
FEATURES: 

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

• Real-time octave analysis 
in 14 channels with centr e 
frequen cies from 2 Hz to 
16 kHz 

• 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 statistica I 
accuracy 

• Both analogue and digital 
input and output 

• Hold facility allows 
instantaneous 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 

• Alphanum eric read-out of 
chann el level and centr e 
fr equ ency dir ectl y from the 
di spl ay 

• Pushbutton control for 
ease of operation 

• All major controls 
externally programmable 

• Interface to IEC 625-
1 / IEEE Std . 488 interface 
bus 

• 1 I 1 2 octave analysis 

u . .. . ·- · · ······ . 

USES: 

• Real -time analysis of 
continuous and impulsive 
signals 

• Provi s ion of data for further 
computation e .g ., in aircr aft 
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 
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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 resu lts ob
tained are displaye d on a cal ibrated , 
large screen display, and may be 
output to a variety of analogue and 
digital peripherals . 

The 21 31 has two modes of oper
ation, pushbutton selectable from 
the front panel. In the fir st, it gives 
a real-time measuremen t of the am
plitude of the input signal in 42 
1 / 3 octave channe ls having cen tr e 
fr eque ncies from 1 ,6 Hz to 20 kHz. 
In the second, it gives a real -tim e 
measurement in 14 octave chan
nels having centre frequen cies from 
2 Hz to 16 kHz, together with a lin 
ear channel. The input signal may 
be A-weighted pri or to analysis, if 
required, using a selectab le A 
weight ing network in the input am
plifier. An A-weig hted spectrum is 
then displayed, and the lin ear chan
nel (in octave mode) gives th e A
weighte d input signal level. 

The digital princ iples of the 21 31 
give it a ser ies of import ant ope ra
tional advantages. Not least of 
these is the extreme ease of use of 
the instrument. Almost all of its 
functions are pushbutton controll ed 
from an electronic control panel , 
with LED indicat ors to show their 
status. This electronic control in 
turn allows an extremely wide 
range of functions to be remot e ly 
sensed and controll ed over th e 
213 1 IEC interfac e. by an IEC inter
face bus controller. 

Adva nt ages are also apparent in 
the display of data , wit h text being 
gene rated in Read Only Memori es 
to give a spectral display which is 
cal ibr ated in dB and channel num 
ber. The amplitu de display range is 
60 dB, while th e frequency display 
range is pushbutton selectable be
tween 1,6 Hz 1,25 kHz and 
25 Hz - 20 kHz. corresponding to 
the vib rat ional and acoustical fre
quency ranges respectively. Any 
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change in the inpu t attenuation or 
displayed frequency rang e is accom
panied by an immediate automati c 
adju stment of the calibration . A 
channel se lecto r can be used to 
read-out the centre frequency and 
amplitude of any of the channels 
from alphanumeric displays on th e 
displ ay screen . 

It is ofte n useful to be able to 
store a spectrum , and then compare 
it w ith another spect rum at a late r 
time . To allow this, the 2 131 con
tain s a dig it al memory. A spectrum 
may be read into this memory, and 
then recalled to the display at a later 
time to allow comparison with new 
data. The new data may be held in 
an addit ional store to facilitate the 
comparisons. Thi s sto re may also 
be used to hold the maximum level 
occurring in each channel. In addi
tion to facilitating the comparison of 
spectra, the store may be used 
independentl y of the memory in t he 
examinatio n of analyzed data. 

Spectra conta ined in both the 
memory and the store can be read 
out to both analogue and digi tal 
periherals. An analogue output can 
be made to an X Y Recorder or to a 
Level Recorder. Digital input and 
output is via the IEC interfa ce, 
w hich has both a manual and an 
addressable m ode. Manual mode 
allows the input and output of spec
tra over the interface to an IEC 
compatible peripheral, under t he 
control of the 2 13 1 front panel 
cont rol s. When, for example, this 
periphera l is an IEC compa tible digi 
tal cassette record er e.g. B & K Type 
7 400. this forms a convenient 
method for the long term storage of 
reference spec tra, which may be 
reentered into the 2 1 31 at w ill. 
Addres sable mode allows the input 
and outp ut of both spectra and 
remote programming informa t io n 
over the IEC interface bus. 

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 mentio ned 
tha t the techniques themselves add 
further features and adva ntag es. 
For instance, a digital filter has a 
bett er contro lled filt er shape and a 
greate r freedom from drift than its 

analogue equiva lent. It requires no 
special trimmin g to maintai n its pro
perties as components age . Further. 
it is in herently mo re flexible . How
ever, probably the most import ant 
advantages are that digital fi ltering 
tech n iques great ly simplify the use 
of a digital detector and a digital av
erager. 

