the filter 
operates . For instance, doubling the 
sampling interval, (i . e ., halving the 
sampling frequency), will mean that 
the filter operates with the same rel
ative bandwidth but in a frequency 
range one octave lower . 

The properties of a digital filter 
with respect to response time, 
phase shift, etc., are virtually the 
same as for the equivalent analog 
filter . The transfer function is writ
ten using z-transform notation, and 
the transfer function of the filter of 
Fig . 1 is : 

A A -1 A -2 
o + 1 z + 2z 

H(z) = Ho B -1 B -2 1 -
1 

z - 2 z 

The z-transform is a discrete 
equivalent of the Laplace transform 
with the z-1 operator taking the 
place of the Laplace operator s. 

Conversion between the two can be 
made using the identity 
z-1 = exp. (- st) . 

In the 21 31 filters, a special form 
of the z-transform is used, known 
as · the matched z-transform, and 
the filter block diagram is modified 

Signal 
Input 

Fig.1. Generalised block diagram of a 2-pole recursive digital filter 

Signal 
Input 

Output 
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Fig.2. Block diagram of 2-pole digital filter used in the 2131 

to that of Fig .2. The transfer func
tion of this filter is modified with re
spect to the general case to be
come: 

H(z) = H 
1 -1 -z 

o 1 B -1 B -2 - 1 z - 2z 

In a practical digital filter, the mul
tiplication processes take a period 
of time which is significant when 
compared to the sampling interval, 
z-1 . The delay is hence modified 
to make it plus the multiplication 
time equal to the sampling interval. 
The input to the filter is a series of 
digitised samples representing the 
time function. The filter modifies 
them to give an output which is a 
modified series of samples represen
ting the filtered time function. 

3 
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Fig .3 shows the basic block dia
gram of the 21 31 . As can be seen, 
it can be divided into three func
tional sections . The first of these is 
the Input Amplifier and Filter Sec
tion, where the input signal is condi
tioned to the correct levels and then 
converted into digital form and anal
ysed . The second is the RMS Detec
tion and Averaging Section, where 
the digital information coming from 
the filter unit is squared, averaged 
and then logarithmically converted 
to the dB RMS level. Finally, there 
is the Output Control and Display 
Section, which controls the display 
of the analysed and averaged data 
on the display screen and the trans
fer of data to other peripherals, to
gether with the digital input of data . 
In the following , each section is de
scribed in turn . 

Fig.3 . Basic block diagram of 2131 

Input and Filter Section 
The block diagram of the Input 

and Fi Iter Section of the 2 1 31 is 
shown in Fig .4 . It can be conveni
ently further subdivided into the In
put Section, the Analog to Digital 
Conversion Section and the Filter
ing Section . The Input Section con
sists of the Preamplifier and Input 
Attenuator. The Preamplifier has 
two inputs. The Preamplifier Input 
is of the standard Bruel & Kjcer 7 
pin type, allowing the connection of 
most Bruel & Kjcer Microphone 
Preamplifiers, to which it also sup
plies power and microphone polari-

zation voltages. The input of signals 
from other sources is made via the 
Direct Input. 

The Input Attenuator governs the 
level setting for the rest of the Anal
yzer . Its value is set from the front 
panel controls . It can be used to re
duce the input signal level in steps 
of 1 0 dB over a range of 1 00 dB. 
This 1 00 dB range, when coupled 
with the 60 dB display range, gives 
a total operating range of 160 dB. 
The setting of the Input Attenuator 
is transmitted to the Output Control 
and Display Section such that the 
dB scale of the display screen is au
tomatically set. Any input overload 
is indicated by a light intensification 
of the displayed data on the display 
screen . 

From the Input Attenuator, the 
signal is passed to the Analog to 
Digital Conversion Section. The first 
part of this is an Antialiasing Filter , 
where any high frequency compo
nents in the input signal which 
might cause aliasing distortion 
when the signal is later sampled 
are filtered out. It is a 12-pole But
terworth low-pass filter·, which 

gives a maximally flat passband, 
and has a cut-off frequency of 
27kHz and a roll-off of 
72 dB/ octave . The filtered signal is 
entered into the Sample and Hold , 
where it is sampled at a constant 
frequency of 66,667 kHz. Each sam
ple taken is then converted into a 
1 2-bit two's complement coded 
word by the ADC, (Analog to Digital 
Converter). 

Effectively, it is the sampling fre
quency which sets the frequency 
axis of the 21 31 . This means that it 
is essentia1 that this frequency 
should be accurately controlled. 
Hence, 1t IS referenced to a 1 0 MHz 
crystal controlled Master Oscillator. 
The frequency of this Oscillator is 
so accurately controlled that any fre:.. 
quency axis calibration of the 21 31 
is rendered unnecessary . All timing 
signals used in the 21 31 are refer
enced to this same oscillator . 

The remainder of the Input and 
Filter Section of the 21 31 (exclud
ing the Control and Timing). forms 
the Filtering Section . In this, there 
are five of the basic 2-pole digital fil
ter units shown in Fig.2, three of 

Input Section Analog to Digital Conversion 
Section 

Filtering Section 

Direct 
Input 

Preamp 
Input 

4 
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. ()iloo 
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~ 

Antial iasing 
~ and ~ ADC 
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+ 

t Att sett ing 

_[ 

I I I • 
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Fig.4. Block diagram of input and filter section of 2131 
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which are designed to operate as 
bandpass filters, the other two be
ing low-pass filters. The three band
pass filters are cascaded to form a 
single 6-pole unit, henceforth re
ferred to as the Bandpass Filter, 
and the two low-pass filters are cas
caded to form a single 4-pole unit, 
henceforth referred to as the Low

pass Filter . (This Low-pass Filter is 
used as an antialiasing filter as the 
sampling frequency is reduced) . In 
front of each of the two units, there 
is a multiplexer used to control the 
passage of information into the fil
ters. There is also a Buffer Memory 
for storage of partial results. 

The ADC feeds a series of digi
tised samples representing the time 
signal into the filters, taken at a fre
quency which is precisely controlled 
to be 66,667 kHz. 

Looking first at the operation 
within the highest octave, i.e. the 
16kHz octave, all of these samples 
pass through the Bandpass Filter 
Multiplexer into the Bandpass Fil
ter. Assuming that the Analyzer is 
set to measure in 1/3 octaves, 
then the Bandpass Filter performs 
three different calculations on each 
sample to produce three new sam
ples representing the 1/3 octave fil
tered levels within the octave. The 
change from one 1/3 octave to 
another 1/ 3 octave is effected by 
changing the multiplier coefficients 
used within the filter. 

Operation within the lower oc
taves is obtained by using the same 
multiplier coefficients as in the high
est octave, but with a successively 
reduced sampling frequency. For in
stance, halving the sampling fre
quency with respect to the 16kHz 
octave will produce the 8kHz oc
tave and halving it again will pro
duce the 4kHz octave. Each time 
the sampling frequency is reduced 
it is accompanied by a low-pass fil
tering operation to correspondingly 
reduce the high frequency cut-off of 
the samples, and prevent the intro
duction of aliasing distortion. This 
operation is carried out by the digi
tal Low-pass Filter. 

Simultaneously with being en
tered into the Bandpass Filter, each 
digitised sample produced by the 
ADC is passed through the Low
pass Filter Multiplexer into the Low-

pass Filter. After it has passed 
through the filter, it is fed back to 
the Low-pass Filter Multiplexer for 
another passage. This is repeated a 
further time, such that each sample 
passes through the 4-pole Low
pass Filter a total of three times to 
produce 1 2-pole filtering. 

For this first low-pass filtering op
eration, the cut-off frequency of the 
filter is set to half that of the Antiali
asing Filter . Hence, the maximum 
frequency which each sample can 
represent is reduced by half. This al
lows every second sample to be dis
carded, thus halving the sampling 
frequency. The samples retained for 
further filtering operations are en
tered into the Buffer Memory. 
When they are later retrieved, then 
because the sampling frequency 
has been halved, in the Bandpass 
Filter, they will produce the next oc
tave of information, and in the Low
pass Filter, the Filter cut-off fre
quency will be halved, permitting a 
further halving of the sampling fre
quency. 

The 66,667 kHz sampling fre
quency means that there is a new 
sample every 1 5 J.IS. To maintain 
real-time operation, in this time, 
the filter unit must calculate the re
sults in the highest octave and in 
one other octave. This involves six 
1/ 3 octave filtering operations and 
six low-pass filtering operations 
(since the samples pass around the 
low-pass filter three times). Hence, 
each of the 2-pole filtering opera
tions must be completed in less 
than 2,5 J.IS. The filter unit then pro
duces six filtered samples for each 
sample that is entered into it, at a 
rate of one every 2,5 J.IS . The sam
ples from the filter output are 
passed to the Detection and Averag
ing Section for RMS detection, 
along with the unfiltered samples 
to give the linear channel. 

Octave operation of the Filtering 
Section is similar to 1/ 3 octave op
eration, except that after their first 
passage through the Bandpass Fil
ter, the samples are re-entered into 
the Bandpass Filter Multiplexer for 
a second passage. This double pas
sage through the 6-pole unit gives 
12-pole filtering. 

The 1 I 3 octave filters of the 
2131 conform to IEC 225-1 966, 

DIN 45 652 and ANSI S 1 .11, Class 
Ill. In octave operation, they con
form to IEC 225 1 966, DIN 45 652 
and ANSI S1.11, Class II. The 
shape of the octave filter is shown 
in Fig.5, and a typical 1/ 3 octave fil
ter, within an octave, in Fig.6. They 
are plotted in terms of relative fre
quency, since their shape is inde
pendent of the frequency range in 
which they operate . 
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Fig.5. Octave filter characteristic of the 
2131 analyzer 
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Fig .6 . 1 / 3 octave filter characteristic of the 
2131 analyzer 
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Fig. 7 . Block diagram of detection and averaging sections of 2131 

The Filtering Section of the 21 31 
operates on a 1 5 bit word basis . 
The multiplier coefficients are en
coded in 9 bits . Hence, each multi
plication produces a 24 bit word , 
which is then rounded off to 1 5 bits 
again . 

RMS Detection and Averaging 
Section 

The block diagram of this section 
is shown in Fig . 7 . The 1 5 bit serial 
data coming from the Filtering Sec
tion first enters a Serial to Parallel 
Converter , which, in addition to con
verting the data into parallel form, 
rounds it off to 1 3 bits, ( 1 2 bits of 
information plus sign) . This is then 

entered into the Parallel Buffer to 
await squaring . After squaring in 
the Squaring Circuit, there are 26 
bits of information . However, since 
two of these bits are sign bits, and 
the output of the Squaring Circuit 
can only be positive, they are dis
carded to produce a 24 bit word, 
which is entered into the Averaging 
Section. 

Of the information entering the 
Averaging Section, the highest oc
tave represents one half of the fre
quency range and one half of the 
samples . (Remember that in one 
sampling period of the ADC in the 
Input and Filter Section, the Filter
ing Section calculates the results in 
the highest octave and one other oc
tave.) This makes it convenient to 
use two Averagers , one which oper
ates on the highest octave only, the 
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Single Octave Averager, and one 
which operates on all lower oc
taves, the Multi Octave Averager. 
The information is switched be
tween the two using the Single Oc
tave / Multi Octave Multiplexer, and 
before each of them, there is a Buf
fer for the temporary storage of in
formation. Note that the linear chan
nel, (scaled up from 1 2 to 1 5 bits 
before its entry into the Serial to 
Parallel Converter), is only detected 
and averaged when the 21 31 is 
measuring in octaves, when it takes 
the place of the highest 1/ 3 octave 
in the single Octave Averager. 

KA, _ 1 

Control KA, _ 1 + T, 

The block diagram of an Averager 
is shown in Fig .8. Each Random Ac
cess Memory, (RAM), is used to 
store the current average within a 
particular 1/ 3 octave. While the 
Single Octave Averager needs only 
one bank of three RAMs, one RAM 
for each 1 / 3 octave on which it op
erates, the Multi Octave Averager 
must have 1 3 such banks, since it 
operates on 1 3 octaves . In all other 
respects, however, the two Averag
ers are identical. The averaging it
self is carried out using the Adder, 
(I), the Subtractor, (-1:), the Tap 
Register, and the Tap Selector . 

- Signal line 

-- Control line 

Switch 

14------111111() --o---t---~1'-.,. Output 

KA,_ 1 + T,- A, _ 1 

Tap Selector 

Tap Register 

760108 

Fig .8 . Principle of averager 



Depending on the position · of the 
switch at the -r input, the Aver
ager can operate in a linear or ex
ponential mode. The two modes are 
compared in Fig .9, which shows 
the same series of samples, (solid 
line), averaged both linearly, (dotted 
and dashed line), and exponentially, 
(dashed line). 

In Linear Averaging, the average 
is carried out over a fixed period of 
time, the Averaging Time. Each 
sample entering the Averager is 
then divided by a factor K, which is 
chosen to correspond as closely as 
possible to the number of samples 
occurring during the Averaging 
Time. 1 / Kth part of each sample is 
summed until the Averaging Time is 
complete, when the average is term
inated. If the value of the rth sam
ple taken during the Averaging 
Time is Tr, and the sum of 1 / Kth 
part of each of the previous sam
ples is Ar-1 , then the process may 
be represented by the following 
equation : 

T 
r 

Ar-1 +
K 

Due to purely technical reasons, 
however, it is easier to produce the 
circuitry for this process if the for
mula is multiplied throughout by K 
to give: 

which is the formula used in the 
2131 for this calculation. 

In Fig . 9, K has been arbitrarily 
set to 10, and the averaging period 
is terminated when r is equal to 1 0 . 

The value of Ar, at r = 10, (i . e ., 
the average va I ue of the first 1 0 
samples) is then held by the Aver
ager, all further samples being ig
nored . 

In Exponential Averaging, a con
tinuous averaging process is ob
tained using the equation: 

T r- Ar-1 
Ar-1 + ----

K 

Here , new values of Ar are calcu
lated for each sample using the 
previous average and the newest 
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Fig.9. Comparison of linear and exponential averaging 

sample, irrespective of the value of 
r. In Fig .9, K has been set to 5, 
since it gives the same Averaging 
Time as the Linear Average. At r = 
1 0, the Exponential Average and 
the Linear Average produce results 
having the same statistical accu
racy, (but not necessarily the same 
numerical value) . However, the Ex
ponential Average goes on to calcu
late new values of A r, for r > 1 0, ex
hibiting an exponential decay when 
the values of Tr drop to zero . 

In Linear Averaging, the switch 
shown in the block diagram of 
Fig.8, is open. The Averager accu
mulates KAr, rather than Ar, and as 
a new value . Tr, enters the Adder, 
KA r- 1 is retrieved from the RAM 
corresponding to the channel being 
averaged, and passes through the 
Tap Register to the Adder, which 
outputs KAr-1 + Tr. At the same 
time, KAr- 1 passes through the 
Tap Selector, which divides out K to 
give Ar-1 . However, although 
A r-1 can be transferred to the Av
erager output , it cannot enter the 
Subtractor, because the switch is 
open . Hence, KAr-1 + Tr flows 
through the Subtractor unmodified 
to be entered into its respective 
RAM as KAr. 

In Exponential Averaging, the ac
tion of the Averager is similar ex
cept that the switch is closed . 
Hence, when KAr- 1 + Tr flows 
through the Subtractor Ar- 1 is sub-

tracted, from it to give KAr-1 + Tr 
- Ar-1 . This becomes KAr and is 
entered into the respective RAM. 

Both Exponential and Linear Aver
aging can be carried out with a con
stant averaging time across all chan
nels . This can be varied from 
1/ 32 s to 1 28 s, in a binary se
quence, and can be selected from 
the front panel controls . 

A Linear Average stops automati
cally when the chosen averaging 
time has elapsed, after which the 
Averager continuously outputs the 
value of Ar at that time, until the be
ginning of a new averaging cycle in
itiated from the controls . Provided 
that the same averaging time is 
used, A r may be used as the start
ing point for the new averaging cy
cle, the new results being added to 
those already obtained . More nor
mally, however, the Averager is 
reset to zero before the start of a 
new cycle . This . allows a different 
averaging time to be selected, if re
quired . If needed, pauses may be in
troduced into the averaging cycle, al
lowing, e. g ., the change of signal 
sources . 

With Exponential Averaging, the 
averaging time may be changed at 
will while the average is in prog
ress . The average will only stop 
when this is requested from the 
front panel controls of the 21 31 . 
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Selection of the value of K for a 
particular averaging time is made 
using the Octave Address Modifier, 
(see Fig . 7). However, since the num
ber of samples occurring over a set 
period of time will differ from oc
tave to octave, it is not possible to 
use the same value of K in all chan
nels . Hence, the value of the averag
ing time and the address of the oc
tave being averaged are entered 
into the Octave Address Modifier, 
which then generates the correct 
value of K and enters it into the Av
erage Control. 

In addition to averaging with a 
constant averaging time, Exponen
tial Averaging also gives averaging 
with a constant 68% Confidence Le
vel. The 68% Confidence Level, a, 
is defined by the -equation: 

1 
a = 
2~ 

where B is the channel bandwidth 
and T A is the averaging time. In a 
measurement on random data, 
there is then a 68% chance that the 
measured results will be within ±a 
of the true mean value, and a 96% 
chance that it is within ± 2 a. For 
this mode of averaging T A is varied 
to give a < 2,0 dB, a < 1 ,0 dB, and 
a < 0,5 dB . Selection of the value of 
a is from the front panel controls . 
The values of K needed to produce 
this are now read into the Average 
Control from the Fixed Confidence 
Programmable Read Only Memory, 
(PROM). 

The output of each Averager is en
tered into a Slave Memory . The 
Slave Memories are necessary be
cause each time a spectrum is trans
ferred to the Output and Display 
Control the output of the Detection 
and Averaging ~ection must be held 
constant for approximately 2 ms. To 
take this output directly from the 
Averager would require that all aver
aging ceased for this period. Since 
the Output and Display Control is 
updated with a new spectrum every 
22 ms, it would mean that only ap
proximately 90% of the information 
being detected would be averaged. 
Use of the Slave Memories enables 
100% averaging . 

The Averagers operate using a 48 
bit word. The information that they 
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produce is read into the Slave Mem
ories in the order of the highest oc
tave, least significant bit first. At 
the same time, the number of bits 
is reduced to 24 . When the informa
tion is read out to the Lin/Log Con
version and Square Root Unit, this 
order must be reversed to be lowest 
octave, most significant bit first. 
This reversal is controlled by the 
Slave Address Modifier. With each 
transfer of a spectrum to the Output 
Control and Display Section, the 
Slave Memories are isolated from 
their respective Averagers. The 
Slave Address Modifier then con
trols the flow of data into the Lin / 
Log Conversion and Square Root 
Unit, which in turn generates from 
this data the RMS spectrum . 

Because the 21 31 uses an all dig
ital Detection and Averaging Sec
tion, the only crest factor limitations 
experienced are the natural limita
tions of filter response time and dy
namic range. For the Detector 
alone, then the crest factor perfor
mance is purely a question of 
where the signal being detected lies 
in the dynamic range. The RMS De
tector is built to have a 9 dB Crest 
factor capability for signals which 
are at full scale, i . e. a pure sirie 
wave can be 6 dB over full scale. 
The crest factor capability will in
crease with decreasing signal level 
to 69 dB at the bottom of the dy
namic range. 

The use of a digital Detection and 
Averaging Section in the 21 31 is 
greatly simplified by the use of digi
tal filters. Use of such a Detector 
and Averager with analog filters 
would be extremely difficult, since 
in order to have suffi'cient dynamic 
range and in order to obtain sam
pling frequencies as required by 
sampling theory, it would require a 
13 bit ADC operating with a sam
pling frequency of some 400kHz. 
Use of digital filters, however, al
lows the use of a fairly low-cost 
ADC, operating with a sampling fre
quency of 66,667 kHz . 

