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O n the Use of Warb le Tone and Random Noise 

for Acoustic Measurement Purposes 

By Jens T. Broch, Dipl. lug. E.T.H.*) 

ABSTRACT 
The requirements that an acoustic test signal should f u l f i l l are b r ie f l y ou t l i ned . It is f o u n d that 
in cases where t ime and space averaging are necessary to obta in realist ic measur ing results, ei ther 
bands of random noise or w a r b l e d tones should be used. The physical propert ies of the t w o types 
of complex test signals are discussed w i t h respect to the f requency- and t ime-d is t r ibu t ion of the 
energy. The importance o f using random noise whe re non- l inear i t ies are present in the test 
system is po in ted out , and an example s h o w n . It is concluded that bands of random noise w i l l 
be the most desirable complex test signal to use, w h i l e in many cases this type of signal may, 
for economical reasons, be subst i tu ted by w a r b l e d tones. 

SOMMAIRE 
L'examen des caracterist iques a ex iger d 'un signal d'essais acoustiques montre que dans les cas 
ou une in tegra t ion dans le temps ou dans 1'espace est mise en jeu , il est necessaire d 'employer 
so it une bande de b ru i t blanc soit un signal module en f requence (hulu leur) . Les propr ietes 
energet iques de ces s ignaux sont comparees au po in t de vue de la repar t i t ion en f requence et 
stat ist ique. La necessite d 'emp loyer le b ru i t blanc lorsque le systeme en essais presente des 
non-l ineari tes est demontree et i l lustree par un exemple . L'etude permet de conclure en general 
a la super ior i te du b ru i t blanc en remarquant toutefo is que dans de nombreux cas le signal 
modu le , plus faci le a obten i r , peut lui etre subst i tue. 

ZUSAMMENFASSUNG 
Als Prufsignale fur raumakustische AAessungen ve rwende t man im a l lgemeinen entweder gef i l ter tes 
Rauschen oder Heul tone. Die Eigenschaften dieser beiden Signalarten we rden anhand der Frequenz-
und Ze i tver te i lung ihrer Energie d iskut ie r t . Es ze ig t s ich, daft gef i l ter tes Rauschen d ie besseren 
zei t l ichen und raum lichen M i t t e lwe r t e l ie fer t , besonders, wenn Nicht l inear i ta ten im Pruf system 
verhanden s ind . Heul tone, d ie mit einem ger ingerem A u f w a n d erzeugt we rden konnen, l ie fern 
jedoch ebenfal ls brauchbare Ergebnisse. 

The word "ACOUSTIC" is derived from greek and is commonly used to 
designate the physical behaviour of sound waves. To further specify 
part icular aspects of acoustics, terms are often used like "electro-acoustics", 
"room acoustics" (architectural acoustics), "psycho-acoustics" and "noise 
control". 
The study of each of these branches of acoustics requires a somewhat 
different measurement technique, and so the requirements for the signal 
source will also varv. 
As long as the exact behaviour of, for example, electro-mechanical- acoustical 
t ransducers is investigated, the most convenient signal to use is the simple, 
pure sine-wave. However, most phenomena related to room- and psycho 

*) Paper given at (he 4th Internat ional Congress on Acoustics, Copenhagen 21-28 August 11H)2. 
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acoustics, and noise control, such as speech, music and noise are complex 
and transient in nature. Also, in room acoustics the physical dimensions of 
the boundar ies within which the sound waves travel are of the same order 
of magni tude as the wavelength of the sound. Such condit ions require, for 
more realistic and convenient measurements , some sort of a complex test 
signal, instead of pure sine-waves, as well as a relatively simple method of 
time and space averaging. 
Two main types of test signals have, in the course of time, been suggested 
and found wide-spread acceptance for these types of measurements , namely 
"warbled tones" and controlled, electrically produced, bands of random 
noise. Also a "mul l i tone" signal has been suggested, but has never become 
really important because of the ra ther complicated and expensive appara tus 
which must be used to produce it. From a physical point of view the 
mult i tone must be placed between the "warbled lone1 ' and random noise. 
For some part icular measurements like reverberat ion time determinat ion, 
gun-shots are sometimes employed. A gun-shot will contain all frequencies 
within the audible spectrum, but because of its transient na ture it has 
a very limited range of application as an acoustic test-signal. 
Now, what are the significant difference between the two types of signal; — 
warbled tone and random noise? Which type of signal should be chosen 
for a part icular measurement problem? 
Let it be stated at once that warbled tones are easier to produce and 
'control" than random noise, and measur ing equipment used in conjunction 
with warbled tones will thus, in most cases, be the least expensive. 
However, in certain cases where "bea ts" and non-lineari t ies are involved 
the use of a random noise test signal mav be the onlv way to produce 
realistic measuring results. In all circumstances it seems that r andom noise 
can substitute the warbled tone, — while the converse is not true. 
The significant difference between the two types of signal can be unders tood 
when the physical characterist ics of the signals are known. Starting with 
the warbled tone, this is a "s imple" frequency modulated signal. From the 
theory of frequency modulat ion it is known that a sinusoidal "carr ier" 
signal of angular frequency to, frequency modulated by another sinus
oidal signal of angular frequency Q can be expressed mathematical ly by 
the equation: 