By using a digita l detector , the 
213 1 gives true RMS dete ct ion 
wit hout crest factor limi tatio n, apart 
from the natura l limitations of dy 
namic range and filter response 
time. The dig ital averager, on the 
other hand, gives a fl exibilit y imp os
sibl e t o acheive by analogue means , 
in that it can offer both linear and 
exponentia l averaging. In linear aver
aging, the detected data is averaged 
over a fixe d time wi ndo w, w hile in 
expone ntial averaging a con ti nuous 
average is made. In both modes , 1 3 
different averag ing t imes from 
1 I 32 s to 128 s in a binary se
quence , pus hbutton selectab le from 
the front panel , may be used . These 
give the same averaging time acro ss 
all channels, t o give the same re
sponse time in each channel. This is 
important, e.g., in the analysis of 
impul ses. Add iti onall y exponentia l 
averaging may be made w ith a fixed 
68 % confidence level, u. This en
ables averag ing w it h th e same sta
tistica l accuracy in each channel, 
whic h is important in measuremen t s 
on random signals. A 68 % confi 
dence level of u< 2 dB, u< 1 dB, or 
u < 0.5 dB can be pushbutton se
lected from th e front panel. 

The 21 31 is provided with an in
ternal ampli tude refer ence for easy 
calibration . Its level is 1 00 dB RMS 
referred to 1 µV . A reference adjust
ment is also prov ided enabling the 
reference level to be adjusted in 
steps of 1 0 dB through a range of 
± 50 dB . 

Digital Filtering 
For a complet e explanation of dig i

tal filter ing , reference to one of th e 
standard texts on the subject is rec
ommended. such as " Digita l Signal 
Processing" by A .V . Oppenheimer 
and R.W . Schafer, published by 



Prentice -Hal l in 1975 or " Theory 
and Application s of Digit al Signal 
Processi ng" by L.A. Rabiner and 
B. Gold . published by Prentice -Hal l 
in 1975 . A generalised block dia 
gram of a two -pole digita l filt er is 
shown in Fig . 1 . This filt er is of the 
type known as recursiv e. meanin g 
that feedback is used such that th e 
output of th e filt er is always an ex 
plicit fu nction of the previ ous input s 
and outputs . Its prope rti es . i .e .. its 
shape. its re lat ive bandwid th . and 
whethe r it is high-pass . low -pass. 
bandp ass or bandstop. are a fun c
tion of th e mu ltipl ier coeffi cient s 
Ao , A 1• A2, B 1 and B2 . The fr e
quency range in which it operates 
is a fun ction of the de lay z - t . As 
suming that the addi t ion and mu lt i
plication ope rations are instanta ne
ous. the del ay z - 1 is equal to one 
samp ling int erval . Hence. by alter 
ing the sampling int erval . i t is possi 
ble to alter the freque ncy range in 
wh ich the filt er opera tes . For in 
stance. doub l ing the sampling int er
val . (i .e .. halvi ng the samp ling fr e
quency). wi ll mean that th e filt er op
erat es w ith the same relat ive ba nd 
width but in a fr equency range one 
octave lower . 

The prope rti es of a digital filt er 
with respect to response tim e . 
phase shift . etc .. are virtua lly th e 
same as for th e equ iva lent anal 
ogue filt er . The trans fer function is 
written using z-tra nsform nota tion . 
and the transfe r fu nctio n of the f il 
ter of Fig . 1 is : 

A A -1 A - 2 o + 1 2 + 2 2 
H(z) = H 

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

The z-transform is a d isc rete 
equivalent of the Lapl ace transform 
with the z- 1 operator taking the 
place of the Lapla ce operator s . 
Conversion between th e two can be 
made using the identity 
z-t = exp. (-s t) . 

In the 21 31 filter s, a special form 
of the z-transform is used, known 
as the matched z-transform , and 
the filter block diagram is modified 
to that of Fig .2 . The transfer func
tion of this filter is modifi ed with re 
spect to th e gen eral case to be
come : 

1 
_, 

-z 

Signal 
Input 

Fig.1. Generalis ed bloc k di ag ram of a 2-po le recu rs ive digital filter 

Signal 
Input 

Delay 

Delay 

Outp ut 

1601 11/ 1 

Fig .2. Block diagram of 2-pole digital fi lt er used in th e 2131 

In a pract ical digital filter , the mul 
tipl icati on processes take a peri od 
of time which is signifi can t w hen 
compared to the samp ling int erval , 
z- 1 . The delay is hence modified 
to make it plus the multiplication 
time equal to the samp lin g in te rval. 
The input to the filt er is a series of 
digitised sample s represe ntin g th e 
time fun ct ion. The filter modifies 
them to give an outpu t which is a 
modified seri es of sample s repr ese n
ting the filt ered tim e function . 