Output Control and Display 
Section 

The block diagram of the Output 
Control and Display Section of the 
21 31 is shown in Fig. 1 0. The Dis
play is updated with a new spec
trum from the Detection and Averag
ing Section every 22 ms . This rate 

of updating is determined by the 
frame frequency of the display 
screen, which is 45,5 Hz . Each 
spectrum entering the Output Con
trol and Display Section is repre
sented by a series of counts, each 
count being proportional to the log 
RMS amplitude in a particular chan
nel. These enter the BCD Counter, 
which converts each one into a dB 
level between 0 and 66,0, encoded 
in BCD. The Adder converts these 
levels for the Input Attenuator and 
Reference Adjustment settings. As
suming that the input gain of the 
2131 is correctly adjusted, (this can 
be controlled using an internal refer
ence), and that the Reference Ad
justment is set to 0 dB, the output 
of the Adder will be a series of BCD 
r.1umbers representing the analyzed 
spectrum in dB referenced to 1 f.lV. 
The Reference Adjustment allows 
the reference level to be varied in 
10dB steps by up to ±50dB. Note, 
however, that levels below 1 11V 
RMS cannot be displayed. Assum
ing that analog input is selected, 
the spectrum passes through the 
Analog / Digital Input Selector into 
RAM I. 

RAM is the Input Spectrum 
Store of the 21 31 . Its status is set 
from the Input Spectrum Function 
controls on the front panel. When 
set to Continuous Update, it is up
dated every 2 2 ms with the latest 
spectrum to come from the Detec
tion and Averaging Section. When 
it is set to Hold, its input is isolated 
such that whichever spectrum is in 
it is stored . When it is set to Maxi
mum Hold, the spectrum stored in it 
is compared, channel by channel, 
with each new incoming spectrum. 
Any channel where a higher level 
than that in the stored spectrum is 
found is updated. Hence, a spec
trum consisting of the maximum le
vel to have occurred in each chan
nel is formed . 

When Analog / Digital Input Selec
tor is set to Digital Input, a spec
trum can be read into RAM I from a 
digital input. It hence becomes pos
sible to hold spectra such as refer
ence spectra, in digital form exter
nally to the 21 31, and then read 
them back into RAM I as required. 

Any spectrum in RAM I can be 
transferred into RAM II. RAM II is 
the Memory of the 21 31, and it is 
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Fig .1 0 . Block diagram of output control and display section of the 2131 

intended for the long term storage 
of spectra. Transfer of •a spectrum 
into the Memory leaves the Input 
Spectrum Store free for further updat
ing. Additionally, the Memory Con 
tents can be protected to prevent ac
cidental erasure . The protection is 
controlled from the Memory Func
tion pushbuttons on the 21 31 front 
panel, and when selected, it is 
maintained for as long as the power 
is switched on . 

The output to the Display screen 
and to the electrical outputs of the 
21 31 can be taken from either of 
the RAMs . It is also possible to alter
nate the output between the two, al
lowing , for instance, the compar
ison of a reference spectrum stored 
in the Memory with new spectra 
held in the Input Spectrum Store. 
Two alternating frequencies are pro
vided, a fast one with an 88 ms dis
play cycle (shown in Fig .11). such 
that the contents of the two RAMs 
appear almost superimposed, and a 
slow one with a display cycle of ap
proximately 3 , 5 s . The display cycle 
is split between the two RAMs in 

the ratio 3 : 1, so that it is always 
possible to distinguish between the 
two . The slow alternating frequency 
also permits the simultaneous out
put of the contents of both RAMs to 
an X/ Y- or Level Recorder . The out
put is then in the form of a continu
ous line showing the envelopes of 
both spectra . 

Generation of the display on the 
display screen takes place in a ser
ies of Counters and Read Only Mem
ories , (ROMs). under control of the 
Display Control. The spectrum en
ters via the Column Light Control 
and the Raster Scaling, which set 
the height of the columns represen
ting each channel on the display 
screen and the vertical scale respec
tively. The horizontal scale, (i.e . 
1,6Hz 1,25kHz or 25Hz-
20kHz). is set according to the Fre
quency Range selector. The ampli
tude display range is 60 dB, and cal
ibrated grid lines are generated to 
allow a quick read-out of the level 
in all channels . More accurate read
outs can be obtained using the 
Channel Selector . The selected 

channel is indicated with an intensi
fied column, and its level and cen
tre frequency can be read from al
phanumeric displays on the display 
screen . Fig .12 shows an example 
of an octave spectrum display. 

Analog outputs of the spectrum 
can be made to a Level Recorder 
and to an X / Y Recorder.. The output 
to the Level Recorder is written on 
frequency calibrated paper. The 
speed of the output is controlled by 
the Level Recorder . For an X/ Y Re
corder, a staircase signal is pro
vided to give the X-deflection . The 
period of the staircase is 45 s for an 
output from 25Hz to 20. kHz and 
60s for an output from 1, 6Hz to 
20kHz . Frequency and amplitude 
calibration signals are provided. 
Note that when an output is made 
with an alternating display, the 
speed of the output is slowed by a 
factor of 8, or a factor 4 if a small 
internal modification is made . Note 
also that during all outputs (both an
alog and digital) , an internal hold 
function is generated for the period 
of the output. 

11 



Displayed spectra may also be out
put digitally to a range of digital 
equipment via the Digital In / Out 
socket . The output is encoded in 
ISO 7-bit code, (i . e., ASCII, but 
without the parity bit) . On request 
of a digital output, the internal hold 
function is immediately activated. 
However, it is then necessary to 
wait for up to 22 ms for the begin
ning of the display update cycle. 
Once the cycle has begun, it be
comes possible to read-out a spec-

trum at a maximum speed of 60 f..iS 
per channel. Where read-out is to 
slower peripherals, the normal sig
nals are available to control the 
read-out at a slower rate . Note that 
it is necessary to wait a minimum 
of 44 ms between two digital read
outs to ensure that the display 
screen has been updated . 

When the 21 31 is connected to a 
computer, a very wide range of rem
ote sense and control functions be-

Fig.11. Alternating display of two spectra using "Fast" mode 

Fig.12. Typical octave spectrum as displayed on the screen of the analyzer 
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come available . These are entered 
via the Digital In/ Out socket in the 
form of a code, and are decoded 
into their actual functions in the 
remote control and front panel con
trol . Alternatively, after a small in
ternal modification, these signals 
may be entered via a separate Re
mote Control socket. 

In the standard version of the 
21 31, an IEC Standard Interface is 
included, enabling the connection 
of other IEC compatible equipment . 
However, it is also possible to sup
ply interface card ZD 0097 as an op
tion, enabling the connection of a 
Bruel & Kjrer Computer Type 7504 , 
a Tape Punch Type 6301 , or a Tape 
Reader Type 71 02 . 

e u ~ I 
e t u l<>®r!d ·-C;«:KU .. •• 

··~ IA>S0l'Z02.t.:JV 
lt>"-100 11! •nv 

u .t 
Fig.13. Split view of rear panel showing 

plugs and sockets 



Peripheral Equipment For 21 31 

Connection of Equipment over 
IEC Interface 

The 21 31 is equipped with a digi 
tal interface designed according to 
the IEC proposal , "Interface for Pro 
grammable Measuring Apparatus 
Byte-Serial Bit -Parallel" , TC 66 
(Central Office) 22 . This allows it to 
be connected to other instrumenta 
tion having similar interface . Fur 
ther , since the only significant differ 
ence between the IEC interface and 
one designed according to IEEE 
standard 488 - 1975 / ANSI MC 1 .1 -
1975 is th e type of connector used , 
connection to instrumentation so 
equipped is also a possibility 

Of particular interest is the con 
nection of a desk-top calculator to 
the 21 31 over the IEC interface . 
The calculator can then operate on 
data supplied by the 21 31 in auto
matic test sequences . the system 
forming a form idable acoustic mea 
suring package . 

Bri..iel & Kj<Er have surveyed the 
range of IEC and IEEE compatible 
desk -top calculators available, and 
have decided to recommend two for 
use with the 21 31 . These are the 
Hewlett-Packard 9825A, and the 
Tektronix 4051 . Connection to the 
9825A requires Hewlett-Packard op
tions 98034A , 9821 OA and 
9821 3A . The minimum recom
mended memory size is 1 6K . Con
nection to the 4051 is direct. with 
no Tektronix options being neces
sary . Here . a 32K memory is recom
mended . 

Two general purpose programs 
have been produced by Bri..iel & 
Kj<Er to enable basic acoustical cal 
culations to be made by the above 
calculators on data supplied by the 
2131 . They are BZ 0011, for the 
4051, and BZ 0012 , for the 
9825A . BZ 0011 contains the fol
lowing programs: 

1. Input of spectra from 21 31 to 
the 4051 into either of two 
buffers at preset time inter
vals, (176 ms minimum) . 

2 . Average of spectra in either 
buffer . 

3 . Difference between the aver
age spectrum in each buffer . 

4 . Calculation of the perceived 
noise level with tone correc 
tion after ISO / DIS 3891 . 

5 ,. Calculation of Stevens loud 
ness . 

6 . 3 dimensional display of up to 
6 5 1 I 3 octave spectra. 

7 . Calculation of reverberation 
time . 

8 . Calculation of sound power ac 
cording to ISO 3741 . 

9 . Calculation of Leq , Lnp , TNI , 

L10. l5o . Lgo and Lxx (xx 
user definable , e .g., L 17) . 

1 0 . Control of 1 I 1 2 octave . 

BZ 0012 contains similar programs, 
with the exception of the 3 dimen
sional program , which is absent . 
Note that the minimum read - in in 
terval between spectra is now 
44 ms . 

Connection between 21 31 and a 
4051 or a 9825A is made using 
cable AO 0157 . 

Alphanumeric Printer Type 231 2 
The Alphanumeric Printer Type 

2312 is shown in Fig .14. It may be 
connected to the 21 31 over the IEC 
interface , and used to obtain a hard 
copy of a spectrum in the form of a 

Fig .14. B & K Alphanumeric Printer Type 
2312 

print-out giving the level in dB in 
each channel, such print-outs being 
initiated over the front-panel con 
trols of the 21 31 . 

The 21 31 can output data in 
either of two formats . On delivery , 
the simpler format is selected, in or
der to give the faster read -out. In 

Fig.15. B & K / Varian Computer Type 7504 

outputs to the 2 31 2 . however. it 
can be an advantage to select the 
second data format , which will give 
a more " readable" print-out with no 
significant increase in the time 
taken to generate it . 

Computer Type 7504 
The optional interface card ZD 

0097 allows direct connection of a 
21 31 to a Computer Type 7504. 
The Computer Type 7504 is shown 
in Fig .15 . In its standard version , it 
has a 4K memory . The memory can 
be expanded in modules of 4K up to 
32K. A two pass Assembler is sup
plied with both the 4K and 8K ver
sions , while with the 8K version , in 
addition , there are compilers for 
FORTRAN and BASIC , expanding 
the programming methods avail
able . 

Bri..iel & Kj<Er can deliver two gen 
eral purpose programs for use in a 
7504 when it is connected to a 
21 31 . The first of these is BZ 
0008, which allows the front panel 
pushbuttons of the 21 31 to be rem
otely controlled from the 7504 us
ing FORTRAN. The second , BZ 
0009, gives several general pur
pose routines, namely: 

1 . Input and output of spectra. 

with autoranging of the 21 31 
input . 

2 . Averaging of spectra . 

3 . Difference 
spectra. 

between two 

4. Calculation of Stevens loud
ness . 

5 . Calculation of perceived noise 
level with tone correction, for 

a single spectrum . 

Note that if it required to use the 
Computer Type 7504 with a rem
otely controlled 21 31 and a Tape 
Punch Type 6301 operating in paral-
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lei, it is necessary to equip the 
7504 with an extra interface card 
ZD 0057 having modified address 
codes for connection of the 6301. 
However, assuming that the 
punched outputs are relatively short 
in nature, (e.g., reference spectra), 
it should be remembered that they 
can always be punched using a Te
letypewriter Type 6401 , with no 
extra interface being necessary . 

Optional interface card ZD 0097 
also allows direct connection of the 
Tape Reader Type 7102, and the 
Tape Punch Type 6301, for the digi
tal input and output of spectra, re
spectively . 

Examples of Use 
Measurement of Sound Power 

The· measurement of Sound 
Power is the subject of ISO 3 7 41 
through 3745. Of these docu
ments, ISO 3741 and 3742 have al
ready been approved as standards, 
while ISO 3743 through 3745 re
main in the draft form. They specify 
the measurement of Sound Power 
under various conditions and to var
ying degrees of accuracy. Although 
they do not deprecate the use of ex
ponential or RC averaging, these 
documents are unanimous in recom
mending the use of linear averaging 
in the measurement of Sound 
Power. 

A 21 31 connected to the Rota
ting Microphone Boom Type 3923 
makes an ideal system for measur
ing Sound Power according to these 
standards and draft standards. In 
them, the sound field emitted by 
the object under investigation can 
either be measured using an array 
of microphones set up at predeter
mined positions around the object, 
or using a single microphone which 
is traversed around the object on a 
fixed path. A system comprising the 
3923 and the 21 31 uses the latter 
method. The greatest advantage of 
this method is that the greater part 
of the spatial averaging of the 
sound field is carried out automati
cally by the linear averaging pro
cess of the 2131. At the end of 
the measurement procedure, the 
engineer is no longer left with a 
complex and lengthy calculation pro
cess requiring the use of a minicom-
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Fig.16. Use of the Rotating Microphone Boom Type 3923 with the 2131 in Sound Power 
Measurement 

BrUel & Kjer BrUel & Kjaar BrUel & Kjatr 

D DDDDODDDDDDDDDDDDDDDDDOOODDDDDDDDDDDDODODOOD~DDO 

Bri.iel & KjCBr
100 

Potentiometer Range :_ dB Rectifier--Lower lim Freq.: _ _ Hz Wr Speed : - mm/ sec PaperSpeed:-mm/ sec 

Copenhagen 

Measuring Object: 90 

- --- 80 
A - weighted level:-= 
50 Hz 91 ,5 dBE 

--- - 70 60 Hz 95 2 dB~ 

Rec. No.: __ 
Date: ___ 60 
Sign.: _ _ _ 

3347: 
Time Const .: 
Weight . Netw.: _ 
Ref . Level : _ _ 50 

Third Octave Band 16 20 31 .540 63 80 12~60 250315 50~30 1 k~/5 2 2 .5 4 
P 115~enter Frequency12,5 25 50 100 200 400 800 1 .6 3 ,15 

10 20 40 Lon. 
8 16 31 ,5 Weight . 740 742 

6 ,3 12.5 25 1e15121n 0 A 8 C Lin. 

Fig.17. Typical sound power spectrum of Reference Sound Source Type 4204, used in Sound 
Power measurements with the 2131 in the comparison method 

puter, but with simple data manipu
lations which can be easily handled 
using a relatively unsophisticated 
pocket calculator, or which can 
even be carried out by hand. 

The major requirement for the 
use of a moving microphone for 
Sound Power Measurements is that 
the microphone should make one or 
more complete traverses around the 
sound source during one linear aver
aging period . The path of the tra
verse, which is usually circular 
around a sphere or hemisphere hav
ing the sound source at its centre, 
is specified by the relevant docu
ment . The 3923 can be used to 
give circular traverses having vary
ing diameters and periods of 1 6 s, 
32 s, or 64 s. Hence, it is only a 
matter of selecting the appropriate 
linear averaging time on the 21 31, 
and synchronizing the start of the 
3923 traverse with the start of the 
averaging period on the 21 31 be
fore these requirements are ful
filled. At the end of the averaging 
period, the 21 31 will display a spec
trum of the average sound field 
along the path of the microphone. 

At the end of the measurement 
procedure, a number of spectra will 

result, each one corresponding to a 
different traverse path. These 
spectra may be averaged externally 
to the 2131, or internally, by ad
ding successive averages and then 
correcting the spectral levels ob
tained for the number of spectra 
added, (note that this process is not 
recommended for large numbers of 
spectra, since noise can begin to be
come significant). The Sound Power 
of the object under investigation 
may then be calculated from this re
sulting spectrum, various correc
tions being taken into account ac
cording to the method in use. 
Hence, by using the 21 31 with the 
3923, the complexities of Sound 
Power measurement are considera
bly reduced. 

Under reverberant conditions, a 
further stage of simplification is pos
sible by using the Reference Sound 
Source Type 4204. This gives a 
known Sound Power, and allows • 
the comparison method of measure
ment, specified in ISO 3741, to be 
used. 

Calculator Controlled Operation 
The wide range of remote sense 

and control facilities available of the 
21 31, and its IEC interface make 



connection of the 21 31 to an IEC 
compatible calculator, such as the 
Tektronix 4051 and the Hewlett
Packard HP 9825A, mentioned ear
lier, especially interesting .. Not only 
does the digital input and output of 
data become possible, but almost 
the complete software control of the 
2131. 

When it is being controlled over 
its IEC interface, the 21 31 can be 
contacted over a total of 4 different 
addresses, two being listen ad
dresses, one for data and one for 
remote programming information, 
and the other two being talk ad
dresses, one for data and one for 
status information. In a typical data 
transfer, the 21 31 will be con
tacted over its programming listen 
address, such that its controls can 
be set for the measurement in prog
ress, and then over its data listen 
address, for a digital input, or over 
its data talk address, for a digital 
output, or over its status talk add
ress, if the status of one of its con
trols is being interrogated. In this 
way completely automatic operation 
can be obtained. 

Up to 1 5 devices can be con
nected to the IEC interface at any 
one time . Hence, the 21 31 can be
come a part of a more complex 
measurement set-up in which all of 
the instruments are being con
trolled over their IEC interfaces. 
This allows the generation of com
plex test sequences under com-

Preamplifier: 
Input: Either "Direct Input" or standard 
B & K 7 pin " Preamplifier Input" 
Input Impedance: 
Direct: 1 MO/ I 100 pF 
Input Voltage: 1 f.J.V to 1 OOV plus 6 dB 
safety factor 
Input Section Attenuator: 0 to 1 00 dB 
in 1 0 dB steps, accurate to within 
± 0 , 1 dB 

Gain Control: 0 to 1 0 dB 
Sensitivity Adjustment (Direct): 

+ 4,7dB to -10dB 
Sensitivity Adjustment (Preamp.): 
+ 4,7dB to -10dB 
Overload Indicators: Growth of light in
tensity in every second line of the display 
screen when the analog Input section of 
the 21 31 is overloaded 
Frequency Range: 2 Hz to 100kHz 
± 0 ,2 dB, 1 00 to 200kHz± 0 ,5 dB 
Output: From "Preamplifier Output" on 
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Fig.18. Connection of a 2131 with a Tektronix 4051 or HP 9825A for Digital Input and Out
put of data and Remote Programming 

pletely automatic control . 

1 I 1 2 Octave Analysis 
One of the properties of a digital 

filter is that by changing the multi
plier coefficients used within the fil
ter, the same hardware can be used 
to represent a totally different filter 
shape . In the 21 31, the multiplier 
coefficients are stored in Read Only 
Memories, (ROMs). In addition to 
those used in 1 I 1 octave and 11 3 
octave analysis , the ROMs contain 
an extra set of coefficients which al
low 1 I 1 2 octave operation . This 
extra set of coefficients can be ac
cessed through the IEC interface, 
or, after a small modification, manu
ally via a switch. 