a — Ao X cos (co t + msin Q I) -̂  
= Ao X | Jo(ni) cos to t 

+ Ji(m) cos (to + Q)l — J i ( m ) c o s (co —Q) t 
+ J"2(m) cos lo.) + 2 Q)\ + J2(m)cos (co — 2.Q)\ 

+ Jn(m)cos (co + nQ)t+{—l)ncos (co— nQ)} (1) 
where Jn(m) is the Bessel function of the first kind and n ' th order for the 

A co 
argument in, and m = ~Q = modula t ion index. Aco is the maximum angular 
frequency deviation (modulation swing) from the carr ier co. This equation 
describes the spectrum of the frequency modulated signal in the form of 
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Fig. 1. Typical power spectrum of a frequency modulated signal. The 
modulating signal consists in this case of a pure sine wave. Modulation 

index 5. 

an angular carrier frequency OJ and a number of s idebands co ± n X Q-, see 
Fig. 1. In acoustics one will normal ly be interested in producing a spectrum 
around the "carr ier" frequency which is as flat as possible, e.g. each of the 
sidebands should contain the same amount of energy. To obtain this kind of 
spectrum the modulal ing signal should in fact not be a pure sine wave, but 
preferably a more complex wave. The ideal wave form one would expect 
to be triangular because then an equal amount of time is spent in equal 
frequency intervals around the carrier. However, not only the wave form of 
the modulating signal but also the modulation index changes the spectrum of 
the warble tone, so that "opt imum" conditions depend on several factors. 
For a long time the well known saw-tooth signal, Fig. 2, which is very easy to 
produce in practice, has been used as modulat ing signal. Saw Tooth 
modulat ion has been treated theoretically by Prof. J. Rybner of the Danish 
Technical University who was able to solve the problem by means of 
Fresnel integrals and integrals studied by E. Lommel. In his paper Prof. 
Rybner gives an example of the theoretical spectrum for a saw-tooth warble 
signal with a modulat ion index 5. (Fiq. 3). 
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Fig. 2. Example of a saw-tooth type signal. 

Investigations made at Briiel & Kjger indicate that a saw-tooth type -signal is 
as well suited as a tr iangular wave for the modulation, and that to obtain 
an "opt imum" spectrum shape, modulat ion indices of 10 or higher should be 
used. That the spectrum shape of a t r iangular modulat ion should not deviate 
too much from that of a saw-tooth is also to be expected on the basis of the 
amplitude density curves for the two types of signal, see Fig. 4. 
From the spectra shown in Figs. 1, 3, and 4 it can be seen that whichever 
type of periodic modulat ing signal and value of modula t ion index are used 

Fig. 3. Theoretical spectrum of a signal which is frequency modulated by 
means of a saw-tooth signal (Rybner). 
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Fig. i. Amplitude density curves of triangular and saw-tooth waves, together 
with modulation spectra obtained with the two types of signal. (The spectra 

were measured on a B & K Type 1014 oscillator). 
a) The amplitude density curve of a triangular wave. 
b) The modulation spectrum produced by warbling with a triangular signal. 