Filter Ch aract eristics 
Octave operation of th e Filt ering 

Section is simi lar to 1 / 3 octa ve op
eratio n , except that afte r their fir st 
passage through the Bandp ass Fil
ter. the samples are re-e ntered in to 
the Bandpa ss Filter Multi plexer for 
a seco nd passage . This do ubl e pas
sage through the 6-pole unit giv es 
1 2-po le filtering . 

The 1 / 3 octave fi lte rs of the 2 13 1 
conform to IEC 225 196 6, DIN 

45652 and ANS I S 1. 11. Class Ill. 
In oc tave operation, they confo rm 
to IEC 225 1966 , DIN 45 652 and 
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213 1 Analyzer 
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ANSI S 1. 11, Class II. The shape of 
the octave filter is shown in Fig. 3, 
and a typica l 1/3 octave f ilter , within 
an octave. in Fig. 4 . They are 
plotted in terms of relati ve frequen 
cy . since their shape is independent 
of the frequency range in which they 
operate. 

Averagi ng 

Exponential and Linear Averaging 
can be carried out with a constant 
averaging time across all channels. 
This can be varied from 1 / 32 s to 
128 s. in a binary sequence . and 
can be selecte d from the fromt 
panel controls. 

A Linear Average stops automati 
cally when the chosen averaging 
t ime has elapsed. after which the 
Averager continuously outputs the 
averaged value at that t ime, unti l the 
beginning of a new averaging cyc le 
initiated from the controls. Provided 
that the same averaging time is 
used , the averaged value may be 
used as the starting point for th e 
new results being added to those 
already obtained. Mor e normally , 
howeve r, the Averager is reset to 
zero befor e the start of a new cyc le. 
This allows a different averaging 
time to be selected, if required . If 
needed , pauses may be introduced 
into the averaging cycle, allowing , 
e.g .. the change of signal sources. 

With Expo nent ial Averaging, the 
averaging time may be cha nged at 
will while the average is in prog-
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Fig.4 . 1/ 3 octave filter charact e ristic of the 
2131 Analyzer 
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ress . The average wi ll only stop 
when this is requested from the 
front panel controls of the 21 31 . 

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 Leve l, a, 
is defi ned by the equation: 

1 
a= - - -2p. 

where B is the channe l bandwidth 
and TA is the averaging time . In a 
measurement on random data , 
ther e is then a 68 % chance that the 
measured resu lts will be within ± a 
of the true mean value , and a 96% 
chance that it is within ± 2 a . For 
this mode of averaging TA is varied 
to give a < 2 ,0dB, a < 1,0dB , and 
a < 0,5 dB . Selection of the va lue of 
a is from the front panel controls. 

Analogue Output 

Ana logu e outputs of the spectrum 
can be made to a Level Recorder 
and to an X/ Y Recorder . The outpu t 
to the Level Recorder is written on 
frequ ency calibrated paper . The 
speed of the output is controlled by 
th e Level Recorder . For an X/ Y Re
corder. a staircase signal is pro
vided to give the X-defl ecti on . The 
per iod of the staircase is 45 s fo r an 

output from 25 Hz to 20 kHz and 
60 s for an output from 1 ,6 Hz to 
20 kHz. Frequenc y and amplitude 
ca libration signals are provided . 
Note th at when an output is made 
with an alternating display , the 
speed of the output is s lowed by a 
fact or of 8 . or a factor of 4 if a 
small int ern al modification is made. 
Note also that during all output s 
(both analogue and digital). an int er
nal hold fun ction is generated for 
the period of the output. 

Digita l Input I Out put 
Displayed spectra may also be out

put digitally to a rang e of digital 
equipme nt via th e Interfa ce Bus con
nector . The ou tput is encoded in 
ISO 7-bit code. (i .e . ASCI I, but with 
out the parit y bit) . On request of a 
digital ou tput. the interna l hold func
tion is im mediat ely acti vated . How
ever . it is then necessa ry to wait for 
up to 22 ms for the beginning of 
the display updat e cycle. Once the 
cyc le has begun . it becomes possi
ble to read-out a spectrum at a max
imum speed of 60 µs per cha nn el . 
Wh ere read-o ut is to s lower peri
phe rals . th e normal sign als are 
avai lable to control th e read-o ut at 
a slowe r rate . Note that it is neces
sary to wa it a minimum of 44 ms 
between two digital read -outs to en
sur e th at th e display screen has 
been updated . 



Fig.6. Typi cal oct ave spectrum as di splayed on th e sc reen of the analyzer 

When the 21 3 1 is connected to a 
computer, a very w ide range of rem 
ote sense and cont rol fun ctions be
come available . These are ent ered 

Peripheral Equipment 
For 21 31 

Connection of Equipment over 
IEC Interfac e 

The IEC in terf ace of the 21 31 
conforms to IEC 62 5- 1 wh ich is 
compatib le wi th IEEE Standard 
4 88 / A NSI M C 1 . 1 . Hence, co nn ec
t ion of th e 2 1 3 1 to an IEC or IEEE 
int erface bus system is only a mat
ter of usin g the appropr iate cable. 