Note that in the 1 I 1 2 octave 
mode, operation of the 21 31 ceases 
to be in real-time . Instead, a 4-pass 
analysis is made, the 21 31 calculat
ing a new 1 I 1 2 octave within each 
11 3 octave with each pass, allow
ing the full 1 I 1 2 octave spectrum 
to be built up . Only one 1 I 1 2 oc
tave within each 1 I 3 octave can be 

Specifications 21 31 

the rear panel 

Filters: 
1 / 3 Octave Filters: 42 Chebyshev fil
ters with centre frequencies from 1 ,6Hz 
to 20kHz. Fulfil IEC 225- 1966, DIN 
45 652 and ANSI S 1 .11-1966 Class Ill 
1 / 1 OctaveFilters: 14 Chebyshev filters 
with centre frequencies from 2 Hz to 
16kHz. Fulfil IEC 225-1966 , DIN 
45 652 and ANSI S 1 .11-1 966 Class II 

1 / 12 Octave Filters: 6-pole filters hav
ing centre frequencies of, (for the 16kHz 
octave) , 21 ,75kHz, 20,54kHz, 
19,39kHz, 18,30kHz, 17 ,28KHz, 
16 ,31 KHz , 15,40kHz, 14,54kHz, 
13,73kHz, 12 ,96KHz, 12 ,23kHz and 
11 ,55 kHz . To obtain the centre frequen 
cies in lower octaves , multiply by 2-k , 

where k is the number of octaves lower 
A-filter: Fulfils IEC 179 1965 . When " A
weighting " is activated, both the 1/ 3 

displayed at any one time, and the 
read-outs are as for 1 I 3 octave 
mode. 

Extension Units 
The range of analysis may also be 

extended using extension units . A 
two channel extension unit is ob
tained with optional modification 
5223 . These two extra channels 
are displayed in the 11 3 octave 
mode of analysis . Their characteris
tics are selectable between A, B, C, 
D, or Linear weighting, with Fast, 
Slow, or Impulse response, all 
switch selectable on the circuit card 
comprising the extension unit, 
which is mounted inside the 21 31. 

The 21 31 has display capacity for 
up to nine extra channels . Special 
external extension units can be 
built to use this extra capacity. 
Such extension units are custom 
built to special order only, and our 
local representative should be con
tacted prior to ordering, such that 
specifications can be discussed . 

and 1 I 1 octave spectra are A-weighted . 
The A-weighted level appears in Channel 
W ( 1 I 1 octave only) 
linear filter : Low frequency cut -off at 
1 Hz with an 18 dB/ octave roll -off. High 
frequency cut-off 27kHz with a 
72 dB/ octave roll -off . The level of the lin
ear filter appears in channel W ( 1 I 1 oc
tave only without A-weighting) 
ADC: 1 2-bit two 's complement. Quantiz
ing error ± 1 I 2 LSB . Conversion time 
7 f.J.S . Sampling frequency 66,667 kHz 
Analog Antialiasing Filter: 12-pole But
terworth low-pass filter with 27kHz cut
off frequency and 72 dB / octave roll -off. 

Detectors: 
Digital true RMS detection of the Filter 
Unit output, using a 13 bit input. 60dB 

RMS dynamic range with 9 dB crest fac
tor margin over the top of the dynamic 
range 
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Averaging: Both exponential and linear 
averaging are provided 
Averaging Times : Averaging times of 
from 1/ 32 s to 128 s in a binary se
quence can be selected in both exponen
tial and linear averaging 
Confidence levels : 68% confidence le
vels of a < 2,0dB , a < 1,0dB and 
a < 0 ,5 dB can be selected in exponential 
averaging 

System Accuracy: 
Accuracy: Accuracy to a sine wave input 
at the filter center frequency is as fol
lows, (5 to 40°C)* : 
better than ± 0 ,2 dB 0 to 30 dB below 
FSD 
better than ± 0.4 dB 30 to 40dB below 

FSD 
better than ± 0,8dB 40 to 50 dB below 

FSD 
better than ± 1 ,5 dB 50 to 55 dB below 
FSD 
better than ± 2 ,0 dB 55 to 60dB below 
FSD 

W ith measurements more than 48 dB below full 
scale , the measuring sine wave should be ac

compained by another signal outside the mea 
sured channel, having an ampl itude greater 

than 40 dB below FSD 

Resolution: The spectral level which will 
be obtained from the alphanumeric dis
plays on the display screen will have the 
following resolution : 
0 ,1 dB 0 to 50 dB below FSD 
0 ,1 to 0 ,3 dB 50 to 55 dB below FSD 
0.4 to 0 ,8 dB 55 to 59 dB below FSD 
1 ,OdB 59 to 60dB below FSD 

Storage Modes: 
Input Spectrum Store: " Cont. " for con
tinuous update of the Input Spectrum 
Store with the latest RMS spectrum 
" Hold " holds the spectrum contained in 
the Input Spectrum Store and stops fur
ther updating 
" Max. Hold" for storing of the maximum 
RMS signal level in each channel 
Memory: "Store " stores the contents of 
the Input Spectrum Store in the Memory 
" Protect" prevents further updating of 
the Memory 

Display Screen: 
The display screen shows the contents of 
whichever store is selected by the Out
put Spectrum Selector 
Size: 11" 
Display Area : 15 em x 21 em (6 in x 8 

1/ 4in) 
Scale lines: 31 horizontal lines are elec
tronically generated directly on the 
screen for parallax-free readings, cali
brated in dB . The dB scale changes auto
matically with Input Attenuator and Ref
erence adjustments 
Representation of Channels: In 31 chan
nels, 30 of which represent 1/ 1 or 1/ 3 
octave information, and one represents 
the linear channel. Each channel is repre
sented by a column consisting of 1 0 ver-

tical lines , one of which is darkened to 
give channel separation . The channels 
are identified by the channel number, 
which is , (to the nearest integer) 1 0 
log10 f0 , where f 0 is the channel centre 
frequency . The columns represent which
ever frequency range is selected by the 
Frequency Range selector 
Brightness Control : Potentiometer regu 
lation of the scale lines and frequency 
spectrum . The scale brightness can also 
be independently varied , allowing fade
out so that only the frequency spectrum 
is seen 
Overload : Input Spectrum Function 
"Cont .": The spectrum display is intensi
fied when the analog Input Section of 
the 21 31 is overloaded 
Input Spectrum Function " Hold " : The 
spectrum display is kept intensified when 
the analog Input Section of the 2131 is 
overloaded 
Input Spectrum Function " Max. Hold" : 
Those channels in which overload occurs 
are kept intensified 
Channel Selector: The selected channel 
is indicated with an intensified column 
Alphanumeric Read-outs: " Center Fre
quency" gives the selected channel cen
ter frequency in Hz 
" Level " gives the selected channel level 
in dB , maximum reading 216dB . Dy
namic range 66 dB 
line Frequency: 16,67 kHz 
Frame Frequency: 45 ,5 Hz 

Analog Outputs: 
Preamplifier Output: Bandwidth , 1 Hz to 
200kHz 
Output Impedance, 100 0 , Maximum Vol
tage Swing 5 Vp, Minimum Load Imped
ance, 5 kO 
level Recorder Output : Output Imped
ance 1 kO , Maximum Output Voltage 
+ 1 5 V (nominal 1 2 V) 
level Recorder Control: Connection to 
the Level Recorder Control Socket is via 
Cable AQ 0027 for a 2305 and Cable 
AO 0035 for a 2307 
X / Y Output: Output Impedance 1 00 0 
X-ramp: Staircase voltage going from 0 
to 7,27 V in 45 s for a read -out starting 
at the 25Hz channel , and from 0 to 
1 0 V in 60s for a read-out starting at 
the 1 ,6Hz channel. For a read-out with 
alternating display, these times are in
creased by a factor of 8 (or 4 after inter
nal modification). Accuracy ± 10 mV 
Y-Level: 0 to 6,60V with a resolution of 
0,2 dB and accuracy of ± 10 mV. Pen lift 
control by contact closure 

Digital Input and Output: 
Code: ISO 7 -bit code (i . e . ASCII but 
without the parity bit) . Range 0 to 
216dB 
logic levels: TIL Compatible 
Dynamic Range: 66 dB 
Resolution : 0,1 dB 

IEC Standard Interface 
Interface built according to IEC proposal 

TC 66 (Central Office 22 , for program 
mable measuring apparatus. Allows digi 
tal input and output and remote program 
ming of the 2131 over the IEC interface 
bus . 
Functions Implemented: SH 1 , AH 1, T7 , 
T8,L3 , L4 , DC1. 

Remote Control 
After internal modification , remote pro
gramming is also possible via the Rem
ote Control Socket. 

Power Supply: 
100, 115, 127, 150, 220, 240V AC 
± 1 0% 50 to 60Hz, approx . 200 W 

Environment: 
Temperature Range: (for operation 
within specifications) + 5° C to + 40° C 
Storage Temperature : - 25°C to + 70° C 

Cabinet: 
Supplied as model A (lightweight metal 
cabinet). B (model A in mahogany cab
inet) or C (as A but with flanges for 
standard 19" racks) 

Dimensions and Weight: 
(A-cabinet without feet) 
Height: 310.4 mm (12 ,2 in) 
Width: 430 mm (16,9 in) 
Depth: 500 mm (19, 7 in) 
Weight: 29 kg (641b) 

Accessories Included: 
Mains cable AN 0010 
8-pole DIN plug JP 0802 
2 B & K plugs JP 0101 
1 BNC plug JP 0035 
Frequency Scale SC 0354 
1 Roll recording paper QP 11 53 

Accessories Available: 
Level Recorder Type 2305 control cable , 
AQ 0027 
Level Recorder Type 2307 control cable , 
AQ 0035 
Cable for connection of Tape Punch Type 
6301, WL 0166 
Cable for connection of Tape Reader 
Type 7102, WL 0165 
Cable for connection of Computer Type 
7504, WL 0167 
Interface to Computer Type 7504, Tape 
Reader Type 71 02, or Tape Punch Type 
6301, ZD 0097 
Cable for connection with IEC Interface , 
AO 0129 
Cable for connection with IEEE Interface, 
AO 0157 
5223 2 channel extension unit giving A , 
B, C, D, or Lin weighting with Fast. Slow 
or Impulse response in each channel 
25-pole plug for digital in / out sockets (2 
required) JP 2503 
(Kit comprising plug JP 2500, cover DH 
0271 and sliding lock DH 0272) 
1 5-pole plug for extension unit and rem 
ote control sockets JP 1 502 
(Kit comprising plug JP 1501 , cover DH 
0207 and sliding lock DH 0292) 



2. CONTROLS 

2.1. FRONT PANEL OF DIGITAL FREQUENCY ANALYZER TYPE 2131 

The Front Panel Controls of the 21 31 may be conveniently grouped into those used in 
general operation, those used in averaging control, those used in spectral storage and 
comparison, and those used in input/output control. 

With the exception of the INPUT ATT. 0 TO 100 dB and CHANNEL SELECTOR controls, 
the status of all pushbutton operated functions is shown by LED indicators. The indicator 
comes on when the function is active. 

2.1.1. Controls used in General Operation 

Preamp. lnou·t---::--i 

Reference Adjust dB Reference Input Att. 
100 dB J.J.V RMS 0 to 100 dB 

Filter Bandwidth 
---::-- Octave 

iiiliii 
IIIII 
iiii 

--::--System Reset 

Power 

760392 

Fig. 2. 1. Front Panel controls of 2131 used in General Operation 

PREAMP. INPUT 7 pin input for signal entry from most Bruel and Kjrer Microphone 
Preamplifiers. Input impedance 1 MO in parallel with 1 00 pF. Accepts 
standard Bruel and Kjrer plug part number JP 0701. The connection 
diagram is given in Fig.2.2. 
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Signal Input 

Heater Voltage 
+ 12.6 V (100 rnA) 

Heater Voltage 
+ 6,3 V (200 rnA) 

Polarization 
Voltage 
+ 200 V {10J.IA) 

Ground 
171293 

Fig. 2. 2. External View of the PREAMPLIFIER INPUT socket 

DIRECT INPUT Co-axial input to the 21 31 . Input impedance 1 MO in parallel with 
100 pF. Accepts standard Bri..iel and Kjrer plug part number JP 0101 
or BNC adapter part number JP 0144. Maximum input voltage 220 V 
RMS. 

SENSITIVITY Two screwdriver operated potentiometers placed below their respective 
INPUTS, allowing the Input gain to be adjusted to compensate for dif
ferent transducer sensitivities. They operate independently over a 
range of 4,7 dB to -1 OdB. 

REFERENCE ADJUST dB Allows the variation of the 21 31 reference level in steps of 1 0 dB. 

GAIN CONTROL 

UNCAL 

INPUT 

REFERENCE 
100 dB J1V RMS 

A-WEIGHTING 
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When it is set to "0", then assuming that the Input gain and Input Am
plifier gain are correctly adjusted, the reference level is 1 J1V RMS. 
Range of adjustment, -50 dB to+ 50 dB. 

(Note: Certain combinations of the REFERENCE ADJUST dB and INPUT 
ATI. 0 TO 1 00 dB control settings are illegal. See section 3.2 for de 
tails.) 

Gives continuous adjustment of the Input Amplifier gain. When set to 
"Cal.", the gain is fixed at maximum. The maximum variation from the 
"Cal." position is approximately -1 0 dB. Operates simultaneously on 
both the PREAMP. and DIRECT INPUTS. 

Shows when the GAIN CONTROL is not set to "Cal." 

"Preamp."- connects the PREAMP. INPUT to the Input Amplifier. 

"Direct" - connects the DIRECT INPUT to the Input Amplifier. 

Injects a 1 kHz sine wave into the selected INPUT for internal calibra
tion. With a correctly adjusted Input gain and the REFERENCE ADJUST 
dB set to "0", then the amplitude of the sine wave will read 1 00 dB 
RMS referred to 1 J1V. 

(Note: selecting this function isolates the active INPUT from its respec
tive socket.) 

A-Weights the input signal prior to its analysis. An A-Weighted analy
sis is then displayed, with the A-Weighted signal l,evel appearing in 
the "Linear" channel. 

With A-Weighting switched out, the frequency response of the Input 
Amplifier is linear to ± 0,2 dB from 2Hz to 50 kHz, and ± 0,5 dB from 



INPUT ATT. 
0 TO 100 dB 

SYSTEM RESET 

FREQUENCY RANGE Hz 

FILTER BANDWIDTH OCTAVE 

CHANNEL SELECTOR 

SCALE BRIGHTNESS 

INTENSITY 

POWER 

50 kHz to 200kHz. The bandwidth of the "Linear" channel (3 dB) is 
from 1 Hz to 27kHz. 

"-1 0 dB" subtracts 1 0 dB from the Input Attenuation setting each 
time it is pressed until the lower l_imit of 0 dB reached. 

"+ 1 0 dB" adds 10 dB to the Input Attenuation setting each time it is 
pressed until the upper limit of 100 dB is reached. 

(Note: certain combinations of the INPUT ATT. 0 TO 100 dB and REF
ERENCE ADJUST dB controls are illegal. See Section 3.2 for details.) 

Sets the pushbutton operated functions (excluding INPUT, REFERENCE 
1 00 dB pV RMS and A-WEIGHTING) to the fixed preset combination of 
settings as found when the power is switched on. 

"1,6- 1,25k"- sets the Frequency Range displayed to 1,6Hz to 
1 ,25kHz. 

"25 - 20 k" - sets the Frequency Range displayed to 25Hz to 
20kHz. 

(Note: the "Linear" channel is only analyzed and displayed when 1 I 1 
is selected, when it is displayed in channel W.) 

"1 13" - the input signal is analyzed and displayed in 113 octaves. 

"1 I 1" - the input signal is analyzed and displayed in octaves. 

(Note: the "Linear" channel is only analyzed and displayed when 1 I 1 
is selected, when it is displayed in channel W .) 

Two pushbuttons, which allow the selected channel to be moved to 
the right or to the left . The selected channel is intensified with respect 
to the rest of the Display Screen, alphanumeric read-outs giving its 
center frequency and amplitude, (see Section 2.2). Pushing a CHAN
NEL SELECTOR pushbutton once advances the selected channel one 
channel in the respective direction. Continued pressure produces a con
tinuous movement. 

(Note: the CHANNEL SELECTOR scans throughout the entire frequency 
range of the 2131, rather than just the display range, and may hence 
go off-screen. Its setting may always be read from the CENTER FRE
QUENCY read-out, though. Note further that although the CHANNEL 
SELECTOR will scan through them, no display or results will be ob
tained from the Channels from 25kHz to 160kHz inclusive unless an 
Extension Unit is connected to the 2131 ). 

Adjusts the brightness of the scale lines on the Display Screen. 

Adjusts the intensity of the Display Screen. 

Switches the power on when set in its upward position. On switch on, 
the pushbutton controlled functions will be automatically preset to a 
fixed combination of settings, (see Section 3.1 for details). 
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2.1.2. Controls used in Averaging 
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68% Confidence Level 

Fig.2.3. Front Panel controls of 2131 used in Averaging 
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AVERAGING START "Exp."- selects Exponential Averaging. On pressing "Exp." the 2131 
passes through AVERAGING CONTROL "Reset" to AVERAGING CON 
TROL "Proceed", in an automatic cycle lasting approximately 1 s. Data 
coming from the Filter Unit are then Exponentially Averaged according 
to the other Averaging Control settings. This continues for as long as 
"Exp." and "Proceed" are active. 

AVERAGING CONTROL 

20 

"Lin." - selects Linear Averaging. On pressing "Lin .", the 2131 
passes through the same "Reset"/"Proceed" cycle as found in Expon
ential Averaging. Data coming from the Filter Unit are then Linearly Av
eraged according to the other Averaging Control settings. This contin
ues for one Averaging Time, (selected using the AVERAGING TIME 
pushbuttons). On completion, AVERAGING CONTROL "Stop" is auto
matically selected. Control of the process then passes to the AVERAG
ING CONTROL pushbuttons. In Linear Averaging, the Averaging par
ameters can only be changed when AVERAGING CONTROL "Reset" is 
active. 

(Note: the 68% CONFIDENCE LEVEL pushbuttons are inhibited in Lin
ear Averaging). 

"Reset" - resets the Averager to zero, erasing all previous results. 
Also, it allows the Averaging parameters to be changed in Linear Aver
aging. 

"Proceed" - sets the Averager into operation. If the Averager was pre
viously in "Reset", then the selected Averaging process will begin 
from zero. If it was in "Stop" , then the selected Linear Averaging pro-



AVERAGING TIME 

68% CONFIDENCE LEVEL 

cess will continue from the point where it was stopped, the new re
sults being added to those already obtained. 

"Stop"- stops a Linear Averaging process. It is automatically selected 
when the data coming from the filter unit have been averaged for one 
Averaging Time. It can also be manually selected as required. 

Unlike "Reset", "Stop" does not clear the Averager. Instead whichever 
result was in the Averager at the time "Stop" was selected is held. To 
clear the Averager and select a new Averaging process, select 
"Reset". To continue the Average, adding the new results to the old, 
select "Proceed". The "Stop" /"Proceed" cycle can be used to intro
duce pauses into the Averaging Process, or to extend the Averaging 
Time beyond that normally available, (see Section 3.4.1 for details). 

(Note: "Stop" is inhibited in Exponential Averaging). 

1 3 pushbuttons used to select the Averaging Time in Linear and Expon
ential Averaging. 

Averaging Times of from 1/32 s to 1 28 s in binary sequence may be 
selected. They are constant across all channels with an accuracy of 
± 0,5 ps. Certain restrictions exist on the use of the shorter Averaging 
Times in the low frequency channels, (see Section 3.4 for details). 

(Note: in Linear Averaging, any change in the AVERAGING TIME set
ting is inhibited unless AVERAGING CONTROL "Reset" is active). 

3 pushbuttons used to select a 68% Confidence Level, u, in Exponen
tial Averaging. The Averaging Times are then varied across the chan
nels to give u < 0,5 dB, u < 1,0 dB, and u < 2,0 dB. For details of the 
Averaging Times used, see Section 3.4. The Averaging Time in the 
"Linear" channel is always equal to the shortest in use. 

(Note: these pushbuttons are inhibited in Linear Averaging. If Linear 
Averaging is selected while one of them is active, then the Averager 
will automatically reset to AVERAGING TIME "1" s). 

2.1.3. Controls used in Spectral Storage and Comparison. 

INPUT SPECTRUM FUNCTION "Cont." - causes the Input Spectrum Store to be continuously up
dated with the latest data output by the Averager . 

"Hold" - holds the contents of the Input Spectrum Store. No further 
updating of the Store occurs for as long as "Hold" is active. (To reset 
"Hold" select "Cont." and then reselect "Hold"). 