Modulation index approximately 10. 
c) The amplitude density curve of a saw-tooth type signal. 
d) The modulation spectrum produced by saw-tooth warbling. Modulation 

index approximately 10. 
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Fig. 5. The frequency spectrum of a band of noise. 

to produce a warbled tone, the spectrum will consists of discrete lines spaced 
at multiples of the fundamental modula t ion frequency around the carrier . 
If, on the other hand, bands of r andom noise are used as lest signal no 
discrete lines are obtained, the spectrum in this case being completely 
cont inuous within the band considered. Fig. 5 shows the spectrum of such 
a signal obtained by filtering white r andom noise through a 1/3 octave 
filter. 
So far only the spectrum characterist ics of the two types of signal have 
been discussed. However, also another significant difference exists, namely 
the amplitude vs. time relationship. 
Fig. 6 shows a time record of a warbled signal, and Fig. 7 the same for 
a band of r andom noise photographed off the screen of a cathode ray 
oscilloscope. The bandwidths in both cases were the same. (By bandwidth 

Fig. 6. Time record of a marbled signal. 
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Fig. 7. Time record of a band of random noise. 

is here meant the frequency band between the 3 db cut-off points of the 
signal frequency spectrum). It can be seen from the figure that while the 
maximum amplilude remains fairly constant for the warbled signal, it varies 
considerably with time for the noise band. This may, in some cases, 
influence the choice of averaging time in the measuring equipment. 
Regarding the use of the two types of signal it must be viewed in relation 
to the actual measurement problems. In most room acoustic measurements 
one of the main difficulties is to obtain a realistic space averaging. It is well 
known to acoustical engineers, and can be shown theoretically by solving 
the proper wave equation, that sound energy emitted in a room builds up 
a set of standing waves. These are commonly classified as room resonances 
and form a rather complicated scheme of sound distribution vs. space 
coordinates at medium and higher frequencies. To investigate the usefulness 
of warbled signals relative to bands of noise when applied to room acoustic 
problems, M. I. Karnovski (U.S.S.R.) has studied the auto-correlation function 
for the two types of signal in the presence of a reflecting surface and assumed 
that, if the correlation coefficient R(r) is less than o.l. a practically diffuse 
sound field exists. He found the following expressions for the auto-correla
tion: 

For "ideal" bands of random noise: 
/ Acor \ 

s in ( 2 - ) 
Rn (T) = - A - X cos coot (2) v nan l J 

2 
For an "ideal" warbled signal: 

/ Acor \ 
s i n r 2 ) 

R I P ( T ) = ; A T X COS (Oot (3) 
Acor \ l ' 

where co0 ~ 2 n fc = angular center frequency of the band considered, Aco — 
bandwith, r = time difference between the direct and the reflected signal at 
the point of measurement and n = 2 m (m = modulation index of the warbled 
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signal). It can be seen from (2) and (3) that if n ->- OO then R„ = E»-, which 
means that for liiali modu la t ion indicies (m) of the warb led signal the 
interference p ic ture for a band of r a n d o m noise and a warb led signal of 
the same bandwid th and center f requency will be the same. The factor 

/ A an \ 
sin 0 ~ 

E (n) = - " . ~A " 
n S m \ T n ; 

■t 

is plotted in Fig. 8 for var ious values of n. 
F rom the figure it can be seen tha t in all c i rcumstances , i.e. whether a 
warbled tone or a noise band is used as test signal a distinct in terference 
picture will be obta ined near the reflecting surface. However , in the case 
of warbled tones there is also a second s t rong interference range with a 

A an 
m a x i m u m de te rmined by the re la t ion ~ --= n X n. If x is set equal to 

2 _—^ where 1 is the dis tance from the surface and c is the velocity of 

sound, the second interference m a x i m u m will occur at 
n X c in X c 

1 ^ ~~2 Zf " ~ Zlf 
where m is the modula t ion index of the warbled signal, for a modula t ion 
index of 10 (n = 20, see also Fig. 8) and a bandwid th Af = 350 c./s, this 
second interference m a x i m u m will thus occur at a d is tance of about 10 m 
from the reflecting surface. For h igher modula t ion indices the distance will 
be still Greater and it m a y thus be assumed tha t when modula t ion indices 
of 10 or h igher are used there will be very little difference in pract ice 

Fig. 8. Variation in the autocorrelation function for warbled tones and a ban** 
of noise as a function of bandwidth (Aw) and time difference (x). 
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he I ween ihe interference picture of a warbled lone and the equivalent 
noise-band, even if a bandwidth as high as 350 c/s is employed. 
Also the effect of the bandwidth can be seen from Fig. 8. The relation 

A an 
lift) < o . l is obtained for the first interference range when i> = 3 n. 