Of parti cular int erest is th e con 
nection ,of a desk-top calcul ator to 
th e 2 1 3 1 over th e IEC in te rfa ce. 
The calculat or can th en operate on 
data suppli ed by th e 21 31 in auto
mati c test sequences, th e sys tem 
forming a formidabl e acou stic mea
surin g package. 

Two general pur pose pro grams have 
been produ ced by B & K t o enable 
basic aco usti cal calculati ons t o be 
made by desk-t op calculators on 
data suppli ed by th e 2 13 1. They 
are BZ 0011 fo r the Tek 4 05 1 I 52, 
and BZ 001 2 fo r th e HP 982 5. 
Furt her details are availabl e on 
request . 

via the Interface Bus con nector in 
the form of a code , and are decoded 
int o the ir actu al fu nctions in th e 
remote con tro l and front panel con-

Alphanumeric Print er Type 2312 
The Alpha num eric Prin ter Type 

23 12 is show n in Fig. 8. It may be 
co nnected to the 2 13 1 over th e IEC 
inte rface, and used t o obtai n a hard 
copy of a spectr um in the fo rm of a 
print- out giving t he level in dB in 
each channel , such pr int- out s being 
initi at ed ove r th e front- panel co n
tr ols of th e 2 131 . 
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Fig.8. B & K Al phanum eri c Print er Ty pe 2 31 2 

The 2 1 3 1 ca n out put data in 
eith er of two form ats. On delive ry, . 
the s im pler form at is selected , in or
der to give th e faste r read- out . In 
out put s to th e 2 3 1 2. however. it 
can be an advantage to select the 
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Fig.7. Sp lit v iew of rea r panel showin g pl ugs 
and soc kets 

tro l . Alterna tive ly, aft er a small in 
tern a l modif ication. these sig nals 
may be ent ered via a separa te Rem
ote Contro l socket . 

seco nd data for mat, wh ich w ill give 
a more "reada ble" pri nt-out wit h no 
sig nifi ca nt inc rease in th e tim e 
taken to genera te it . 
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Fig.9 . B & K Dig it a l Casset t e Recor der Ty pe 
740 0 

Digital Cassette Recorder Type 
7400 

The Digi tal Cassette Recorder 
Type 7 40 0 is shown in Fig. 9. 
Co nnect ion over the IEC interf ace to 
th e 21 3 1 is v ia cab le AO 0 194 (or 
AO O 184 for ear lier Type 7 400's 
fi tt ed w ith a f emale, slide- loc k inter 
face con nector) . The 2 13 1 spec 
trum is stored in a fil e in th e 7 400 
tape casse tt e us ing the 7 400 and 
2 13 1 fron t panel co ntro ls. To re
access the spectrum it is only 
necessa ry to select th e spectrum file 
num ber on the 7400 and th e 
spectr um can be read back to th e 
2 13 1 display screen. Up t o 500 k 
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byte s of data can be stored on a 
sing le cassette enabling app roxi
mately 1200 spectra to be sto red 
on the tape. 

Graphics Recorder Type 2313 
The Graphi cs Recorder Type 

2313 is shown in Fig. 10. Connec
tion over th e IEC interface is made 
using cab le AO O 194. The 2313 is 
a fast digital grap hics printer, which, 
when fitt ed w ith Application Pack
age BZ 7001 , can not only plot or 
list measurement resul t s, but also 
store approx. 300 1 I 3 octave 
spectra, produ ce 1 I 1 2 octave spec
t ra, three parameter mapping (amp li
tude -frequency -tim e) for reverbera 
tion measureme nt , etc. , and pro
duce difference spectra and simulta 
neous plot from any two spectra 
stored with Typ e 2313 or Digital 
Cassette Reco rder 7 400. A range 
of application packages are avalia ble 
fo r interface wit h other B & K instru 
ments, see you r B & K representative 
fo r details. 

- ~ 1ii1i11i: 
11i1iiiii -
iili 

Fig. 10. B & K Graphics Recorder Type 23 13 

Examples of Use 
Measurement of Sound Pow er 

The measur ement of Sound 
Pow er is th e subj ect of ISO stand
ards 3740 through to 3746 . They 
specify th e measurement of Sound 
Pow er under var ious con diti ons and 
to varying degrees of accura cy. Al 
though th ey do not deprecate th e 
use of exponential or RC type aver
ag ing , th ese docum ent s are unanim 
ous in recommending the use of lin 
ear averaging in the measurement 
of Sound Powe r . 