"Max. Hold" - causes the Input Spectrum Store to be only updated in 
a positive direction. A comparison between the Store's contents and 
the Averager output is made every 22 ms. The Store's Contents 
hence become the Maximum level to have occurred in each channel 
since "Max. Hold" became active. (To reset "Max. Hold", select 
"Cont." and then reselect "Max. Hold") . 
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Fig. 2. 4 . Front Panel controls of 2131 used in Spectral Storage and 
Comparison 

MEMORY FUNCTION 

OUTPUT SPECTRUM SELECTOR 

22 

"Store" - enters the contents of the Input Spectrum Store into the 
Memory. Assuming that "Protect" is not active, the Memory is up
dated each time "Store" is pressed. 

(Note: pressing "Store" resets the INPUT SPECTRUM FUNCTION to 
"Cont."). 

"Protect" - protects the contents of the Memory. As long as "Protect" 
is active, no further transfer of data from the Input Spectrum Store to 
the Memory is possible. 

(Note: although no data transfer occurs, selecting "Store" when "Pro
tect" is active wi II cause the "Protect" indicator to dim). 

"Input Spectr." - causes the output spectrum at the Display Screen 
and the other Outputs to be the contents of the Input Spectrum Store. 

"Stored Spectr." - causes the output spectrum to the Display Screen 
and the other Outputs to be the contents of the Memory. 

"Alternate Slow"- causes the output spectrum to alternate between 
"Input Spectr." and "Stored Spectr." with a 3,52 s cycle. "Stored 
Spectr." is active for 0,88 s of the cycle. 

"Alternate Fast" - as "Alternate Slow", but with an 88 ms cycle. 
"Stored Spectr." is active for 22 ms of the cycle. 



2.1 .4. Input and Output Controls 
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Fig. 2 . 5 . Input and Output controls of 2131 

INPUT / OUTPUT CONTROL 

Excluding analog read-outs, all read-ins and read-outs are made on a 
complete spectrum basis, i.e. 1,6 Hz to 20kHz for 1 / 3 octaves and 
2Hz to 16kHz for octaves. In an analog read-out, the first channel out
put depends on the FREQUENCY RANGE Hz setting. When this is "1,6 
- 1,25 k", the first channel output is 1,6 Hz for 1/ 3 octaves and 2Hz 
for octaves. For "25- 20k", it is 25Hz for 1/ 3 octaves and 31,5Hz 
for octaves. The last channel output is always 20kHz for 1/ 3 octaves 
and 16kHz for octaves. In all read-outs, the spectrum output is that se
lected by the OUTPUT SPECTRUM SELECTOR . 

"Input Digital"- connects the Input Spectrum Store to the DIGITAL IN / 
OUT socket on the Rear Panel of the 21 31 . A spectrum is then read 
into the Store from the socket. On completion of the read-in, INPUT 
SPECTRUM FUNCTION "Hold" is automatically selected, and the 21 31 
resets to "Input Analog". For full details of the digital read-in of data 
refer to Sections 3. 7 and 4.1. 

"Input Analog" - connects the Input Spectrum Store to the Averager 
output. The Store is then updated according to the data coming from 
the Averager and the INPUT SPECTRUM FUNCTION setting . 

"Output Digital" - causes the 21 31 to read out the spectrum selected 
by the OUTPUT SPECTRUM SELECTOR from the DIGITAL IN/OUT 
socket on its Rear Panel. On completion of the read-out, "Output 
Stop" is automatically selected . For full details of the digital read-out 
of data, refer to Sections 3 .8 and 4 .1. 

(Note: this read-out is inhibited if the OUTPUT SPECTRUM SELECTOR 
is set to "Alternate Fast" or "Alternate Slow". 
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"Output Analog" - causes the 2131 to read out a spectrum to a Le
vel Recorder via its LEVEL RECORDER OUTPUT and LEVEL RECORDER 
CONTROL sockets, or to an X-Y Recorder via its X-Y OUTPUT socket, 
on the Rear Panel. On completion of the read-out, "Output Stop" is au
tomatically selected. 

(Note: if "Output Analog" is pressed when both an X-Y Recorder and a 
Level Recorder are connected, the X-Y Recorder read-out will take 
priority. See section 3.6 for details). 

"Output Stop" - stops a read-out. It is automatically selected when a 
read-out is complete. 

2.2. DISPLAY SCREEN OF DIGITAL FREQUENCY ANALYZER TYPE 2131 

Center Frequency Level 

Selected Channel 

Fig.2.6. Display Screen of 2131 
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The Display Screen of the 21 31 shows whichever spectrum is selected by the OUTPUT 
SPECTRUM SELECTOR. The abcissa of the display is calibrated in channel number, this 
being (to the nearest integer) equal to 1 0 log 10 f 0 , where f 0 is the preferred center fre
quency of the octave or 1/3 octave channel in question. The ordinate is calibrated in dB. 

The channel selected by the CHANNEL SELECTOR is intensified with respect to the rest 
of the display. When the Input Section of the 2131 is overloaded, every second line of 
the display is intensified. The intensification is maintained for approximately one second 
or the duration of the overload, whichever is longer. 

CENTER FREQUENCY Alphanumeric read-out giving the preferred center frequency of the se
lected channel in Hz. 
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LEVEL Alphanumeric read-out giving the amplitude of the selected channel in 
dB with respect to the reference level of the 2131. With the REFER
ENCE ADJUST dB set to "0" and a correctly adjusted Input gain, this 
is 1J.1V. 

2.3. REAR PANEL OF DIGITAL FREQUENCY ANALYZER TYPE 2131 

Level Recorder Output 

Level Recorder Control 

X!Y Recorder Output 

Chassis 
Ground 

Signal 
Ground 

Voltage Selector 

Power Socket 

LEVEL RECORDER OUTPUT 

LEVEL RECORDER CONTROL 

11111111111111111111111111111 

11111111111111111111111111111 

11111111111111111111111111111 

Fig.2. 7. Rear Panel of 2131 

Preamplifier Output 

Expansion Unit 

Remote Control 

Digital 
In/Out 
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Co-axial output for the read-out of a spectrum to a Level Recorder. Ac
cepts standard Bruel and Kjaar plug part number JP 0101 or BNC adap
tor part number JP 0144. For details of the Level Recorder read-out, 
refer to Section 3.6.1. Output Impedance 1 kO, maximum Output Volt
age, 15 V. 

7 -pole DIN socket for the output of signals to control a Level Recorder 
read-out. Accepts plug Bruel and Kjaar part number JP 0703. For con
nection of a Level Recorder Type 2307, use cable part number AQ 
0035, and for connection of a Level Recorder Type 2305, use cable 
part number AQ 002 7. For details of the Level Recorder read-out, 
refer to Section 3.6.1. The pin functions of the sockets are given in 
Fig.2 .8. 

Digital Ground 

Pen lift 

+ 24 V from 
Level Recorder 

Filter Shift Pulses 
from Level Recorder 

760451 

Fig. 2. 8. External View of LEVEL RECORDER CONTROL socket 
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X-Y RECORDER OUTPUT 8-pole DIN socket for the read-out of a spectrum to an X-Y Recorder. 
Accepts plug Bruel and Kjcer part number JP 0802. For details of the 
X-Y Recorder read-out, refer to Section 3.6.2. The pin functions of the 
socket are given in Fig.2.9. 

Pen lift (short circuit during read-out) 
760452 

Fig.2.9. External View of X-Y RECORDER OUTPUT socket 

CHASSIS GROUND Banana socket for making an external connection to the chassis 
ground of the 21 31 . Accepts plug Bruel and Kjcer part number JB 
0002. 

SIGNAL GROUND As CHASSIS GROUND except that it connects to the signal ground of 
the 2131. 

PREAMPLIFIER OUTPUT 

EXPANSION UNIT 

REMOTE CONTROL 

DIGITAL IN/OUT 

VOLTAGE SELECTOR 
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(Note: CHASSIS GROUND and SIGNAL GROUND can be internally con
nected. See Section 3.1 for details). 

BNC socket for the output of the preamplified input signal to e. g., an 
Expansion Unit. Output Impedance, 1 00 0, maximum Voltage swing 
5 Vp, minimum Load Impedance, 5 kO. 

15-pole socket for the connection of an Expansion Unit. Connection is 
via a McMurdo DA-15 P plug, Bruel and Kjcer part number JP 1502 
(kit comprising of plug JP 1501, cover DH 0207 and sliding lock DH 
0292). For further details of the use of this socket, refer to 
Section 3 .1 0. TTL compatible. 

1 5-pole socket for the remote control of the 21 31 . Connection is via a 
McMurdo DA-1 5 P plug, Bruel and Kjcer part number JP 1 502, (kit 
comprising of plug JP 1 501, cover DH 0207 and sliding lock DH 
0292). For further details of the use of this socket, refer to 
Sections 3 .9 and 4.2. TTL compatible. 

Two 25-pole sockets connected in parallel for the digital input and out
put of data. Connection is via one or two McMurdo DB-25 P plugs, 
Bruel and Kjcer part number JP 2503, (kit comprising of plug JP 
2500, cover DH 0271 and sliding lock DH 0272). For further details 
of the use of these sockets, refer to Sections3.7, 3.8 and 4.1. TTL 
compatible . 

For selection of the correct mains voltage supply. The maximum allow
able variation in the supply is ± 10%. The VOLTAGE SELECTOR also 
holds the main fuse. This should be 3,15 A of the slow blow type 
when the VOLTAGE SELECTOR is set to 127 V and below and 2A 
slow blow for other settings. 



POWER SOCKET Connection is via cable part number AN 0010. The connection dia
gram is given in Fig.2.1 0. 

Blue Neutral 

Brown 

AC Power 
Supply l"tJ 

Live 

[ II I. II J 
,... 

Green and Yellow Ground 

172246 

Fig.2. 10. External View of POWER SOCKET 
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3. OPERATION 

Operation of the 21 31 is described in the following chapter. It opens by dealing with 
fairly general procedures. Later, it becomes more specific to the use of a particular func
tions, e. g. use of the Averaging functions. 

3.1. PRELIMINARY ADJUSTMENTS 

28 

Fan 
Protective 

Screen 

1. Before connecting the ·2131 to the mains power supply, check that the LINE VOL
TAGE SELECTOR is correctly set. Adjustments may be made by removing the central 
fuse, withdrawing the voltage selector and then replacing it such that the correct vol
tage shows through the slot in its rim. 

2. Grounding requirements will vary according to the individual instrument set-up. 
However, as a general rule it is recommended that SIGNAL GROUND and CHASSIS 
GROUND be short circuited. This connection can be made internally using the 
switch shown in Fig.3 .1. If the right hand side panel of the 2131, (viewed from the 
front), is removed, the switch will be found halfway down towards the rear of the 
Power Supply Module. It should then be set to its "Ground on Chassis" position. 
The only exception to this rule occurs when the connection has been made else
where in the instrument set-up. The switch should then be left in its "Ground Float
ing" position. 

Fig. 3. 1. Switch for internal connection of SIGNAL GROUND and 
CHASSIS GROUND 

Ground on Chassis/ 
Ground Floating Switch 

760398 

3. To prevent overheating, the Fan Protective Screen, shown in Fig.3.1, should be peri
odically removed and cleaned of any deposits of dust. 

4. Ensure that the supply of cooling air to the air vents of the 21 31 is unimpeded. Par-



ticular care should be taken when the instrument is rack mounted, since an insuffi
cient airgap at its sides could cause overheating to occur. A sufficient airgap may be 
considered as being two to three centimetres. Where it is not possible to leave such 
a gap, the mounting of an auxiliary cooling fan in the rack should be considered. 

5. Connect the instrument to the mains supply and switch on. The pushbutton oper
ated controls will automatically preset as follows: 

INPUT 
INPUT ATI. 0 TO 100 dB 
AVERAGING START 
AVERAGING TIME 
AVERAGING CONTROL 
FREQUENCY RANGE Hz 
FILTER BANDWIDTH OCTAVE 
INPUT SPECTRUM FUNCTION 
OUTPUT SPECTRUM SELECTOR 
INPUT /OUTPUT CONTROL 

CHANNEL SELECTOR 
REFERENCE 1 00 dB JJV RMS 
A-WEIGHTING 

"Preamp." 
"50" 
"Exp." 
"1" 
"Proceed" 
"25- 20 k" 
"1/3" 
"Cont." 
"Input Spectr." 
"Input Analog" 
"Output Stop" 
"1 ,6Hz" 
"Off" 
"Off" 

With the exception of the INPUT, REFERENCE 100 dB JJV RMS, and A-WEIGHTING, 
pressing SYSTEM RESET will reset these functions to the same settings. 

6. A few moments after switch on, the Display Screen will begin to operate. The 
SCALE BRIGHTNESS and INTENSITY Controls can be used to adjust the data display 
as necessary. 

7. Before commencing operation, allow one or two minutes for warm up. The ADCs in 
the 21 31 will be fully stabilised after 1 5 minutes operation. Until then, there is a 
risk of small measurement errors. 

3.2. CALIBRATION 

All frequency measurements made by the 21 31 are referenced to its internal 1 0 MHz 
crystal controlled master oscillator. Any special calibration of the frequency axis is hence 
unnecessary. 

The amplitude axis of the 21 31 may be calibrated using either an internal or an external 
reference. It is calibrated in dB, normally referenced to 1 JJV RMS. The reference level 
can be altered, however, using the REFERENCE ADJUST dB control. For example, set
ting, this to -20 dB will increase the reference level to 1 0 J1V RMS. Further adjustment 
is possible using the SENSITIVITY and GAIN CONTROL. 

The lowest scale line of the 2131 Display Screen cannot be set below OdB. This causes 
certain combinations of the REFERENCE ADJUST dB and INPUT ATI. 0 TO 100 dB con
trols to be illegal. For instance, settings of "-20" and "+ 1 0" respectively would mean 
that the lowest scale line corresponds to -10 dB. This, and other illegal combinations of 
the two controls is indicated by the disappearance of the bars at the tops of the channel 
display columns, and the disabling of the LEVEL read-out. This condition is illustrated in 
Fig.3.2. 
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Fig. 3. 2. Indication of illegal combination of INPUT ATT. 0 TO 
100 dB and REFERENCE ADJUST dB controls 

3.2.1. Calibration using the Internal Amplitude Reference of the 2131 
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The internal Amplitude Reference of the 21 31 is a 1 kHz sine wave having 1 00 dB am
plitude RMS referenced to 1 JJ.V. It may be used to calibrate the 21 31 as follows: 

1 . Set the controls of the 21 31 as follows: 

REFERENCE ADJUST dB 
GAIN CONTROL 
REFERENCE 1 00 dB J1V RMS 
AVERAGING START 
FREQUENCY RANGE Hz 
FILTER BANDWIDTH OCTAVE 
INPUT /OUTPUT CONTROL 
OUTPUT SPECTRUM SELECTOR 
INPUT SPECTRUM FUNCTION 
CHANNEL SELECTOR 

"0" 
"Cal." 
"On" 
"Exp." 
As relevant 
As relevant 
"Input Analog" 
"Input S pectr." 
"Cont." 
"1 kHz" 

2. Set the INPUT to whichever is to be used during the measurement. 

3. Set the INPUT ATT. 0 TO 1 00 dB such that the amplitude of the calibration signal in 
the 1 kHz channel is in the top 30 dB of the display range. 

4. When the reading is steady, read the amplitude in the 1 kHz channel from the LE
VEL read-out. If it is not 100,0 dB, adjust the SENSITIVITY potentiometer of the IN
PUT in use until 1 00,0 dB is obtained. 

5. The 2131 is now calibrated in dB referenced to 1 J1V RMS. To alter the reference le
vel, use the REFERENCE ADJUST dB and the GAIN CONTROL. The settings of the 
controls not mentioned in the above are irrelevant to the calibration, with the possi-



ble exception of the AVERAGING TIME. Although not critical, the selection of one of 
the shorter times will considerably ease adjustments. 

3.2.2. Calibration using an External Amplitude Reference 

Theoretically, any signal having known characteristics is a suitable External Amplitude 
Reference for the 2131. In practice, however, only sinusoidal signals are used, since 
more complex signals complicate the calibration procedure. The frequency of the sinu
soid should be such that it lies at the center frequency of a 1/3 or 1 I 1 octave channel 
of the 2131 . Calibration is then as follows: 

1 . Set the controls of the 21 31 as follows: 

REFERENCE 1 00 dB 11V RMS 
A-WEIGHTING 
AVERAGING START 
FREQUENCY RANGE Hz 
FILTER BANDWIDTH OCTAVE 
INPUT /OUTPUT CONTROL 
OUTPUT SPECTRUM SELECTOR 
INPUT SPECTRUM FUNCTION 

"Off" 
"Off" 
"Exp." 
As relevant 
As relevant 
"Input Analog" 
"I r.put Spectr." 
"Cont." 

2. Set the INPUT to whichever is to be used for the measurement. 

3. Set the INPUT ATI. 0 TO 100 dB such that the amplitude of the calibration signal is 
in the top 30 dB of the display range. 

4. Set the AVERAGING TIME or the 68% CONFIDENCE LEVEL such that any fluctua
tions in amplitude of the calibration signal are removed. 

5. Use the CHANNEL SELECTOR to read the amplitude of the calibration signal. Where 
it is not at a convenient level, (e. g. 124 dB where the calibration source is a Piston
phone Type 4220), the REFERENCE ADJUST dB, GAIN CONTROL, and SENSITIVITY 
controls can be used to make any adjustments. 

The settings of the 21 31 controls not mentioned in the above procedure are irrelevant to 
the calibration. 

3.3. GENERAL OPERATION, ANALOG INPUT 

The 21 31 will accept analog inputs via its PREAMP. INPUT from most Bruel and Kjcer 
Microphone Preamplifiers, or via its DIRECT INPUT from other signal sources. The input 
impedance of both INPUTS is 1 Mn in parallel with 1 00 pF. The maximum input voltage 
is 220V RMS. 

1 . Connect the signal source and select INPUT "Preamp." or "Direct", whichever is 
relevant. 

2 . Ensure that REFERENCE 100 dB 11V RMS is switched off. A-WEIGHTING may be 
switched on or off as required. When it is switched on, the input signal is passed 
through an A-Weighting Network prior to analysis. 

3. Press SYSTEM RESET. Excluding those mentioned above, the pushbutton controlled 
functions will reset to the power on combination of settings, (see Section 3.1 ). The 
spectrum of the input signal will appear on the screen . 
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4. Adjust the INPUT ATI. OTO 100dB as appropriate. Normally this should be such 
that the input level is just below overload. However, its setting might be influenced 
by the fact that the lower the input signal is in the 2131 dynamic range, the better 
is the crest factor capability. An input overload is indicated by an intensification of 
every second line of the displayed spectrum. 

5. Select the FREQUENCY RANGE and FILTER BANDWIDTH OCTAVE as appropriate. 

6. Any fluctuations in the signal levels displayed may be reduced or removed by using 
Averaging. See Section 3.4 for details. 

7. A "quick look" read-out of the spectrum may be obtained directly from the Display 
Screen. The ordinate is calibrated in dB, each thick line being 10 dB, and each thin 
one being 2 dB. The abscissa is calibrated in channel number, which, {to the near
est integer), is eq ua I to 1 0 log 1 0 f 0 , where f 0 is the channel center frequency. 

8. For more accurate information, use the CHANNEL SELECTOR and the CENTER FRE
QUENCY and LEVEL read-outs. When the CHANNEL SELECTOR is off-screen, check 
first the CENTER FREQUENCY read-out to see in which direction it should be moved 
to bring it back. If CENTER FREQUENCY gives no read-out, then the CHANNEL SE
LECTOR is set to the "Linear" channel. Note that this channel is only displayed on 
the Display Screen when FILTER BANDWIDTH OCTAVE is set to "1/1", when it ap
pears in channel W. 

9. To read the A-Weighted input signal level, set the CHANNEL SELECTOR to channel 
W, select FILTER BANDWIDTH OCTAVE "1 /1" and switch A-WEIGHTING in. 