Again solving this for 1 gives: 
3 c 

1 = ~2Af 
This means that the greater the bandwidth , the nar rower ilie dis 'urbing 
interference range will be. In practice bandwidlhs greater than about 350 c/s 
are not vcrv feasible for controlled warble tone or nar row-band noise 
generators, which means that the first strong interference range may be 
present up to distances around 1.5 m from the reflecting surface. 
The above theory assumes perfectly reflecting surfaces. If the surface 
contains sound absorbing mater ia l this will affect the interference picture 
in that the calculated maxima are reduced. 
Now7, what is the significance of the difference in amplitude vs. time charac
teristics of the two types of signal with regard to room-acoustical measure
ments? This question may be answered by considering the l ineari ty of 
acoustic absorbers commonly used for the acoustic t rea tment of rooms as 
well as the amplitude vs. time characteristics of "natural sounds". Most 
acoustic materials show an almost exact l ineari ty over the range of sound 
levels encountered in normal music and speech rooms. However, certain 
Ivpes of Helmhollz resonators with relatively small "necks" show a distinct 
non-lineari ty with sound pressure level. This subject has been t reated by 
L. I. Sivian. K. Uno Inward and S. Labate (U.S.A.) and also bv F. Barthet 
(Germany). Ingard and Labate suggested that non-linearity sets in at a 
sound pressure level of a round 65 db. However, al though non-l ineari ty 
seems to be measurable at sound pressure levels a round 80 db, serious non
linear effects in absorbers as applied to the acoustic t rea tment of rooms are 
not likely to be apparen t at sound pressure levels lower than 110—120 db. 
In an experiment where a great number of resonators adjusted to a re-

Fi<j. 9. Reverberation curves recorded for two different "starting" sound levels. 
The curves illustrate the dynamic non-linearities introduced due to the special 

resonators (Barthet). 
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sonance frequency of a round 300 c/s were placed in a reverberat ion room, 
Barthel could, by simple reverberat ion measurements , show the effect of 
the non-linearity, in this case shots were used for the excitation and the 
recorded reverberat ion curves are shown in Fig. 9. 
Measurements at Briiel & Kjaer on a single resonator carried out by means 
of the standing wave method, also showed a distinct non-l ineari ty with sound 
pressure level, a l though at considerably higher levels than those mentioned 
in the l i terature, Fig. 10. 
The importance of non-linear effects, as regard the measuring signal suitable 
for acoustic tests, should as stated above be considered in view of the 
amplitude characteristics of "natural sounds" which in room-acoustics will 
be music and speech. 
Typical amplitude density (probability density) curves of various signals are 
shown in Fig. 11, and the difference in amplitude density characteristics of 
"natural sounds" and of a warbled signal is clearly noticed. 
As long as linear relationships hold true, and a fairly high modulation index 
is used for the warbled signal there wTill in practice be no significant 
measurement differences whether a warbled tone or the equivalent band of 
random noise is used as test signal. This will, in most cases, be valid in 
room-acoustic measurements . However, as soon as non-linearity enters the 
picture, the use of r andom noise becomes important . As an example of this 
category of problems some investigations have been made at Briiel & Kjser 
on the at tenuation characteristics of an automobile muffler (silencer). 

Fig. 10. Experimental results of measurements on a single resonator by means 
of the standing wave method. 
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Fig. 11. Comparison of amplitude density curves. 
a) Random Noise. 
b) Noise from a mechanical workshop. 
c) Office noise. 
d) Music played by an orchestra. 
e) Speech in an auditorium. 
f) Warbled tones. 

The muffler was first mounted on a car (Chevrolet, stationwagon 1961 model) 
and a x/jf/ microphone Type 4134 installed as shown in Fig. 12. Tape 
recordings were then made on a high quality (ape recorder (linear frequency 
response 2—2ooo c/s) and the overall sound pressure levels monitored on 
a t rue R.M.S.-measuring amplifier (B &K Type 2112), both with idling engine 
and wilh the engine running at around full speed. The r.m.s. sound pressure 
levels were found to be in the region of 130—140 db re. 2 X 107'1 .wbar and 
an. analysis of the instantaneous amplitude distribution showed amplitude 
density curves of the type given in Fig. 13. Pictures were also taken off the 
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Fig. 12. Measurement of the amplitude density curve of the input noise to j 
an automobile muffler. The sketch shows the installation of small microphone I 
(B & K Type 4134) at the muffler input. To protect the microphone diaphragm 

from possible flames a probe "cap" filled with asbestos was fitted. 