A 21 31 co nnecte d to the Rota
t ing Microphone Boom Type 3923 
makes an ideal system for measur 
ing Sound Powe r accord ing to these 
standa rds and draft standards. In 
them , the sound fie ld emitted by 
the obje ct under investigation can 
either be measured using an array 
of mic rophones set up at prede ter
mined positions around the object , 
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Fig.11 . Use of the Rotating Microphon e Boom T ype 3923 wi th the 213 1 in Sou nd Power 
Meas urement 
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Fig. 12 . Typi cal sound power spect ru m of Refer enc e Sound Source Typ e 4204, used in Sound 
Power measurements w ith the 2 131 in the compar iso n method 

or using a single microphone whi ch 
is tr aversed arou nd the objec t on a 
fi xed path . A syste m comp ri sing the 
3923 and the 2 131 uses the latter 
meth od . The greatest advantage of 
th is method is that the greater part 
of the spati al averag ing of the 
sound field is carried out automati
call y by th e lin ear averaging pro 
cess of the 2 131 . At the end of 
th e measu rement procedure. the 
engineer is no longer lef t w it h a 
comple x and lengt hy calculation pro
cess requiri ng the use of a minicom
puter , but with simp le data manipu
lation s whic h can be easi ly han dled 
using a relat ive ly unsophistic ated 
pocket calcu lato r, or which can 
even be carrie d out by hand . 

Th e major requirem ent for the 
use of a moving micropho ne for 
Sound Power Measurements is that 
th e microphone should make one or 
mor e complete trave rses around the 
so und sourc e during one linear aver
aging period . The path of the tr a
verse , wh ich is usually ci rcula r 
around a sphere or hemisphe re hav
ing th e sou nd source at its cen tr e , 
is specifie d by the relevant docu 
ment . The 3923 can be used to 

give cir cular traverses having vary 
ing diame ters and periods of 1 6 s. 
32 s. or 64 s. Hence , it is on ly a 
matter of selecting the appropr iate 
linear averag ing time on the 21 31 , 
and synchroniz ing the start of the 
3923 traverse wi th the start of the 
averaging period on the 21 31 be
fore these requi rements are ful 
filled. At the end of the averaging 
period , the 21 31 will di sp lay a spec
trum of the average sound field 
along the path of the micropho ne. 

At the end of the measurement 
procedure , a number of spectra will 
result , eac h one corresponding to a 
di ff erent traverse path . These 
spect ra may be averaged externa lly 
to the 2 1 3 1. or interna lly , by ad 
ding succe ssive averages and then 
correcting the spect ral levels ob 
ta ined fo r the number of spectra 
added , (note that this process is not 
re commended fo r large numbers of 
spectra , si nce noise can begin to be
come signif icant) . The Sound Pow er 
of the object under investig at ion 
may then be calculated from th is re
sult in g spectrum , vario us co rrec 
tions being taken into account ac
cording to the method in use . 



Hence. by using the 21 3 1 w ith the 
3923 . the comp lexiti es of Sound 
Powe r measur ement are con sidera 
bly reduced . 

Under reverbe rant cond iti ons. a 
furth er stage of simplification is pos
sible by using the Reference Sound 
Sour ce Type 4204 . Thi s gives a 
known Sound Power, and allows 
the comparison method of measure 
ment. specified in ISO 3 7 41 , to be 
used. 

Calculator Controlled Operation 
The w ide range of remot e sense 

and cont rol facilitie s available on the 
2 131 , and it s IEC 625 - 1 standard 
interfac e, make con nect ion of the 
2131 to an IEC/ IEEE co mpatible 
calculat or espec ially interest ing . Not 
only do es the digital input and out 
put of data become po ssible, but 
almost the complete softw are con 
trol of the 2 13 1. 

When it is being contro lled ove r 
its IEC int erface . the 2 1 31 can be 
conta cted over a total of 4 differ ent 
addr esses, two being listen ad
dresses, one fo r data and one for 
remote programming info rma tion , 
and th e othe r two being talk ad 
dresses, on e fo r data and one for 
statu s information . In a typica l data 
transfer . th e 21 3 1 wi ll be con 
tacted over its progr ammin g listen 
addr ess, such that its cont rols can 
be set for th e meas ureme nt in prog 
ress . and then over its data listen 
address. for a digital input , or over 
its data ta lk addr ess, for a dig ita l 

Preamplif ier: 
Input : Eithe r " Direct Input " or standard 
B & K 7 pin "Preamp l ifi er Input" 
Input Imp edance: 
Direct : 1 M0 / / 100 pF 
Inpu t V ol tage : 1 µV to 1 OOV plus 6 dB 
safety factor 
Inpu t Se ct ion Att enu ator : 0 to 100 dB 
in 1 0 dB steps. accurat e to within 
± 0, 1 dB 
Gain Contro l : 0 to 1 0 dB 
Sensitivity Adjustment (Dir ect ): 
+ 4,7dB to - lOdB 
Sen sitivity Adjustm ent (Preamp.) : 
+ 4,7 dB to - lOdB 
Overlo ad Indi cato rs: Growt h of light in
tensi ty in every second line of th e display 
screen w hen th e anal ogue Input Section 
of th e 2 1 3 1 is overl oaded 
Freq uency Rang e: 2 Hz to 1 00 kHz 
± 0,2 dB, 100 to 200 kHz ± 0,5 dB 
Output : From " Pream plifier Output " on 

out put, or over its stat us talk add 
ress. if the sta tu s of one of its con 
t ro ls is being interrogated . In th is 
way comp lete ly automa ti c operat ion 
can be obtai ned . 