1 0. The displayed spectrum may be stored, read out in analog form and read out in digi
tal form. Refer to sections 3.5, 3.6 and 3.8 for details. 

3.4. THE AVERAGING FUNCTIONS 
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The data produced by the Filter Unit of the 2131 may be averaged either linearly or ex
ponentially. One or the other of these functions is always active. When it is Linear Aver
aging any of 13 different Averaging Times may be selected. With Exponential Averaging, 
a further three processes become available to give averaging with constant confidence le
vel. The output of the Averager is the MS spectrum, which is logarithmically converted 
to form the RMS spectrum. 

In Linear Averaging, all data used in the Average have an equal influence on the final re
sult formed, i.e. they are linearly weighted. The Average proceeds over a fixed time win
dow. If this time window, {the effective Averaging Time), is T A seconds long, and the in
stantaneous value coming from the ith Channel in the Filter Unit is x; {t), then the pro
cess may be represented by the following equation: 

1 JTA - x. 2 (t) dt T I 
A o 

In the 21 31, however, the process operates digitally on sampled values. If the value of 
the rth sample to be output by the detector in the ith channel is T;r, {i.e. using the 
same notation as above, T ir = x2 ir), and the mean square value in this channel is A;, 
then: 



Nj 

A. 
I N I 

i r = 1 

T. 
1r 

If the time interval between each sample is t; seconds, and the bandwidth of the i.th 
channel is B i Hz, then assuming that t; < 1 /2 B;, the effective Averaging Time, T Ai , of 
the process is N; t; seconds. 

Linear Averaging produces an average that proceeds over a fixed period of time. All data 
falling within the Averaging Time window have an equal influence on the final result. 
All data falling outside this window are ignored. The final result becomes available on 
completion of the Averaging Time, whereafter it is held. 

In contrast, Exponential Averaging produces a running process. The Averaging Time win
dow moves with the data, to continuously produce new Averages according to the latest 
data input. Note that now the time window is exponential rather than linear by nature, 
and that the data used are exponentially weighted, i.e. the most recent data have the 
greatest influence on the Average being produced. Due to its continuous nature, Expon
ential Averaging is influenced by all events occurring while it is active. The size of the in
fluence is a function of the magnitude of the event and the selected Averaging Time. 

Using a similar notation to that used before for Linear Averaging~ Exponential Averaging 
may be described by the following equation. 

2 ft T xi(T) exp[ -2(t- T)/T A] d7 
A -oo 

where x; (r) is equal to x2 ; (t). In analog Exponential Averaging, the exponential weight
ing is produced using an RC network. The time T A is then normally equal to 2 RC. An 
equivalent process is produced in the 21 31 using the following algorithm: 

T. -A.( 1) 
Ai ( r - 1 ) + I r I r -

Ki 

Notation is again similar to that used for Linear Averaging, except that account must 
now be taken of the fact that new Averages are calculated for all values of r. K; is a con
stant. 

The correspondence between the above algorithm and the equation of the equivalent an
alog process is not immediately obvious. However, by setting T 0 equal to 1 and all 
subsequent values of Tr to zero, it is a simple matter to demonstrate, if required, that it 
produces exponential characteristics. By plotting the values of A;r with a reasonable 
value of K;, e. g. K; ~ 10, it will be seen that an exponential decay results. Further, the 
full significance of the factor K; will be demonstrated, since it will be seen that the initial 
slope of the decay intercepts the r axis at r = K;, and that A;r will have decayed to ap
proximately 36% of its initial value at this point. Hence, if the time interval between the 
samples is t;, the time constant of the process is K;t;,, and the effective Averaging Time 
is 2 K;t;. 

Both Linear and Exponential Averaging may be operated using a constant Averaging 
Time across all channels. It is selected using the AVERAGING TIME pushbuttons. Care 
should be taken when selecting an Averaging Time to ensure that the lower frequency 
channels produce valid data. It should be remembered that in all frequency analysis pro
cesses, it is a necessary requirement that B; T Ai ~ 1 if valid data is to be produced. In 
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Channel Number Centre Frequency Minimum Averaging 
Hz Time, s 

2 1,6 4 

3 2,0 4 

4 2,5 2 

5 3,15 2 

6 4,0 2 

7 5,0 1 

8 6,3 1 

9 8,0 1 

10 10,0 1/2 

11 12,5 1/2 

12 16,0 1/2 

13 20,0 1/4 

14 25,0 1/4 

15 31,5 1/4 

16 40,0 1/8 

17 50,0 1/8 

18 63,0 1/8 

19 80,0 1/16 

20 100,0 1/16 

21 125,0 1/16 

760022 

Table 3. 1. Minimum Averaging Time for Valid Data, 1/3 Octave 
Channels 

the 1/3 octave channels and octave channels having center frequencies of 125Hz and 
31 ,5Hz or below respectively, this relationship is not fulfilled for all AVERAGING TIME 
settings. The shortest AVERAGING TIME settings which may be used in them to produce 
valid data are given in Tables 3.1 and 3.2. Where shorter settings are used, the data pro
duced by them should be ignored. 

Channel Number Centre Frequency Minimum Averaging 
Hz Time, s 

3 2 1 

6 4 1/2 

9 8 1/4 

12 16 1/8 

15 31,5 1/16 
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Table 3.2. Minimum Averaging Time for Valid Data, Octave Chan
nels 



Channel 
Number 

3 

6 

9 

12 

15 

18 

21 

24 

27 

30 

33 

36 

39 

42 

The Averaging Time selected using the AVERAGING TIME pushbuttons is accurate to 
± 0,5 J..iS. Because the start of an Averaging process and sampling of the time signal en
tering the 21 31 are asynchronous, it is possible that this may not exactly be equal to 
the effective Averaging Time. Any possible difference between the two is minimal 
though, reaching a maximum of approximately 2% when averaging with a B; T Ai product 
close to 1, and diminishing rapidly with increasing B; T Ai product. 

In Exponential Averaging, it is also possible to average with a preset 68% Confidence Le
vel u. Using the same notation as before, in the ithe channel ui is defined as follows: 

a. 
I 2yB. TA. 

I I 

Then, in a RMS measurement on random data, there is a 68% chance that the result 
will fall within ± u; of the true mean value, a 96% chance that it will fall within ± 2~i· 
and a 99% chance that it will fall within ± 3 ai. 

In the 2131, u< 0,5 dB, u< 1 dB, and u< 2 dB across all channels can be selected. The 
Averaging Times used to achieve them are given in Table 3.3. Note that in 1/3 octave op
eration, the same Averaging Time is used in all three 1/3 octave channels within a parti
cular octave. Hence, the Averaging Time is only quoted octave by octave. 

Centre Averaging Time Averaging Time 
Frequency Hz 1/3 octaves octaves 

a< 0,5 dB a< 1 dB a<2dB a< 0,5 dB a< 1 dB 

2 512 128 32 128 32 

4 256 64 16 64 16 

8 128 32 8 32 8 

16 64 16 4 16 4 

31,5 32 8 2 8 2 

63 16 4 1 4 1 

125 8 2 1/2 2 1/2 

250 4 1 1/4 1 1/4 

500 2 1/2 1/8 1/2 1/8 

1000 1 1/4 1/16 1/4 1/16 

2000 1/2 1/8 1/32 1/8 1/32 

4000 1/4 1/16 1/64 1/16 1/64 

8000 1/8 1/32 1/128 1/32 1/128 

16000 1/16 1/64 1/256 1/64 1/256 

Table 3.3. Averaging Time used with various 68% CONF. LEVEL set
tings 

a<2dB 

8 

4 

2 

1 

1/2 

1/4 

1/8 

1/16 

1/32 

1/64 

1/128 

1/256 

1/512 

1/1024 
760023 
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Control of the Averaging Functions is via the AVERAGING START, the AVERAGING 
TIME, the AVERAGING CONTROL and the 68% CONFIDENCE LEVEL pushbuttons. 

3.4.1. Operation of Linear Averaging 
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Linear Averaging is operated as follows. Note that the 68% CONFIDENCE LEVEL con
trols are inhibited during Linear Averaging. 

1. Set AVERAGING START to "Linear". A Linear Averaging cycle will automatically 
start with the Averaging Time selected by the AVERAGING TIME controls. 

2. When the cycle is complete, the AVERAGING CONTROL "Stop" indicator will come 
on. Alternatively, pressing AVERAGING CONTROL "Stop" will stop the cycle before 
its completion. 

3. Press AVERAGING CONTROL "Reset". The required Averaging Time may now be se
lected using the appropriate AVERAGING TIME pushbutton. Remember the limita
tions on Averaging Time in certain channels indicated in Tables 3.1 and 3.2. (Note 
that in Linear Averaging it is only possible to select a new Averaging Time when AV
ERAGING CONTROL "Reset" is active.) 

4. To start the Averaging cycle, press AVERAGING CONTROL "Proceed". When the cy
cle is complete, the AVERAGING CONTROL "Stop" indicator will come on. The re
sult will then be stored in the Averager until a new Averaging process is selected. 

5. The Average may be stopped before it is complete by pressing AVERAGING CON
TROL "Stop", and then later continued from the stop-point by pressing AVERAGING 
CONTROL "Proceed". This "Stop"/"Proceed" cycle may be used an unlimited num
ber of times to introduce pauses into the Averaging process, during which, e. g., sig
nal sources can be changed. Alternatively, new Averaging processes can be se
lected. 

6. Pressing AVERAGING CONTROL "Proceed" after an Average has been completed 
will cause a new Averaging cycle to begin. The results from the new cycle are 
added to those obtained previously. The Averaging cycle may be repeated any num
ber of times in this way, (although noise considerations limit the maximum number 
of repetitions recommended to 3), allowing, e. g. the Averaging Time to be extended 
beyond the 128 s maximum normally available. Remember, however, that to main
tain calibration, the results obtained must be corrected for the number of repeti
tions. For one repetition, 3 dB should be subtracted from the results, for two repeti
tions, 4,8 dB should be subtracted, and for three repetitions, 6,0 dB should be sub
tracted. 

(Note that when using this process, if the signal level in any channel of the dis
played spectrum exceeds full scale, overflow might occur in it on addition of the 
next Average. This can be identified by the signal level in the channel coming back 
on-scale having been previously off-scale. Obviously, any further LEVEL reading in it 
should then be ignored. All other channels, where this phenomenon has not oc
curred, however, will continue to give correct readings). 

7. To clear the Averager, press AVERAGING CONTROL "Reset". A new Averaging 
Time may then be entered, if required, and the new cycle begun by pressing AVER
AGING CONTROL "Proceed". Alternatively, it is possible to pass through to "Pro
ceed" automatically by pressing AVERAGING START "Lin.". 



(Note: the 21 31 must remain a minimum of 120 ps in "Reset". However, this does 
not become important unless the 2131 is being remotely controlled. See 
Section 4.2 for details). 

8. At any time during the Averaging process, a storing function may be used. See 
Section 3.5 for details. 

3.4.2. Operation of Exponential Averaging 

1. Select AVERAGING START "Exp.". The Exponential Average will automatically begin 
according to the settings of the 21 31 Averaging controls. 

2. Select either an Averaging Time or a Confidence Level using the AVERAGING TIME 
or 68% CONFIDENCE LEVEL controls. Remember the limitations on Averaging Time 
in certain channels as indicated in Tables 3.1 and 3.2. 

3. Allow one Averaging Time to elapse before taking any results from the screen. 
When Averaging with constant Confidence Level, this time for each channel may be 
found by referring to Table 3.3. 

4. The Averaging Time or Confidence Level may be changed at any time by entering a 
new value using the appropriate pushbutton. Remember, however, to wait one Aver
aging Time before taking further results. 

5. At any time during the Averaging process, a storing function may be used. See 
Section 3.5 for details. 

3.5. THE STORAGE FUNCTIONS 

The 21 31 has two spectrum stores. The first of these, the Input Spectrum Store, oper
ates on the output of the Averager. It can be continuously updated with new data such 
that it always holds the latest spectrum output by the Averager; it can be continuously up
dated but only in a positive direction to form the maximum spectrum; or it can be used 
to hold a single time coincident spectrum. 

The second store, the Memory, operates on the output of the Input Spectrum Store. The 
contents of the Input Spectrum Store can be transferred to the Memory and then re
called at a later time, e. g., for comparison with new data. Note that where a spectrum 
is to be stored on a long term basis, the Memory should normally be used, since use of 
the Input Spectrum Store isolates the Averager from the Display Screen and Outputs. 

Control of the Storage functions is via the INPUT SPECTRUM FUNCTION and MEMORY 
FUNCTION controls. The OUTPUT SPECTRUM SELECTOR controls which of the two spec
trum stores is connected to the Display Screen and the Outputs. The functions of these 
controls is described in some detail in Section 2.1 .3, and since their use is somewhat 
self-explanatory, any further description here is kept to a minimum. 

1. On switch on, the INPUT SPECTRUM FUNCTION and OUTPUT SPECTRUM SELEC
TOR will be set to "Cont." and "Input Spectr." respectively. This combination 
causes a spectrum to be shown on the Display Screen which is continuously up
dated according to the latest data output by the Averager. 

2. OUTPUT SPECTRUM SELECTOR "Stored Spectr." is inhibited until a spectrum has 
been entered into the Memory. Although whatever is in the Memory will come to 
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Display Screen if "Stored Spectr." is pressed, the OUTPUT SPECTRUM SELECTOR 
will automatically revert to "Input Spectr." when the pushbutton is released. OUT
PUT SPECTRUM SELECTOR "Alternate Fast" and "Alternate Slow", and MEMORY 
FUNCTION "Protect" are likewise inhibited. 

3. When transferring a spectrum held in the Input Spectrum Store to the Memory, 
check first that MEMORY FUNCTION "Protect" is not active. Remember that press
ing MEMORY FUNCTION "Store" resets the INPUT SPECTRUM FUNCTION from 
"Hold" to "Cont.", while MEMORY FUNCTION "Protect" inhibits the read-in of data 
into the Memory. Hence, pressing MEMORY FUNCTION "Store" will in this case 
cause the spectrum held in the Input Spectrum Store to be lost. 

4. Both the Input Spectrum Store and the Memory will be erased if the power is 
switched off. 

3.6. ANALOG OUTPUT FROM THE 2131 

A spectrum may be written out from the 21 31 using either a Level Recorder Type 2305 
or 2307 or an X-Y Recorder. The spectrum written out is that selected by the OUTPUT 
SPECTRUM SELECTOR. The first channel output depends on the FREQUENCY RANGE 
setting, being 1,6 Hz when this is set to "1 ,6- 1,25 k", and 25Hz for a setting of "25 
- 20 k". The last channel output is always the 20kHz channel, unless an Extension 
Unit is connected. Note that when both a Level Recorder and a X-Y Recorder are ~on
nected to the 21 31, the X-Y recorder output will take priority. During an output, the 
21 31 generates an internal hold function to ensure that a time coincident spectrum is 
output. 

3.6.1. Analog Output to a Level Recorder Type 2305 or 2307 
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Fig. 3. 3. Instrument set-up for output from 2131 to Level Recorder 
Type 2305 or 2307 

Digital Ground 

Pen lift 

+ 24 V from 
Level Recorder 

Filter Shift Pulses 
from Level Recorder 

760451 

Fig. 3. 4. External View of LEVEL RECORDER CONTROL socket 



Fig.3.3 shows the instrument set-up for writing out a spectrum using a Level Recorder 
Type 2305 or 2307. Control of the output comes from the LEVEL RECORDER CONTROL 
socket on the 2131 . The pin function of this socket is shown in Fig.3.4. The output 
should be made using 50 dB Potentiometer ZR 0005 and Recording Paper QP 11 53 in 
the Level Recorder. A specimen output is then as shown in Fig. 3. 5. 

OP 11 53 BrUel & Kja:H Potent iometer Range:..22..dB Rectifier~Lower Lim . Freq .: .§Q_Hz Wr. Speed :.l§Q_ mm / sec . Paper Speed :-3_ mm / sec . 

D D DDD O DOOO O OD DDOODD D OOO D O DD D DDDDODOOODODD D ODODOOOD 
_ ga

75 
Measuring Object : Averaging: Ex p . 1 s Ret. Level : 40 dB Roc . No: 1 Sign .: 8.M.U_ Date : 19 .3 .76 

- 3 45 

- 2 3 

- 10 15 

1.6 2 3 .15 5 8 12 .5 20 3 1.5 50 80 125 200 31 5 630 1 ,25k 2 .5k 5k Weight.Netw . CJCJCJCJD 
160k 2 ,5 4 6 ,3 10 16 25 40 63 100 160 250 400 800 1.6k 3 ,15k 6 .3k 10k 16k 25k 40k 63k 

1 1 3 OCTAVE SAND CENTER FREQUENCY IN Hz 500 1 k 2k 4k Bk 1 2 . 5k 20k 3 1 . 5k 50k 80k 

Fig. 3. 5 . Specimen Level Recorder output 

A spectrum may be written out as follows: 

1 . Connect the LEVEL RECORDER OUTPUT of the 21 31 to the INPUT of the Level Re
corder. 

2 . Connect the LEVEL RECORDER CONTROL socket of the 21 31 to the REMOTE CON
TROL socket of the Level Recorder . The correct cable to use is Bruel and Kjcer stand
ard cable AQ 0027 in the case of a 2305r and standard cable AQ 0035 in the case 
of a 2307. 

3. Set the Level Recorder up for continuous DC recording. Refer ·::.' the relevant Level 
Recorder Instruction Manual for details. Although not critical , a LOWER LIMITING 
FREQUENCY of "50 Hz" and a WRITING SPEED of "160 mm/ s" is recommended for 
the Level Recorder . The PAPER SPEED should be set to "3 mm/ s" . 

4. The 21 31 outputs a spectrum having a dynamic range of 60 dB, the same range as 
is shown on the screen. Using the recommended 50 dB Potentiometer ZR 0005, the 
Level Recorder can record a 50 dB portion of this. Amplitude calibration of the Level 
Recorder can be made by setting the CHANNEL SELECTOR of the 21 31 to a chan
nel having a signal level in the upper part of the 21 31 display range , but not in the 
upper 1 0 dB, (the exact value is otherwise not important). The INPUT POTENTIOME
TER of the Level Recorder can then be used to set the pen deflection accordingly . 
Setting a pen deflection equal in dB to the deflection in the channel on the display 
screen will mean that the bottom 50 dB of the displayed data will be written out. 
Setting a pen deflection which is 10 dB low will make this the top 50 dB. (It is possi
ble to write out the whole 60 dB display range using the 75 dB Potentiometer ZR 
0006 . However, this will lead to a loss in resolution.) 

5. Set the FREQUENCY RANGE of the 2131 as required for the output . 

6. Position the recording paper with respect to the Level Recorder paper according to 
the first channel to be written out. This should correspond to a frequency of approxi-
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mately 1 ,4Hz for an output starting at the 1 ,6Hz channel, and approximately 22Hz 
for an output starting at 25Hz. 

7. Synchronism between the frequency scale on the recording paper and the filter 
shift pulses of the Level Recorder may be checked by writing out the spectrum of 
the 2131's reference signal. When synchronism is exact, the switch from the 
800Hz channel to the 1 kHz channel on the paper should take place at 900Hz. For 
details on making adjustments to the synchronism, refer to the relevant Level Recor
der Instruction Manual. 

8. The Level Recorder is now ready to write out spectra from the 2131. On pressing IN
PUT /OUTPUT CONTROL "Analog Output", whichever spectrum is selected by the 
OUTPUT SPECTRUM SELECTOR will be written out. Control of the output is auto
matic. The CHANNEL SELECTOR will move with the output to indicate which chan
nel is being output at a particular time. 

9. On conclusion of an output, INPUT /OUTPUT CONTROL "Output Stop" will be auto
matically selected. Alternatively, the output may be stopped before its conclusion by 
manually selecting this function. 