Up to 1 5 devic es can be con 
nected to the IEC int erface at any 
one time . Hence . th e 213 1 can be
come a part of a more complex 
measurement set -up in wh ich all of 
the instruments are being con
tro lled ove r th eir IEC interfaces. 
Thi s allows th e generat ion of com 
plex test sequences under com
plete ly au tomatic control. 

1 I 12 Oct ave Analy sis 
One th e properties of a digital 

filt er is th at by changi ng th e multipli 
er coefficient s used w ithin the filter, 
the same hardware can be used to 
represent a t otally differ ent filt er 
shape. In th e 2 13 1. the multiplie r 
coeff icients are stored in Read Only 
Memorie s, (ROM s). In add iti on to 
those used in 1 I 1 octave and 1 I 3 
octave analys is, th e ROMs con tain 
an ext ra set of coeffi cient s whic h 
allow 1 I 12 octave operation. Th is 
extra set of coef fici ents can be 
accessed ov er t he IEC int erface us
ing an int erfa ce co ntro ller. such as a 
Graph ics Record er Type 23 13 
(mentioned earlier). or a desktop 
calculato r. 

Note that in th e 1 I 1 2 octave 
mod e. operat ion of th e 2 1 31 ceases 
to be in real -t ime. Instead . a 4 -pass 
analysis is mad e, the 21 3 1 calculat 
ing a new 1 I 1 2 octave with in eac h 
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the rear panel 

Filt ers: 
1 / 3 Oct ave Filt ers: 42 Cheby shev fil 
ter s wi th centre freq uenci es fr om 1 , 6 Hz 
to 20 kHz. Fulfi l IEC 225 - 1 966 , DIN 
45 652 and ANS I S1 . 11- 1966 Class Ill 
1 / 1 Oct ave Filt ers: 14 Chebyshe v fi l
ters wi th centr e frequ encies from 2 Hz to 
16 kHz. Fulfil IEC 225 - 19 66 . DIN 
4 5 6 5 2 and A NSI Sl . 11- 196 6 Class II 
1 / 12 Octav e Filte rs: 6-pole fil ters hav
ing centr e fr equencie s of. (for th e 1 6 kHz 
octave ). 2 1. 75 kHz. 20 .54 kHz. 
19 .39 kHz. 1 B.30 kHz. 17.28 KHz, 
16 ,3 1 KHz. 15.40 kHz, 14 .5 4 kHz. 
13, 73 kHz. 12.96 KHz, 1 2,23 kHz and 
11 ,55 kHz . To obtain the centr e fr equen 
cies in low er octaves. mult ipl y by 2 -k. 
where k is the nu mber of octaves low er 
A -filter : Fulfil s IEC 6 5 1 type I. Wh en "A . 
w eighting " is act ivated. both th e 1 / 3 

1 / 3 octave with each pass. a llow 
ing the fu ll 1/ 12 octave spectrum 
to be built up . Only one 1 / 12 oc
tave with in each 1 / 3 octave can be 
disp layed at any one time , and th e 
read -outs are as for 1 / 3 octave 
mode . 

Extension Units 
The range of analysis may also be 

exte nd ed using exte nsion unit s. A 
two cha nnel extens ion unit WH 
0490 is available as a plug - in PC 
ca rd . These two extra channel s are 
displ ayed in the 1 I 3 oc tave mode 
of analysis . Their chara cter ist ics are 
selectab le between A. B, C, D, or 
Linear We ighti ng , wit h Fast , slow, 
or Imp ulse respo nse, all sw it ch se
lectabl e on the circu it card compri s
ing the exten sion unit , wh ich is 
mount ed inside th e 2 13 1. A 
W I 16 24 Linear Ave rager modific a
t ion to the WH 0490 is ava ilable to 
pro vide tru e Leq va lues w hen th e 
detector respons e Fast / Slow is se
lect ed. A W I 12 11 / WB 0341 op 
tion allows externa l cont ro l of all 
W H 0490 functi ons. A seperate 
W H 0490 System Development 
data sheet is availab le for furth er 
det ails. 