3.6.2. Analog Output to an X-Y Recorder 
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Spectra may be written out on an X-Y Recorder via the X-Y RECORDER OUTPUT socket. 
The pin function of the socket is shown in Fig.3.6. Note that to enable the X-Y Recorder 
output, pins 4 and 6 of the X-Y RECORDER OUTPUT socket must be short circuited exter
nally to the 21 31 . 

Pen lift (short circuit during read-out) 
760452 

Fig.3.6. External View of X-Y RECORDER OUTPUT socket 

The X output from the socket is in the form of a staircase voltage having a maximum 
value of 7, 2 7 V in the case of an output starting at the 25Hz channel, and 1 0 V when 
the first channel output is 1 ,6Hz. The outputs last for 45 s and 60s respectively. TheY 
output for a particular channel is a voltage proportional to the difference between the 
channel level in dB and the value of the bottom line of the 21 31 Display. The maximum 
voltage output is 6,60 V corresponding to 66 dB. A linear amplitude output may be ob
tained by taking the Y output from the LEVEL RECORDER OUTPUT rather than the X-Y 
RECORDER OUTPUT. The maximum output voltage is then 15 V. 

A spectrum is written out on an X-Y Recorder by following the same operational proce
dure as for writing it out on a Level Recorder, noting the following exceptions: 

1. In calibration of the Y axis, it should be remembered that an X-Y Recorder can re
cord the full 66 dB output range, (i.e. 60 dB display range plus 6 dB over the high
est line on the display), and not just 50 dB as in the case of a Level Recorder 



Amplitude dB 

equipped with Potentiometer ZR 0005. Otherwise, the amplitude calibration proce
dure is identical. 

2 . To calibrate the X axis, press the right hand pushbutton of the CHANNEL SELEC
TOR. A voltage of 7,2 7 V will then appear at the X output of the X-Y RECORDER 
OUTPUT . 

3. When the OUTPUT SPECTRUM SELECTOR is set to "Alternate Slow", the output will 
switch between the contents of the Input Spectrum Store and the Memory, to pro
duce an output similar to that shown in Fig.3.7. The rate of switching between the 
two is the same as on the 21 31 Display, with the trace being divided in the ratio 
3:1 between the Input Spectrum Store and the Memory. During such an output, the 
X-output is slowed by a factor of 1 0. (It is also possible to record an alternating out
put on a Level Recorder. However, since all synchronism between the recording 
paper and the output is lost, this is not recommended) . 

Channel Number 760458 

Fig. 3. 7. Specimen output of Alternating Spectra 

4. If required, the X-output can be slowed by a factor of 5 instead of 1 0 during an alter
nating output. This involves moving resistor R 72 on board ZD 0099 of the 2131 as 
indicated in Fig.3.8 . Board ZD 0099 is to be found in slot 3 of the 2131. 
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This is 

To slow the read-out rate by a factor of 5, 
connect R 72 between these two points 

R72 -----
When it is connected 
here, the read-out 
rate in an alternating 
output is slowed by 
a factor of 1 0 

Fig. 3 . 8 . Positions of Resistor R 72 on Board ZD 0099 for different 
output rates when outputting Alternating Spectra 

760400 

3.6.3. Analog Output to a Bri.iel & Kjmr X-Y Recorder Type 2308 
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Fig.3.9 . Set-up for Analog Output from a 2131 to an X -Y Recorder 
Type 2308 

Analog outputs may be made to a Bruel & Kjcer X-Y Recorder Type 2308 by following 
the procedure given in Section 3. 6. 2 . The 21 31 is connected to the 2308 via Bruel & 
Kjcer special cable WL 0340. The connection diagram for this cable is given in Fig.3.1 0 
and the signal lines are given in Table 3.4. The cable should be used to connect the X-Y 
RECORDER OUTPUT socket of the 21 31 to the REMOTE 1 and Y INPUT sockets of the 
2308 . 



2131 

X-Y 
Recorder 
Output 

Coaxial Cable 

2308 

Connect 
to 

Remote 1 

Connect to Y Input 

780219 

Fig. 3. 1 D. Connection diagram Cable WL 0340 

2131 Signal 2308 

Pin 1 Pen lift Pin 4 
2 Analog gnd 2 
3 Pen lift 
4 X-Y Recorder connected 
5 Analog gnd 
6 X-Y Recorder connected 
7 Y level 
8 X ramp 8 

780196 

Table 3. 4 . WL 0340 signal lines 

When recording paper QP 1001 is used on the 2308, calibration is as follows: 

1. Press SYSTEM RESET on the 21 31, and use X-ZERO SET on the 2308 to position 
the 2308 pen to 25Hz . 

2 . Press the right hand pushkey of the 21 31 CHANNEL SELECTOR, (X-CAL}, and hold 
it down . Use the 2308 X-RANGE and GAIN to set the 2308 pen to position 40kHz 
on the paper. Release the CHANNEL SELECTOR pushkey . 

3 . Set the CHANNEL SELECTOR of the 21 31 to a channel, the level of which is below 
the bottom line of the 21 31 display screen . Use Y -ZERO SET on the 2308 to set the 
2308 pen to the bottom line of the paper. 

4 . Press REFERENCE 1 00 dB pV RMS on the 21 31 and set the CHANNEL SELECTOR 
to the 1 kHz channel. Use the 2308 Y -RANGE and GAIN to set the 2308 pen to 
50 dB on the paper. (Note that this assumes that the 2131 is calibrated such that 
the reference reads 100 dB with a REFERENCE ADJUST dB setting of 0 dB.) 

5. Calibrated read-outs can now be made . 

Use X-ZERO SET on the 2308 to position the 2308 pen to: 

(i) 1, 6Hz for start of read-out in the lower frequency range. 

(ii) 25Hz for start of read-out in the higher frequency range. 
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3.7. DIGITAL INPUT TO THE 2131 

In this section, only the digital input of data from a Bri.iel & Kjrer Tape Reader Type 
71 02, over the optional interface ZD 0097 is described. For full details of the digital in
put of data over the IEC interface, fitted as standard in the 2131, refer to Chapter 4. For 
details of digital input of data over ZD 0097, refer to the ZD 0097 Instruction Manual. 

The frequency range of a digital input for octave operation is 2 Hz to 1 6kHz plus chan
nel W, and for 1/3 octave operation, 1,6 Hz to 20kHz. Since the first channel input is 
the reference channel, i.e., the value of the lowest line on the screen, this gives 16 
channels input for octave operation, and 43 channels input for 1/3 -octave operation. 
The dynamic range of an input is 66 dB, i.e., 60 dB display range plus 6 dB over the 
highest line on the display. 

3.7.1. Digital Input from a Bri.iel and Kjcer Tape Reader Type 7102 
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Spectra punched out from the 21 31 using a Bri.iel and Kjrer Tape Punch Type 6301, 
(see Section 3. 8 . 1 ), may be re-entered into the 21 31 via a Tape Reader Type 71 02. 
Spectra generated externally and punched onto tape using a Teletypewriter or a Compu
ter may be similarly input. All digital inputs should be encoded in ISO 7-bit code (i.e., 
ASCII but without the parity bit), and particular attention is drawn to the formatting infor
mation given in Section 4 . 1. 1. Digital inputs should only be made in the format which 
the 21 31 is set to receive . 

-= ~-
WL 0165 

" 

Ta e Reader p 
Type 7102 

• 
-~-

llll -••• = 
II .. 

eo• ···-= = = = . -· ==· - -Digital Frequency Analyzer 
Type 2131 

760454 

Fig. 3. 11 . Set-up for Digital Input of a spectrum to the 2131 from a 
Tape Reader Type 7102 

Fig . 3 . 11 shows the instrument set-up for digital input of data to the 21 31 from a Tape 
Reader Type 71 02 . Operation is as follows: 

1 . Connect the 7102 to either of the DIGITAL IN/OUT sockets using Bri.iel and Kjrer 
special cable number WL 0165. Whichever of the two sockets is used is immaterial. 

2. Load the punched tape of the spectrum to be input onto the 7102 such that the first 
character of the spectrum is over the 71 02 read head. 

3 . Press INPUT / OUTPUT CONTROL "Input Digital". The 7102 will begin to read the 
contents of the tape into the Input Spectrum Store of the 21 31. 

4 . On conclusion of the input, the 7102 will stop, and INPUT SPECTRUM FUNCTION 
"Hold" will be automatically selected. INPUT / OUTPUT CONTROL "Input Analog" 
will also be automatically selected . Hence, if the OUTPUT SPECTRUM SELECTOR is 
set to "Input Spectr .", the spectrum input will be displayed . 



3.8. DIGITAL OUTPUT FROM THE 2131 

In this section, only the digital output of data to a Bruel & Kjrer Tape Punch Type 6301 
and an Alphanumeric Printer Type 231 2 are described . For full details of the digital out
put over the IEC interface, refer to Chapter 4. Note that output to the 6301 requires that 
the 2131 is fitted with the optional interface ZD 0097 rather than the standard IEC inter
face. For full details of digital output over ZD 0097 refer to the ZD 0097 Instruction 
Manual. 

The frequency range of a digital output for octave operation is 2Hz to 16kHz plus chan
nel W, and for 1/ 3 octave operation, 1,6 Hz to 20kHz. Since the first channel output is 
the reference channel, i.e ., the value of the lowest line on the screen, this gives 16 
channels output for octave operation, and 43 channels output for 1/3 octave operation. 
The dynamic range of an output is 66 dB, i.e., 60 dB display range plus 6 dB over the 
highest line on the display. 

3.8.1. Digital Output to a Bruel and Kjcer Tape Punch Type 6301 

Spectra stored in the Input Spectrum Store and the Memory of the 2131 may be digi
tally output to a Bruel and Kjrer Tape Punch Type 6301 . The output is in ISO 7 -bit code, 
(i.e. ASCII but without the parity bit), with formatting information. The 6301 punches 
this information directly. Spectra transferred onto punched tape using the 6301 may be 
re-entered . into the 21 31 using the Bruel and Kjrer Tape Reader Type 71 02 (see 
Section 3 . 7.1 ). During an output, the 21 31 generates an internal hold function to en
sure that a time coincident spectrum is output. 

Fig .3.12 shows the instrument set-up for digital output of data to a Tape Punch Type 
6301. Operation is as follows: 

• 
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Digital Frequency Analyzer 
Type 2131 

Tape Punch Type 6301 

760455 

Fig. 3. 12. Set-up for Digital Output of a spectrum from the 2131 to a 
Tape Punch Type 6301 

1. Connect either of the DIGITAL IN / OUT sockets of the 2131 to the SUPPLEMEN
TARY SOURCE INPUT of the 6301 using Bruel and Kjrer special cable number WL 
01 66. The plug having the sliding lock should be connected to the 21 31. Which of 
the two DIGITAL IN / OUT sockets of the 21 31 is used is immaterial. 

2. Use the FEED CONTROL BUTION of the 6301 to run a little blank "leader" tape. 

3. Set the OUTPUT SPECTRUM SELECTOR according to the spectrum which is to be 
output. Note that the digital output of data is inhibited when "Alternate Fast" or "Al
ternate Slow" is selected. 

4. Press INPUT / OUTPUT CONTROL "Output Digital". The 6301 will begin to punch 
the spectrum. During the output, the CHANNEL SELECTOR of the 21 31 will move 
to indicate which channel is being punched at a particular time. 

45 



5. On conclusion of the output, INPUT /OUTPUT CONTROL "Output Stop" will be auto
matically selected. Alternatively, the output may be stopped before its conclusion by 
manually selecting this function. 

3.8.2. Digital Output to a Bruel & Kjrer Alphanumeric Printer Type 2312 

IIIII ... . -.-. 
=== 
__ I I _ 

AO 0129 or AO 0144 

• I 1_ 111 II iil!i ~ t-------------------v'l -=====· 
Digital Frequency 

Analyzer Type 2131 
Alphanumeric 

Printer Type 2312 

790353 

Fig. 3. 13. Set-up for Digital Output from a 2131 to an Alphanumeric 
Printer Type 2 312 

Fig.3.13 shows the set-up for a digital output from the 2131 to the Bruel & Kjcer Alpha
numeric Printer Type 231 2. The format of the output is described in Section 4 . 3, and 
the 231 2 will print this directly. During the output the 21 31 generates an internal hold 
to ensure that a time coincident spectrum is output . The procedure for obtaining a read
out is as follows: 

1. Set the IEC interface of the 21 31 to its manual mode, (see Section 4. 2). 

2 . Connect one of the DIGITAL IN / OUT connectors of the 2131 to the INTERFACE BUS 
connector of the 2312 using Bruel & Kjcer standard cable AO 0129 or AO 0144. 

3 . Set the INTERFACE MODE SWITCH of the 231 2 to "IEC Listen Always", the PRINT 
switch to "Auto", and the CLOCK CONTROL SELECTOR to "Ext.". 

4 . Clear the 2131 IEC interface by pressing SYSTEM RESET. 

5. Print-outs of the displayed spectral levels on the 2131 can now be obtained as re
quired from the 2312. To obtain a print-out press OUTPUT "Digital" on the 21 31. 

3.9. REMOTE PROGRAMMING OF THE 2131 
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The 2131 may be remotely programmed via its DIGITAL IN/OUT socket, or, after an in
ternal modification, via its REMOTE CONTROL socket . When the DIGITAL IN / OUT socket 
is used, full digital input and output is available in addition to the remote programming 
facilities, while the REMOTE CONTROL socket only allows remote programming . 

Connection to the 2131 via its DIGITAL IN/OUT sockets is to the IEC interface, fitted as 
standard . For full details of remote programming of the 2131 over the IEC interface, and 
the digital input and output of data, refer to Chapter 4. Details of how the 21 31 can be 
remotely programmed over its REMOTE CONTROL socket are given in Chapter 5. 

When the 21 31 is equipped with optional interface ZD 0097 the Bruel & Kjcer Compu
ter Type 7504 can be connected directly to the DIGITAL IN / OUT socket of the 2131 us
ing Bruel & Kjcer special cable WL 0167, as shown in Fig.3.14 . The Computer can then 
extend almost complete software control over operation of the 21 31. For full details of 



the remote programming of a 2131 by a 7504, and the digital input and output of data, 
refer to the ZD 0097 Instruction Manual. 

• 
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Digital Frequency Analyzer 
Type 2131 

Computer Type 7504 

760456 

Fig. 3. 14. Connection of a 2131 with a Computer Type 7504 for Digi
tal Input and Output of data and Remote Programming 

3.1 0. EXTENSION UNITS 

The 21 31 is built with display facilities for nine extra channels. Special Extension Units 
may be supplied to use these extra channels, e. g., to give analyses up to 160kHz. The 
Extension unit takes its input from the PREAMPLIFIER OUTPUT of the 21 31, and it is 
controlled via the EXTENSION UNIT socket. Connection to this socket is via a McMurdo 
1 5-pole plug, Bruel and Kjcer part number JP 1 502, (a kit comprising of plug JP 1 501, 
cover DH 0207 and sliding lock DH 0292). The pin diagram of the plug is given in 
Fig.3.15, and the pin functions are given in Table 3.5. 

01 
90 02 
00 

03 
10 04 
20 05 
30 06 
40 0 7 

50 08 

572024 

Fig. 3. 15. External View of EXTENSION UNIT socket 

Pin No. Mnemonic* Function 

1 OCTVL- Octave bandwidth selected 
2 
3 CELCL- Clear log counter 
4 ACULE+ Count up least significant digit 
5 ADRVL+ Data received 
6 ADROL+ Data request 
7 URG2L+ Underrange 
8 ACUME+ Count up most significant digits 
9 GFRUL- Go to extended frequency range 

10 
11 
12 
13 FROUL- Extended frequency range selected 
14 GND Ground 
15 ADREL+ Data ready 

*See Service Instructions for details. 760024 

Table 3.5. Pin Function EXTENSION UNIT socket 

47 



Extension Units are built to special order. Contact our local representative for details. De
tails of the operation of an Extension Unit with the 2131 are given in a special Instruc
tion Manual delivered with the Extension Unit. 

3.11. RACK MOUNTING OF THE 2131 
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The 21 31 can be adapted for mounting in a 1 9" rack by attaching the Rack Mounting 
Flanges kit KS 0027. The rack mounting points on the 2131 may be accessed as fol
lows: 

1 . Slide out the bottom cover of the 21 31 cabinet approximately. 5 em, and unclip the 
plastic retaining clips to be found at the front of the lower edges of the 21 31 . 

2 . The covers retained by the clips may now be slid out to expose the rack mounting 
points of the 2131 . These are shown in Fig .3 .16. 

3. Screw on the Rack Mounting Flanges KS 0027 . 

4 . Attention is again drawn to the fact that care should be taken when rack mounting 
the 21 31 that the supply of cooling air should be unimpeded. 

Fig. 3 . 16. Points for attaching Rack Mounting Flanges 



4. DIGITAL DATA TRANSFER AND REMOTE CONTROL OF THE 2131 
VIA THE IEC INTERFACE 

The digital interface of the 21 31 is designed according to the IEC proposal "Interface for 
Programmable Measuring Apparatus Byte-Serial Bit Parallel" TC 66 (Central Office) 22. 
Since the only significant difference between this proposed standard and the IEEE stand
ard 488-1975/ ANSI MC 1 .1-1 975 is the type of connector used, compatability with 
the IEEE/ ANSI standard is only a question of which connecting cable is used. Connec
tion of the 2131 to an IEC interface bus system is made from either of the DIGITAL 
IN / OUT sockets on the rear panel of the 2131, using B & K standard cable AO 0129. 
Connection to an IEEE/ ANSI interface bus system is made from the same sockets using 
cableAO 0157. 

It is important to note that although the 21 31 interface is designed according to the IEC 
proposal, compatibility with interfaces designed according to the IEC proposal or the 
IEEE / ANSI standard by other manufacturers cannot be guaranteed since differences can 
still occur within the limits of the specifications . Where compatibility is in doubt, contact 
our local representative for details. 

4.1. IEC FUNCTIONS IMPLEMENTED 

The interface of the 21 31 implements the following functions, as specified by the IEC 
proposal. The clauses referred to are the relevant sections in the IEC proposal in which 
the functions are specified. The equivalent sections in the IEEE/ ANSI standard are given 
in parentheses. 

Clause 6, Source Handshake Interface (SH) Function, (Section 2 .3) 
SH 1 - complete capability 

Clause 7, Acceptor Handshake Interface (AH) Function, (Section 2.4) 
AH 1 - complete capability 

Clause 8, Talker Interface (T) Function, (Section 2.5) 
Talker for data: T7 
Talker to give status of Controls: T8 

Clause 9, Listener Interface (L) Function, (Section 2.6) 
Listener for data: L3 
Listener for programming of controls: L4 

Clause 13, Device Clear Interface (DC) Function, (Section 2.1 0) 
DC 1 - complete capability 

All other functions, no capability 

For further details of the above functions, refer to the relevant section of the IEC propo
sal or the IEEE/ ANSI standard. 
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4.2. SELECTION OF ADDRESSES 
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Each of the four talker and listener functions of the 21 31 IEC interface has a separate 
address. They are set in ISO 7-bit code, (i.e., ASCII, but without the parity bit), and set
ting one of the addresses automatically sets the other three. On delivery, the data talk 
address is set to P, the control status talk address is set to Q, (= P + 1 ), the data listen 
address is set to 0, and the control programming listen address is set to 1 (= 0 + 1 ). 

Switches for setting addresses 770516 

Fig. 4. 1. Location of switches for setting address codes on Board ZD 
0162 

The IEC interface is mounted on Board ZD 01 62, which is to be found in slot 1 of the 
21 31. The various listen and talk addresses are set using the switches on the Board, in
dicated in Fig.4.1. There are five pairs of switches, numbered 1 to 5. Only switch pairs 
2 to 5 are used to set the addresses. The function of switch pair 1 will be explained la
ter . As viewed in Fig .4. 1, depressing the lower switch of each pair gives logic 1, and de
pressing the upper one gives logic 0. The addresses obtained for each combination of 
switch settings are given in Table 4.1. Note that the combination 1111 should never be 
used, since it will give a status talk address of -, which corresponds to untalk, and a 
programming listen address of ? , which corresponds to unlisten. 

Switch pair 1 sets whether the interface is in its manual or its addressable mode. Logic 
0 sets the interface to its manual mode. Digital data transfers between the 21 31 and an 
IEC or IEEE/ ANSI interface bus system can then only be initiated from the 21 31, using 
the INPUT /OUTPUT CONTROL "Input Digital" and "Output Digital" pushbuttons on the 
2131 front panel, and are limited to the input and output of spectra. Remote program
ming information transfers cease to be possible in this mode, since the 21 31 cannot be 
addressed. Note that ·in this mode, when starting the digital input after a digital output, 
and vice versa, it is first necessary to press SYSTEM RESET. This is to deaddress the in
terface. 

When switch pair 1 is set to logic 1, the interface is in its addressable mode. Digital 
data transfers can then either be initiated remotely over the interface, or from the front 
panel controls, and the front panel controls may be remotely programmed. Note that be-



Switch Pair Data talk Status talk Data listen Programming listen 

5 4 3 2 

0 0 0 0 @ A SP ! 
0 0 0 1 B c " # 
0 0 1 0 D E s % 

0 0 1 1 F G & I 

0 1 0 0 H I ( ) 

0 1 0 1 J K * + 
0 
0 
1 

1 
1 
1 

1 

1 
1 

1 1 0 L M I -
1 1 1 N 0 I 
0 0 0 p 0 0 1 

0 0 1 R s 2 3 
0 1 0 T u 4 5 
0 1 1 v w 6 7 
1 0 0 X y 8 9 
1 0 1 z [ : I 

1 1 0 \ J < = 
760075/ 1 

Table 4. 1. 2131 Talker and Listener Addresses 

fore a digital data transfer can proceed, the 21 31 must be addressed. Note also that 
SYSTEM RESET no longer de addresses the interface. Addressable mode is factory set on 
delivery. 

4.3. DATA FORMATS 

The 21 31 is internally programmed to transmit and receive spectra over its IEC interface 
in either of two data formats. They correspond closely with "Typewriter Format" and 
"Computer Format" to be found on the Bruel & Kjrer Tape Punch Type 6301. Selection 
of the format is made by setting the position of a jumper wire on Board ZD 0098, to be 
found in slot 2 of the 21 31. The Board, together with the possible positions of the jum
ber wire and the corresponding format is shown in Fig.4.2. Once the format has been 
chosen, it is essential to comply with it when making digital inputs if a correct input is to 
be obtained. All inputs and outputs are encoded in ISO 7-bit code, i.e., ASCII, but with
out the parity bit. 

In the digital input or output, the first channel to be transferred is the reference channel, 
i.e., the value of the· bottom line of the 2131 display screen. Thereafter, for a 1/3 oc
tave input or output, the levels in the channels from 1 ,6Hz to 20kHz are transmitted in 
sequence, while for an octave input or output, it is the channels from 2Hz to 16kHz 
which are transmitted, followed by Channel W. The number of channels input or output 
in 1/3 octave mode is hence 43, while for octave mode, it is 16. After the last channel 
has been transmitted, the transfer is terminated with an end of transmission, (EOT), 
character. While this last character is being transmitted, EOI, (end or identify), is set 
true . 

In format 1, (similar to "Computer format" on the 6301 ), each channel is transmitted as 
follows: 
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For Format II , 
connect a jumper 
wire between these 
points. When they 
are left unconnected, 
Format I results 

760402 

Fig. 4. 2 . Position of jumper wire for changing 2131 data format 

Character 

1 
2 
3 
4 
5 
6 
7 

Digit 1 
Digit 2 
Digit 3 
Decimal Point 
Digit 4 
Carriage Return 
Line Feed 

} 

Correspond to LEVEL reading on Display 
for channel being transmitted 

(Can be omitted in digital input) 

In Format II, (similar to "Typewriter Format" on the 6301 ), each channel is transmitted 
as follows: 

Character 

1 
2 
3 
4 
5 
6 
7 
8 
9 

Digit 1 
Digit 2 
Space 
Digit 3 
Digit 4 
Digit 5 
Decimal Point 
Digit 6 
Space 

}
Correspond to channel number of 
channel being transmitted 

} 

Correspond to LEVEL reading on Display 
for channel being transmitted 



10 
11 
12 
13 

Letter D 
Letter B 
Carriage Return 
Line Feed 

(Can be omitted in digital input) 

Format produces the faster input and output, while Format II produces a more "read
able" spectrum if, e.g., the spectrum is to be written out using a printer. On delivery of 
a 21 31, Format I is selected. In both formats, the decimal point is replaced with a * in 
the case of an overload, a < in case of an underrange, and a line feed in the case of 
both overload and underrange. 

Output of the same spectrum in Format I and Format II might look as follows: 

Format I 

050. 0 
050<0 
051.3 
076. 6 
102. 5 
11 0*3 

051. 2 
EOT 

Format II 

01 050. 0 DB 
02 050<0 DB 
03 051. 3 DB 
04 076. 6 DB 
05 102. 5 DB 
06 11 0*3 DB 

43 051. 2 DB 
EOT 

The input and output formats and codes of the 21 31 are controlled by Programmable 
Read Only Memories, (PROMS), in the Output Control of the 2131. Where non-standard 
codes and formats are required, or alternatively, it is not required to read-in or read-out 
all of the channels in an input or output, differently programmed PROMs may be sup
plied. These may then be substituted for the standard PROMs on Board ZD 0098. Con
tact our local representative for details. 

4.4. PROGRAMMING CODES 

The remote programming codes used in the 2131 are given in Table 4.2. How these 
codes may be used to remotely sense and control the 21 31 pushbuttons is described in 
Section 4.5. The codes are transmitted encoded in ISO 7-bit code, i.e., ASCII, but with
out the parity bit. Whether they correspond to remote sense or remote set functions de
pends on the control signals used in conjunction with them. Note that the CHANNEL SE
LECTOR and MEMORY FUNCTION "Protect" cannot be sensed. Also, MEMORY FUNC
TION "Store" can only be partially sensed, giving the correct response when it has been 
set an even number of times since the last system reset or power switch on. 

Details of how the extra strobe and sense functions may be used are given in Section 
4.7. 

4.5. PROGRAMMING EXAMPLES 

Note that in all remote programming operations, AVERAGING CONTROL "Reset" must, 
when selected, remain active for a minimum of 1 20 JlS to ensure that the reset proce
dure is completed . 
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Function Function Setting 
Code Code 

AVERAGING TIME a< 0,5 dB 0 
a< 1 dB 1 

a< 2 dB 2 
1/32 s 3 
1/16 s 4 
1/8 s 5 
1/4 s 6 
1/2 s 7 
1 s 0 8 
2 s 9 
4s : 

8s ; 
16 s < 
32 s = 
64 s > 

128 s ? 

INPUT ATTENUATION 100 dB 5 
90 dB 6 
80 dB 7 

70 dB 8 
60 dB 9 
50 dB N : 

40 dB ; 
30dB < 
20dB = 
10dB > 
0 dB ? 

AVERAGING CONTROL "Proceed" = 
"Stop" M > 
"Reset" ? 

AVERAGING START "Exp" L > 
"Lin" ? 

FILTER BANDWIDTH "1 /3 octave" K > 
"1 /1 octave" ? 

FREQUENCY RANGE "200Hz-160kHz" = 
"25 Hz- 20 kHz" J > 
"1,6 Hz- 1,25 kHz" ? 

INPUT SPECTRUM "Max Hold" = 
FUNCTION "Hold" I > 

"Contin" ? 

MEMORY FUNCTION "Store" H > 
"Protect" ? 

OUTPUT SPECTRUM "Stored Spectr." < 
CONTROL "Alternate Slow" G = 

"Alternate Fast" > 
"Input Spectr." ? 

INPUT CONTROL "Digital" F > 
"Analog" ? 

OUTPUT CONTROL "Stop" = 
"Analog" E > 
"Digital" ? 

CHANNEL SELECTOR Reset to 1,6 Hz = 
Step one channel -+ D > 
Step one channel ~ ? 

EXTRA STROBES AND Sense Overload 011 XXX1 
SENSES Sense I 011 XX1X 

Sense II 011 X1XX 
Sense Ill @ 0111XXX 
Set strobe I 011 XX1X 
Set strobe II 011 X1XX 
Set strobe Ill 0111XXX 

Table 4.2. Remote Programming Codes for the 2131 
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4.5.1. General Programming 

The following gives some generalized programming examples demonstrating how the 
21 31 can be controlled over its IEC interface, and how spectra may be input or output. 
Before the start of any programming operation, the 21 31 and its interface should be in
itialized by sending IFC, (interface clear), and then DCL, (device clear), or SDC, (selected 
device clear). When DCL or SDC is sent, ATN, (attention), should be set to true. The 
same result will be obtained on the 2131 as with pressing SYSTEM RESET. ATN can 
then be reset to false. Note that 3 seconds should be allowed for the resetting procedure 
to be completed before any more remote programming information is sent over the inter
face. 

In the following, it is assumed that the 21 31 has its talk and listen addresses set as on 
delivery of the instrument 

a) To set a control 

set ATN =True 
send unlisten , ? 
send program listen address, 
reset ATN = False 

i) 
ii) 
ii.i) 
iv) 
v) send a string of characters corresponding to the required control set

tings, as given in Table 4.2, e.g., N7J? 
where 

N =INPUT ATTENUATION 
7 = 80 dB 
J = FREQUENCY RANGE 
? = 1,6Hz-1,25kHz 

vi) 
vii) 

set ATN = True 
send unlisten ? 

The only permitted separation between the characters is by Carriage Return and/or Line 
Feed. Only those controls which are being changed need be included in the setting 
procedure process. 

b) To sense a control and read it to a listener on the bus, e.g., with address "3" 

If a "Control Setting" string of characters is terminated with a function code, e.g. N7J, 
(i.e. there is no setting code corresponding to the function code J), then a call of the sta
tus talker will give the setting code corresponding to the control setting: 

i) 
ii) 
iii) 
iv) 
v) 
vi) 
vii) 

set ATN = True 
send unlisten , listen address , ? 3 
send status talker address , Q 
set ATN = False 
read one character 
set ATN = True 
send untalk , -

The character read will be the corresponding setting code. 

As this first character read will also be the last in the particular character string, EOI 
will be set true. If, however, the listener is able to continue to receive data after the re
ception of EOI, it will be possible for it to continuously read the character without having 
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to restart the procedure. This is useful, e.g., in sense Overload, where the important fac
tor is when the character changes. 

c) To read out a spectrum from the 2131 to a listener on the bus, e.g., with address "4" 

A preceeding control setting sequence must have been terminated with OUTPUT CON
TROL "Digital", i.e., E?, before a digital output can take place. Then: 

i) 
ii) 
iii) 
iv) 
v) 

set ATN =True 
send unlisten , listen address , ? 4 
send data talker address , P 
set ATN = False 
the 21 31 will now transmit the spectrum over the IEC interface data 
bus to whichever listeners are addressed (i.e ., here, those with add
ress "4"). On completion of the read-out the 21 31 will send EOT, 
(end of transmission). While this character is being sent, EOI, (end or 
identify) will be set =True 

On completion of the read-out, the 21 31 will automatically transfer to OUTPUT CON
TROL "Stop". Before a new digital read-out, OUTPUT CONTROL "Digital" must be rese
lected . 

d) To read in a spectrum to the 2131 from a talker on the bus, e.g., with the address 
"S" 

A preceeding control setting sequence must have been terminated with INPUT CONTROL 
"Digital", i.e., F>, before a digital input can take place . Then: 

i) 
ii) 
iii) 
iv) 
v) 
vi) 

set ATN = True 
send unlisten , ? 
send data listener address , 0 
send talker address , S 
set ATN = False 
the 21 31 will then await a character string on the data bus having 
the same format as a spectrum read-out . The reception of EOI = True 
will set INPUT CONTROL "Analog" on the 2131. If EOI = True is 
missing, then INPUT CONTROL "Analog" must be set remotely 

4.5.2. Programming with the Tektronix 4051 
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The following gives some simple programming examples for when the 21 31 is operating 
with a Tektronix 4051 Desk-Top Calculator. Connection to the 4051 is made via its 
GP-IB, (General Purpose Interface Bus), using cable AO 0157. Provided that the 2131 
listen and talk addresses are set as on delivery of the 21 31, then programming listen 
can be accessed using the instruction PRINT @ 1 7, and status talk with the instruction 
INPUT @ 1 7. Likewise data talk is accessed with PRINT @ 1 6, usually modified to PRINT 
% 16 to show that the data is sent in a special format (see part c of this section). Simi
larly, data listen requires the instruction INPUT @ 16, again usually modified to INPUT% 
16. 

a) To set a control 

100 
110 
120 

PRINT "SET BUTTONS ON 21 31 " 
PRINT "FUNCTION CODE" ; 
INPUT B$ 



130 
140 
150 
160 
170 
180 

PRINT "SETIING CODE" ; 
INPUT A$ 
C$ = 8$ & A$ 
PRINT @ 1 7 : C$ 
GO TO 110 
END 

The above mentioned example first allows a function code and a setting code, (see Table 
4. 2), to be entered via the keyboard of the 4051, and outputs them to the 21 31 . It 
then returns to await the next function code and setting code. 

b) To sense a control 

100 
110 
120 
130 
140 
150 
160 
170 

PRINT "READ 8UTIONS ON 21 31 " 
PRINT "FUNCTION CODE" 
INPUT 8$ 
PRINT @ 1 7 : 8$ 
INPUT @ 1 7 : A$ 
PRINT "SETIING CODE :" A$ 
GO TO 110 
END 

This example is similar to the previous one, except that the 4051 now only outputs the 
function code. It then interrogates the 2131 status talk address for the setting code, 
which is printed on the 4051 display. 

c) To read out a series of spectra from the 21 31 

100 
110 
120 
130 
140 
150 
160 
170 
180 
190 
200 
210 
220 
230 
240 
250 

PRINT "INPUT SPECTRA FROM 21 31" 
I NIT 
N = 100 
DIM A$ (258 * N) , 8$ (258) 
T = 1000 
T0 = 0.225 * (T- 160) 
N0 = 258 * N 
PRINT @ 37 , 0 : 4 , 4 , 1 3 
FOR J = 1 TO N0 STEP 258 
PRINT @ 1 7 : "E ?" 
INPUT % 1 6 : 8$ 
A$ = REP (8$ , J , 0) 
FOR I= 1 TO T0 
NEXT I 
NEXT J 
END 

This program reads 1 00 spectra, (the maximum number of spectra which can be read 
into a 4051 with a 32K memory), from the 2131 to the 4051, at 1 second intervals. 
Since it is rather more involved than the programming examples previously given, it will 
be explained in more detail. 

Read-in from the 2131 to the 4051 requires a change of format and delimiter, (the char
acter which tells the 4051 which is last byte of the read-in). Firstly, the carriage return 
must be deleted, and secondly, the 4051 must recognize that the delimiter is EOT, and 
not line feed, (line feed is normally used as a delimiter on the 4051 ). These two func
tions are carried out by the instruction in line 170, PRINT @ 37 , 0 : 4 , 4, 13. This in
struction is then brought into action by using INPUT % 1 6 instead of INPUT @ 1 6 as the 
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input command. Note that since carriage return has been deleted, each channel of the 
spectrum consists of 6 characters, or bytes, allowing the spectrum to be stored in 258 
bytes of memory. EOT is not stored. 

After initializing and setting the number of spectra to be input to 1 00, (lines 11 0, 1 20), 
two buffers, A$ for main storage, and 8$, as the read-in buffer, are defined in line 130. 
Line 140 sets the read-in interval to 1 000 ms. This is then inserted into the expression 
in line 150 to establish T0. T0 is used in the wait loop lines 220 and 230 to give there
quested read-in interval. The expression given for calculating T0 is general for all read
in intervals down to 1 76 ms, (the minimum possible with the 4051 ). 

N0 is set in line 160 to be equal to the number of bytes to be read in. After line 170, 
which gives the for~at and delimiter change, N0 is used as the upper limit of the vari
able J in line 180. J is used in line 21 0 to place the successive spectra read into A$. 
For the first spectrum it is set to 1, and is incremented by 258 as each new spectrum is 
input. 

Lines 1 90 and 200 set up the read-in of the spectrum into the 8$ buffer. Note the use 
of the INPUT % 1 6 statement instead of the INPUT @ 1 6 statement because of the modi
fied format and delimiter. The contents of 8$ are transferred into A$ in line 21 0. The 
program then waits in the loop in lines 220 and 230 until the value of T0 is reached, 
meaning that the next spectrum must be read in. 

If it is required to convert the character string input into numerical values, it is important 
to ensure that the character at the decimal point position is a decimal point, (remember 
that this character is changed for overload and/or underrange). This change may be 
brought about by using the REP, (replace), operation on the string. 

d) To read a spectrum into the 21 31 

100 
110 
120 
130 
140 
150 
160 

PRINT "OUTPUT TO 21 31" 
DIM A$ (258) 
PRINT @ 37 I 0 : 4 I 4 I 13 
PRINT @ 1 7 : "F>" 
PRINT% 1 6 : A$ 
PRINT @ 1 7 : "F?" 
END 

This program reads a spectrum previously read into the 4051 using the previous pro
gram back into the 2131. Alternatively, it may be used to read another spectrum into 
the 21 31, provided that the format of the spectrum is the same as those stored by the 
program in part c) of this section. 

The spectrum to be read into the 21 31 must first be placed in buffer A$. As it is read 
out, (lines 1 30, 140 and 1 50), the statement in line 1 20 ensures that the 4051 recog
nizes EOT as the delimiter, and not line feed, see section 4.5.2.c). 

The absence of the carriage return in the read-in format to the 21 31 is automatically cor
rected by the 21 31 . 

Note that if an alphanumeric string is built up from numeric values, 1t IS Important to re
cognize that the format must be correct. It is not allowed to replace the leading zeroes to 
the format with blanks. E.g., 



1 1 1 50 . 0 C R L F 

11 050. 0 LF 

00050 . 0 CR LF 

not allowed 

allowed (CR may be omitted) 
numeric field is intact 

not allowed 

4.5.3. Programming with the Hewlett-Packard 9825A 

The following gives some simple programming examples for when the 21 31 is operating 
with a Hewlett-Packard HP-9825A Desk-Top Calculator. Connection to the 9825A is 
made via the HP-18, (Hewlett-Packard Interface Bus), using cable AO 0157. Provided 
that the 21 31 listen and talk addresses are set on delivery of the 21 31, then program
ming listen and status talk can be accessed at the address 71 7, and data listen and talk 
at the address 71 6. 

a) To set a control 

0: 
1: 
2: 
3: 
4: 
5: 
6: 
7: 
8: 

dsp "SET BUTIONS ON 2131 ." 
dim 8$ [2], A$ [1] 
dev "2131b" 1 717 1 "2131d" 1 716 
ent "Function Code ?" , 8$ 
ent "Setting Code" , A$ 
8$ & A$- 8$ 
wrt "2 1 3 1 b" , B $ 
gto 3 
end 

The above is the exact equivalent of the example given for the Tektronix 4051 and de
scribed in Section 4.5.2 a) . 

b) To sense a control 

0: 
1 : 
2 : 
3: 
4 : 
5: 
6: 
7 : 
8: 

dsp "READ BUTIONS ON 21 31 ." 
dimB$[1] 
dev "2131b" 1 717 1 "2131d" 1 716 
ent "Function Code ?" , 8$ 
wrt "2131b", 8$ 
red "2131 b" , 8$ 
dsp 8$ 
gto 3 
end 

This is the exact equivalent of the example given for the Tektronix 4051 and described 
in section 4.5.2 b). 

c) To read out a spectrum from the 21 31 

0: 
1: 
2: 
3: 
4 : 
5: 
6: 

dsp "INPUT ROUTINE FROM 2131 ." 
dim D$ [45, 302], 8$ [318] 
1000- T 
eli 7 
buf "in" , 8$ , 3 
dev "2131b" 1 717 1 "2131d" 1 716 
for J = 1 to 45 
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7 : 
8: 
9: 
10: 
11 : 
12: 
13: 
14: 

wrt "2131 b" , "E ?" 
buf "in" 
tfr "21 31 d" , "in" , 302 
rds ("in")- 8 ; if 8 = -1 ; gto + 0 
8$- 0$ [J] 
wait T- 43 
next J 
end 

In many respects, the above program is similar to the one given for the Tektronix 4051 
in Section 4 .5 .2c) . It begins by defining two buffers, and a read-in interval of 1 000 ms. 
Note that the maximum number of spectra which a 9825A can hold in a 1 6K memory is 
45, and since all 7 bytes per channel are now stored, it will give 302 bytes per spec
trum, i.e., 43 x 7 + EOT, (note that the input buffer, 8$, needs 16 extra bytes for house
keeping). The 3 in line 4 signifies byte orientated fast transmission while line 5 defines 
the listen and talk addresses . Line 6 sets up the loop procedure to input the 45 spectra 
from the 21 31. Read-in of each spectrum into the 8$ buffer, and then its transfer into 
the 0$ buffer takes place under control of lines 7 to 1 2. 