Anothe r unit. B & K Expa nsion 
Unit Type 5765, is avai lab le for 
co nnection to a 2 131 to enable 
eleven extr a chann els t o be dis 
played. A contro l circuit W H 0 333 
is avai lable for s imu ltaneo us con trol 
of op ti ons W H 0490 and 5765. A 
seperate 5765 Sy stem Develop 
ment data sheet is avai lable for 
furth er detai ls. 

and 1 / 1 octave spectra are A-we ight ed . 
The A -w eight ed level appear s in Channe l 
W ( 1 / 1 octave only) 
Linear filter : low f requency cu t-off at 
1 Hz wi th an 18 dB/ octave ro ll- off . High 
fr equ ency cut -off 2 7 kHz w ith a 
72 dB/ octave roll -off . The level of th e lin 
ear filt er appears in channe l W ( 1 / 1 oc
tave only wit hout A-weight in g) 
ADC: 12 -bit two 's comp lem en t. Qu antiz 
ing error ± 1/ 2 LSB. Conve rsion t ime 
7 µs . Sampl ing frequency 66 ,667 kHz 
Analogu e Antiali asi ng Fil te r : 1 2-pole 
Butte rw orth low -pass fi lter w ith 27 kHz 
cut -off fr equ ency and 72 dB/ octave roll 
off 

D etectors : 
Digital tru e RMS detection of the Fil ter 
Uni t ou tput , us ing a 13 bit in put. 60 dB 
RMS dynamic rang e w ith 9 dB crest fac 
tor margin over the top of the dynamic 
range 
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Av eragin g: Both exponentia l and linear 
averaging are provided 
Averaging Times: Averagi ng times of 
from 1 / 32 s to 1 28 s in a binary se
quence can be se lected in both exponen
tia l and linear averaging 
Conf idence Leve ls: 68 % confidence le
vels of u < 2,0dB . u < l ,OdB and 
u < 0 ,5 dB can be selecte d in exponentia l 
averaging 

Syst em A ccuracy: 
Accura cy: Accuracy to a sine wave input 
at the f ilter cen tre freque ncy is as fol
lows . (5 to 40 °C)" · 
better than ± 0 , 2 dB O to 30 dB below 
FSD 
better than ± 0 .4 dB 30 to 40d B below 
FSD 
better than ± O,B dB 40 to 50dB below 
FSD 
bette r tha n ± 1,5 dB 50 to 55d B below 
FSD 
better than ± 2,0dB 55 to 60dB below 
FSD 

With measurements more than 48 dB below full 
scale. the measuring sino wave should be ac· 
compained by another signal outside the mea• 
sured channel, having an amplitude greater 
than 40 dB below FSD 

Resolut ion: The spectral level which will 
be obtained from the alphanumeric dis
plays on the disp lay screen wi ll have the 
following reso lut ion: 
O. 1 dB O 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 
1,0 dB 59 to 60 dB below FSD 

Sto rage M odes: 
Input Spectrum St ore: "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 fu r
ther updating 
"Max . Hold" for storing of the maximum 
RMS signal level in each channel 
Mem ory : "Store" stores the con tents of 
the Input Spectr um Store in the Memo ry 
"Protect" prevents furthe r updating of 
the Memory 

Display Screen : 
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The disp lay screen shows the contents of 
whichever store is se lected by the Out
put Spectrum Selector 
Size : 11 " 
Display Ar ea: 1 5 cm x 2 1 cm (6 in x 8 
1/ 4 in) 
Scale Lines: 31 horizonta l li nes are elec
tronically genera ted direct ly on the 
screen for para llax-free readings , cali 
brated in dB. The dB scale changes auto
matically wi th Input Attenuato r and Ref
erence adjustm en ts 
Representa t ion of Channels: In 3 1 chan
nels, 30 of which represent 1 I 1 or 1 / 3 
octave information , and one represents 
the lin ear channe l. Each channe l is repre
sented by a column consisting of 1 0 ver -

tica l l ines. one of which is darkened to 
give chan nel separat ion . The channe ls 
are identified by the channel numbe r. 
which is, (to the nearest integer) 1 O 
log to 10 , where f 0 is the chan nel centre 
frequency. The columns represent w hich
ever frequency range is selected by the 
Frequency Range selector 
Br ightn ess Contro l : Potentiometer regu
lation of the scale li nes and freque ncy 
spectrum. The scale brightness can also 
be independently varied, allowing fade
out so t hat only the frequency spectrum 
is seen 
Overload : Input Spectrum Function 
"Co nt. " : The spectrum display is intensi
fied when the analogue Input Secuon of 
the 2 1 3 1 is overl oaded 
Input Spectrum Function " Hold"· The 
spectrum display is kept intensified when 
the analogue Input Section of the 2131 
os overloaded 
Input Spectrum Function "Max . Hold": 
Those channe ls in which over load occurs 
are kept intensi fied 
Channel Selector : The selected cha nnel 
is indicated with an intensified column 
A lphanum eric Read-outs: "Center Fre
quency" gives the selected channel cen
tre frequency in Hz 
" Level" gives the selected channel level 
on dB, maximum reading 2 16 dB. Dy
namic range 66 dB 
Line Frequency : 1 6,67 kHz 
Frame Frequency: 45 ,5 Hz 