Instead of using a loop to control the read-in interval, this program uses the "wait" state
ment, where the program waits for the number of milliseconds requested before proceed
ing to the next line. The shortest read-in interval possible with the 9825A is 44 ms, 
whereby synchronous read-in, (see section 4.6) results. After the defined wait period, 
the next spectrum is input. 

d) To read a spectrum into the 21 31 

0: 
1: 
2 : 
3: 
4: 
5: 
6: 
7 : 
8: 
9: 
10: 

dsp "OUTPUT ROUTINE TO 2131 ." 
dim D (43) 
eli 7 
dev "2131b", 717, "2131d", 716 
fmt 1 , fz5 . 1 
wrt "2131 b" , "F>" 
for I = 1 to 43 
wrt "2131 . 1" , D (I) 
next I 
wrt "21 31 b" , "F ?" 
end 

In contrast to the other input and output programs, which dealt with a string of charac
ters assumed to be the right format, this takes the levels in the various channels, held in 
buffer D, and uses the statement in line 4 to automatically give right format. Hence, the 
spectra may be held in the memory in numerical form, and automatically read out in the 
correct format, saving the programming lines usually required for format conversion. 

4.6. SPEED OF SPECTRAL READ-OUT FROM THE 2131 
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The 21 31 has a large influence over the rate of data transfer in a digital read-out over 
the IEC interface. This is because each read-out must begin synchronously with the dis
play cycle in the Output Control and Display Section of the 21 31 . Since each display cy
cle lasts 22 ms, this introduces a possible 0 - 22 ms delay between the request for a 
digital read -out, and the actual beginning of the data transfer. The shortest time in 
which the data may then be transferred is approximately 3,5 ms. 

The 21 31 also influences the shortest possible time interval between read-out of 
spectra. For the duration of a read-out, an internal hold operates in the 21 31 preventing 



any updating of its Output Control and Display Section. This makes it necessary to wait 
a certain time between the end of one read-out and the request for the next, in order to 
ensure that the Output Control and Display Section has been updated and that new data 
is output. This time is 28 ms, consisting of one 22 ms display cycle plus 6 ms required 
to ensure that updating of the Output Control and Display Section is complete. A faster 
rate of read-out occurs when each read-out lasts less than 21 ,96 ms and is synchron
ous with the display cycle. (Note that the display cycle, quoted as being a nominal 22 ms 
elsewhere, actually lasts 21,96 ms). This type of read-out is illustrated in Fig.4.3. Here, 
the read-out of data begins with one display cycle, and is concluded before the start of 
the next . With the start of the next display cycle, a period of 6 ms must be allowed for 
updating. However, once this 6 ms period is complete, the next digital read-out may be 
requested, with the transfer of data beginning at the start of the next display cycle. 

Display Cycle 

Sta rt 

Data Ready 
from 2131 

[-21,96 ms----J-21,96 ms--*1-21,96 ms-~-21 ,96 ms-J 

I "Output Stop" 

I I I I 

I rum----~: : 1UL-----
I• I .,. .,.1~ "\1" """" •I 

first "Output Digital" 
1 

t < 21
1

,96 ms t > ~ \ next "O~tput Digital " command 
command received t = 6 ms must be received in this period, 
in this period for update i.e. 27 ,96 ms < t < 43,92 ms 

after first Data Ready, to obtain 
synchronous read-out 760460 

Fig. 4. 3. Timing diagram for synchronous read-out from the 2131 

4.7. USE OF THE EXTRA STROBES AND SENSES 

The extra strobe and sense functions shown in Table 4.2 may be used to provide three 
extra remote set functions and three extra remote sense functions in addition to those 
normally available . These extra functions are user definable. 

Socket J1 770517 

Fig.4.4. Location of socket J1 on Board ZD 0162 
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87654321 
ClCc::::JCCCCc::::J 

Clc::ICc::::JCCc::::Jc::::J 

9 10 1112113114115 16 

770077 

Fig.4.5. Pin diagram, Socket JT, (external view) 

Pin Number Pin Function 

1 set strobe Ill positive 
2 set strobe Ill negative 
3 set strobe II positive 
4 set strobe II negative 
5 set strobe I positive 
6 set strobe I negative 
7 
8 
9 sense line Ill 

10 control word bit 4 
11 sense line II 
12 control word bit 3 
13 sense line I 
14 control word bit 2 
15 
16 control word bit 1 

760077 

Table 4.3. Pin Functions, Socket JT 

The extra strobe and sense functions appear at socket J 1 on the interface, Board ZD 
0162. Socket J1 is indicated in Fig.4.4. When the socket is viewed as it is shown in 
Fig.4.4, then the pin diagram is as in Fig.4 .5. The function of each pin is given in Table 
4.3. 

Control Word 
Setting code Strobe I active? Strobe II active? Strobe Ill active? bit. no. 

4 3 2 1 

0 0 0 0 0 
1 0 0 0 1 

2 Yes 0 0 1 0 

3 Yes 0 0 1 1 
4 Yes 0 1 0 0 

5 Yes 0 1 0 1 
6 Yes Yes 0 1 1 0 

7 Yes Yes 0 1 1 1 
8 Yes 1 0 0 0 

9 Yes 1 0 0 1 
Yes Yes 1 0 1 0 

, Yes Yes 1 0 1 1 

< Yes Yes 1 1 0 0 
= Yes Yes 1 1 0 1 

> Yes Yes Yes 1 1 1 0 
? Yes Yes Yes 1 1 1 1 

760078 

Table 4. 4. Setting Codes for Extra Strobes 



Use of the extra strobes and senses requires that the 2131 functions that they are to 
sense and control be hardwired into socket J 1. When an extra 2131 function is to be 
sensed or controlled using these strobes and senses, refer first to the 2131 Service In
structions to find at which point on which board the required function may be accessed. 
This point should then be directly wired to the appropriate pin of socket J 1. Note that for 
the control of functions, both positive and negative going set probes are provided. 

The extra strobe functions may be controlled over the IEC interface using the normal con
trol sequence, as given in section 4.5.1 a). The function code for the extra strobes is@. 
The setting codes, corresponding to the various combinations in which the three extra 
strobes can be activated, are given in Table 4.4. 

The extra sense functions may also be sensed over the IEC interface in the normal man
ner, i.e. as given in section 4.5.1 b). The function code is once again@. The character 
read will vary according to which sense lines are set, as given in Table 4.5 . Note that 
overload is also sensed, although it is not available at socket J 1. 

The control words given in Table 4.4, along with the strobe setting codes, are generated 
by the setting codes and are for optional use. Note that a system reset, (i.e., DCL or 
SOC), resets the control word to 0000. 

Character read Sense I set? Sense II set? Sense Ill set? Overload set? 

0 
1 Yes 
2 Yes 
3 Yes Yes 
4 Yes 
5 Yes Yes 
6 Yes Yes 
7 Yes Yes Yes 
8 Yes 
9 Yes Yes 

Yes Yes 
, Yes Yes Yes 

< Yes Yes 
= Yes Yes Yes 
> Yes Yes Yes 
? Yes Yes Yes Yes 

760079 

Table 4. 5 . Setting Codes for Extra Senses 

4.8. CONTROL OF 1112 OCTAVE 

The 2131 also holds coefficients in its ROMs to generate a 1 I 12 octave analysis. Ac
cess to these coefficients is made over the IEC interface, using the control words gener
ated by the extra strobes. Note that in order to access these coefficients, socket J 1 on 
board ZD 01 62 should be connected to socket J 1 on board ZD 0109, using cable AQ 
0200. Board ZD 01 09 is to be found in slot 1 3 of the 21 31, and the location of socket 
J 1 on it is indicated in Fig .4. 6. Connection of the cable is failsafe as long as the cable is 
connected such that it is flat, without twists. 

The 1 I 1 2 octave analysis is made in 4 passes, with three 1 I 1 2 octaves being gener
ated in each octave with each pass. All outputs and displays are as for 11 3 octave opera-
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Fig.4.6. Location of socket JT on Board ZD 0109 

Octave 
Instruction Instruction 

Tektronix 4051 HP 9825 

1/3 PRINT @ 17 : "@ 0" wrt "2131 b" , " @ 0" 
1 /1 PRINT @ 17: " @ 1" wrt "2131 b" , " @ 1" 
1/12 PRINT @ 17: " @ 4" wrt "2131 b" , " @ 4" 
1/12 PRINT @ 17: " @ 5" wrt "2131 b" , " @ 5" 
1/12 PRINT @ 17 : " @ 6" wrt "2131 b" , " @ 6" 
1/12 PRINT @ 17 : " @ 7" wrt "2131 b" , " @ 7" 

770406 

Table 4. 6. Instructions to access 1/ 12 octaves 

tion. The instructions used to access the separate 1 I 12 octaves, or switch back again to 
octave or 11 3 octave operation are given in Table 4.6. They assume that the 2131 has 
been properly addressed. The order of the 1112 octaves is from highest to lowest, i.e., 

@4 corresponds to the highest three 1112 octaves in an octave, and@7 corresponds to 
the lowest. 

When using 1 I 12 octave analysis, it should be remembered when setting the time 
taken for each pass of the analysis that since a smaller filter bandwidth is being used, a 
corresponding longer averaging time should be set to give an acceptable confidence le
vel. 



5. REMOTE CONTROL OF THE 2131 VIA THE REMOTE CONTROL SOCKET 

The 21 31 controls may be remotely sensed and controlled via its REMOTE CONTROL 
socket, as well as via its DIGITAL IN/OUT sockets and the IEC interface. On delivery the 
21 31 is set such that the remote sensing and control takes place via the DIGITAL 
IN / OUT sockets and the IEC interface. Conversion to remote sensing and control via the 
REMOTE CONTROL socket requires moving the flat cable connector in the manner indi
cated in Fig.5.1. 

Move flat cable 
connector to here 
to give remote 
programming via 
REMOTE CONTROL 
socket 

760403 

Fig.5. 1. Conversion between remote programming via the DIGITAL 
IN/OUT socket and via the REMOTE CONTROL socket 

When remote control of the 21 31 is via its REMOTE CONTROL socket,the IEC interface, 
(Board ZD 0162), may be set to either its manual or its addressable mode, (see section 
4.2). However, since operation with the interface set to its addressable mode would re
quire that the 21 31 be addressed over the interface, practical considerations require 
that the interface should, in most circumstances, be set to its manual mode. Remember 
that in the manual mode, it is necessary to deaddress the interface by setting SYSTEM 
RESET between a digital input and a digital output, and vice versa. 

When programming via the REMOTE CONTROL socket, SYSTEM RESET, the CHANNEL 
SELECTOR, and MEMORY FUNCTION "Protect" cannot be sensed. Also, MEMORY 
FUNCTION "Store" can only be partially sensed, giving the correct response when it has 
been set an even number of times since the last system reset or power switch on. Note 
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Function 
Function Setting 

Octal 
Code Code 

AVERAGING TIME a< 0,5dB 0000 0000 0 
a< 1 dB 0000 0001 1 
a< 2 dB 0000 0010 2 

1/ 32 s 0000 0011 3 
1/ 16 s 0000 0100 4 
1/8 s 0000 0101 5 
1/4 s 0000 0110 6 
1/2 s 0000 0111 7 

1 s 0000 1000 10 
2 s 0000 1001 11 
4s 0000 1010 12 
8s 0000 1011 13 

16 s 0000 1100 14 
32 s 0000 1101 15 
64 s 0000 1110 16 

128 s 0000 1111 17 

INPUT ATTENUATION 100 dB 0001 0101 25 
90dB 0001 0110 26 
80dB 0001 0111 27 
70 dB 0001 1000 30 
60 dB 0001 1001 31 
50 dB 0001 1010 32 
40 dB 0001 1011 33 
30dB 0001 1100 34 
20dB 0001 1101 35 
10 dB 0001 1110 36 
OdB 0001 1111 37 

AVERAGING CONTROL "Proceed" 0010 1101 55 
"Stop" 0010 1110 56 
"Reset" 0010 1111 57 

- r- -

AVERAGING START "Exp" 0011 1110 76 
" Lin " 0011 1111 77 

FILTER BANDWIDTH "1/3 octave" 0100 1110 116 
" 1/ 1 octave" 0100 1111 117 

FREQUENCY RANGE " 200Hz-160kHz" 0101 1101 135 
" 25Hz - 20kHz" 0101 1110 136 

" 1,6 Hz - 1,25 kHz" 0101 1111 137 

INPUT SPECTRUM " Max Hold" 0110 1101 155 
FUNCTION " Hold" 0110 1110 156 

"Cont" 0110 1111 157 

MEMORY FUNCTION "Store" 0111 1110 176 
"Protect" 0111 1111 177 

OUTPUT SPECTRUM "Stored Spectr." 1000 1100 214 
" Alternate Slow" 1000 1101 215 
" Alternate Fast" 1000 1110 216 
" Input Spectr." 1000 1111 217 

INPUT CONTROL "Digital" 1001 1110 236 
" Analog" 1001 1111 237 

OUTPUT CONTROL " Stop" 1010 1101 255 
" Analog" 1010 1110 256 
" Digital " 1010 1111 257 

CHANNEL SELECTOR Reset to 1,6 Hz 1011 1101 275 
Step one channel --+ 1011 1110 276 
Step one channel -+- 1011 1111 277 

SYSTEM RESET 1110 1111 357 

Sense Overload 1111 1110 376 

Table 5. 1. Remote Programming Codes for the 2131 when progran,
ming is via the REMOTE CONTROL socket 



that AVERAGING CONTROL "Reset" must, when selected, remain active for a minimum 
of 12011so ensure that the reset procedure is completed. 

5.1. REMOTE PROGRAMMING CODES 

When remote programming of the 21 31 is via the REMOTE CONTROL socket, each rem
ote programming instruction consists of an 8-bit binary code. The first 4 bits of the code 
correspond to the function code, and the second 4 bits correspond to the setting code. 
The codes used are detailed in Table 5 .1. 

5.2. REMOTE PROGRAMMING AND TIMING DIAGRAMS 

Connection to the REMOTE CONTROL socket of the 21 31_ is via a McMurdo 1 5 pole 
plug, Bruel & Kjrer part number JP 1502, (a kit comprising plug JP 1501, cover DH 
0207, and sliding lock DH 0292). The pin functions are given in Table 5.2. Note that 
the function codes used at the socket are inverted with respect to those given in Table 
5.1, (this is indicated in Table 5.2 by the minus signs). Note also that negative going le
vels are used to control the transfer of remote programming information into the 21 31. 

01 
90 02 
00 

0 3 
10 04 
20 

0 5 
30 06 
40 

0 7 
50 

08 

572024 

Fig.5.2. External view of 2131 REMOTE CONTROL socket 

Pin Number Function 

1 Function Code bit 8-
2 Strobe-
3 Read Enable -

4 Set Enable-
5 Manual Control Disable -
6 Ground 
7 External System Reset-
8 Averaging Start-
9 Function Code bit 7- · 

10 Function· Code bit 6 -
11 Function Code bit 5 -
12 Setting Code bit 4 
13 Setting Code bit 3 
14 Setting Code bit 2 
15 Setting Code bit 1 ( LSB) 

760025 

Table 5. 2. Pin Functions, REMOTE CONTROL socket 
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Fig.5.3 gives the timing diagram for sensing a control setting via this socket. To show 
that it is a sense operation, Read Enable - is set to zero. The function code correspond
ing to the function being sensed is then set up on the four Function Code lines. The 
sense operation is carried out by setting the Strobe line to zero. The four Setting Code 
lines will output the setting code which corresponds to the function setting. Note that in 
order to obtain a correct response, the Strobe line must be held at zero for a minimum of 
1 0 J1S. As soon as the Strobe line reverts to logic 1, the Setting Code lines will follow. 

Read Enable 

I---t> o--1 
I 
I 

Function Code~,.,.,..,.,.,.,.,.,.,.,.,.,.,..,...,.,.,.,..,.,.,+,. 

I 
1--t>O 
I 

lines 

Strobe 

Setting Code 
lines 

760462 

Fig. 5. 3. Timing diagram for sense operation, REMOTE CONTROL 
socket 

I I 
t-t>O~ 

----------~ I 
I 

---1 1--t > 0 
I I 

a:~;~it~~gc~:~e T'TITTTTIIIIIIIIITTTTTT11111111mrmrlllllllrmmiiiiiiiTTTTTT11111111TTTTTT11111111TTTTTmlllllllt(,.....-----t:-----
lines I 

Strobe ------------------~~~·>10"' 
760463 

Fig. 5. 4. Timing diagram for set operation, REMOTE CONTROL 
socket 

Fig. 5.4 gives the timing diagram for setting a control. Here, Set Enable - is set to zero, 
and the complete function and setting code is set on the eight respective lines of the 
REMOTE CONTROL socket. The function is remotely set according to the code when the 
Strobe line is set to zero. To ensure a correct setting, the Strobe line must be set to zero 
for a minimum of 10 J1S. 

In addition to the remote programming functions, three other functions can be entered 
via the REMOTE CONTROL socket. These are Manual Control Disable -, External Sys
tem Reset -, and Averaging Start -. Setting these lines to zero will disable the front 
panel controls of the 21 31 in the case of the first, reset the 21 31, (correspondi g to 
SYSTEM RESET), in the case of the second, and cause an average to be started, (corre
sponding to AVERAGING CONTROL "Proceed"),in the case of the third. 



When the pins of the REMOTE CONTROL socket are open circuit, they are pulled up by 
resistors to a voltage of + 5 V, (corresponding to logic 1 ). Hence, remote programming in
formation can be entered into the socket using a series of switches which when set, con
nect a particular pin of the socket to ground. 
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BROEL & KJ.A:R instruments cover the whole field of sound and vibration measurements. 
The main groups are: 

ACOUSTICAL MEASl,IREMENTS 
Condenser Microphones 
Piezoelectric Microphones 
Microphone Preamplifiers 
Hydrophones 
Sound Level Meters 
Precision Sound Level Meters 
Impulse Sound Level Meters 
Noise Dose Meters 
Noise Level Analyzers 
Standing Wave Apparatus 
Calibration Equipment 
Reverberation Processors 
Sound Sources 

ACOUSTICAL RESPONSE TESTING 
Sine Generators 
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 

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

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

STRAIN MEASUREMENTS 
Strain Gauge Apparatus 
Multipoint Selectors 

MEASUREMENT AND ANALYSIS 
Voltmeters 
Phase Meters 
Deviation Bridges 
Measuring Amplifiers 
Band-Pass Filter Sets 
Frequency Analyzers 
Real Time Analyzers 
Heterodyne Filters and Analyzers 
Distortion Measuring Equipment 
Psophometers 
Statistical Distribution Analyzers 
Tracking Filters 

RECORDING 
Level Recorders 
Frequency Response Tracers 
Tape Recorders 
Alphanumeric Printers 
Digital Event Recorders 

DIGITA-L EQUIPMENT 
Computers 
Tape Punchers 
Tape Readers 
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