A nalog ue Output s: 
Preamplifi er Output : Bandwi dth, 1 Hz to 
200k Hz 
Outp ut Impedance. 1000 , Maximum Vol
tage Swing 5 Vp. Minimum Load Imped
ance. 5 kO 
Level Recorder Output : Output Imped
ance 1 kO, Maximum Outp ut Voltage 
+ 1 5 V (nominal 1 2 VI 
Level Reco rder Control : Connecti on to 
the Level Recorder Control Socket is via 
Cable AO 0027 for a 2305 and Cable 
AO 0035 for a 2307 
X/ Y Output : Output Impedance 1 00 0 
X-ramp: Staircase voltage going fro m 0 
to 7 .27 V in 45 s for a read-out star ting 
at the 25 Hz chan nel, and from O to 
10 V in 60 s for a read-out starting at 
the 1,6 Hz channe l. For a read-ou t w ith 
alt ernating display, these t imes are in
creased by a factor of 8 (or 4 af ter inter
nal modifica t iont. Accu racy ± 1 0 mV 
Y-Level: 0 to 6,60V with a resolu tion of 
0,2dB and accuracy of± l OmV. Pen lift 
con tro l by contact closure 

Digita l Input and Output : 
Cod e: ISO 7-b it code (i . e. ASCII but 
witho ut the parity bit) . Range O to 
216dB 
Log ic Levels: TIL Compatible 
Dynami c Range: 66 dB 
Resoluti on: 0 , 1 dB 

IEC Interface: 
Conforms to IEC 625 - 1 compatib le with 
IEEE Std. 4BB. Allows digita l input and 
outpu t and remote progra mming of the 

2 1 31 over the IEC inter face bus 
Functi ons Implem ented : SH 1, A H 1. T7 
TB. L3. L4. DCl 

Remote Control 
After int ern al modi fication. remote pro
gramm ing is also possib le via the Rem
ote Control Socket. 

Power Supply : 
100, 115, 127, 150. 220. 240V AC 
± 1 0% 50 to 60 Hz, approx. 200 VA 
Complies wit h Safety Class I of IEC 348 

Environment : 
Temp eratur e Range : (for operat ion 
within spec ifica tions) + 5°C to + 40°C 
Stor age Temp eratur e: -25°C to + 10 0c 
Elect roma gneti c Compatibi lit y: Complies 
with Amoricon FCC requirements for 
Class A computing device 

Cabinet : 
Suppl ied as model A (ligh tweight metal 
cabinet) . B (model A in mahogany cab 
inetl or C (as A but w it h flanges for 
sta ndard 1 9" racks) 

Dimen sions and Weight : 
(A-cabinet wi thout feet) 
Height : 310, 4 mm( 12,2in) 
Width : 430 mm ( 16 ,9 in) 
Depth : 500 mm ( 1 9 , 7 in) 
We ight : 29 kg (6 4 lb) 

A cceuorlea Included : 
1 Ma ins cable 
1 B-pole DIN plug 
2 B & K plugs 
1 BNC plug 
1 Frequency Scale 
1 Roll recor ding paper 
IEC Bus Connector Kit 

Ac ceu orlea Availab le: 
Level Recorder Type 2305 
con trol cable, 
Level Recorder Type 23 07 
control cable, 
IEC 625- 1 inte rface 
cable (2 m) 
IEC (male, sl ide-lock) to 
IEC 625- 1 int erface 
cable (2 m) 

IEC 625 - 1 = IEEE 488 
interface cable (2 m) 
Adaptor to conver t IEEE 
in strument to IEC 625- 1 

AN 0010 
JP OB0 2 
JP 01 01 
JP 0035 
SC 0354 
OP 1 153 
UA 0793 

AO 0027 

AO 003 5 

AO 0 194 

AO 0 184 

A00265 

AO 0195 
1 5-pole plug for extension un it and rem
ote control sockets JP 1 502 
(Kit compr ising plug JP 150 1. cover DH 
0 207 and sliding lock DH 0292) 
WH 0490 2 Channel Extensio n Uni t giv
ing A . B, C, D, or Lin weighting wit h 
Fast. Slow or Impu lse response in each 
channel 
WI 1624 Linear Averager modification to 
the WH0490 
WH 12 11 / WB0 341 for external control 
of WH0490 
6766 Expans ion Unit can add up to 11 
fur ther channels to the 2 1 3 1 
WH 0333 for control of both WH 0490 
and 5765 