Fig. 13. Typical amplitude density curve measured at the muffler input. 

screen of a cathode ray oscilloscope of the variation in waveform of the 
sound. One of the photos is reproduced in Fig. 14a and shows a fairly 
distinct periodicity in the sound waves, but a considerable variation in 
maximum amplitude with time. These characteristics are almost exactly those 
of narrow bands of noise, see Fig. 14b. This conclusion may also be drawn 
from the amplitude density curve shown in Fig. 13 and the 1/3-oclave 
spectrogram of Fig. 15. The skewness in the amplitude density curve was also 
confirmed by the pictures on the oscilloscope screen. 
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Fig. lh. Time records of 
a) the input noise to the muffler 
b) a narrow band of random noise 

To determine possible non-linearities in the muffler this was dismounted 
from the ear and mounted on the Briiel & Kjaer Constant Sound Pressure 
Source Type 4211 which is very well suited for measurements at low 
frequencies and with high sound pressure levels. 
By feeding the muffler first with sinusoidal sound waves of constant R.M.S. 
levels (113 db and 126 db) and then with nar row bands of noise (Zlf — 10 c/s) 
at the same R.M.S. input sound pressure levels the curves shown in Fig. 16 
were recorded at the muffler output. The difference between the curves are 
clearly noticed and are due partly to the difference in "bandwidths" of the 
sweeping signals and partly to some slight nonlinearities in the muffler. 
From the foregoing theoretical discussion and practical experiments the 
following conclusion may be drawn on the use of warbled tone and bands 
of random noise for acoustic measurement purposes: 

1. Whereever acoustic measurements are to be made in spaces or on 
equipment designed for operation in complex sound fields and where 
non-linearities are present, bands of r andom noise should be used as lest 
signals. 

2. If measurements are to be made in spaces or on equipment which behave 
strictly linearly with sound pressure level, warbled tones may be used as 

Fig. 15. Spectrogram of the muffler input noise. The rapid fall-off in 
amplitude us. frequency is partly due to the probe "cap" on the microphone. 
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Fig, 16. Output sound pressure vs. frequency curves with constant input level 
on the muffler. 

a) with sinusoidal input 
b) with a sweeping band of noise input 

test signal instead of r a n d o m noise, even if the sound field in actual 
operat ion is r a n d o m in na tu re . 

The discussion in this paper has been mainly concerned with measurement 
problems in room acoustics and noise control . However, also in electro- and 
psycho-acoustics, the use of complex test signals is sometimes convenient, 
such as in the testing of loudspeakers and experiment's on the masking effect 
of the ear. In these cases the above conclusions regarding the choice of test 
signal type still hold true, and it may be generally stated that when a 
complex test signal is wanted, bands of r a n d o m noise will be the most desir
able type of signal to use, while economical considerat ions may sometimes 
result in the substi tution of this type of signal with warbled tones. 
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Problems in Feedback Cont ro l of Nar row Band 

Random Noise*) 
By P. E. M oiler Petersen. 

ABSTRACT 
The experimental heterodyne noise generator wh ich is described in this paper can supply Narrow 
Band Noise w i t h constant absolute bandwid th and cont inuously variable center f requency. The 
bandwid th of the noise can be adjusted to 10, 30, 100 or 300 c/s and the center f requency 
can be var ied between 20 c/s and 20 kc/s. The generator has a compressor circuit for automatic 
output voltage regulat ion by means of w h i c h , for example, sound pressure or v ibrat ion level 
can be maintained constant. 
The magnitude d is t r ibut ion of the output vol tage is in accordance w i h t the Gaussian d is t r ibut ion 
law also when the compressor circuit is used. To ensure this, the t ime constant of the regulat ion 
circuit must be high enough to prevent unwanted regulations of the noise signal envelope. 
The maximum permissible regulat ion speed has been found by measuring peak response 
d is t r ibut ion at d i f ferent t ime constants. 
Considering the test t ime, the compressor speed should be as high as possible w i thou t af fect ing 
the magnitude d is t r ibut ion of the output vo l tage, since the maximum permissible scanning speed 
depends on the selected compressor speed. 
The instrumentat ion set-up developed for recording the peak response d is t r ibut ion of the output 
voltage includes, besides a level recorder, a recti f ier section which can apply either the posit ive 
or the negative envelope to an oscil loscope, in f ron t of wh ich a photomul t ip l ier tube is mounted. 
By-passing the rectif ier circuit, the instantaneous voltage response can be recorded. 

SOMMAIRE 
Le genenrateur heterodyne experimental deer it dans cet article prod u it autour de la frequence 
variable de son signal de sortie une Bande Etroite de Bruit de largeur constante en valeur 
absolue. La frequence centrale du signal varie de 20 Hz a 20 kHz et la largeur de bande peut 
etre de 10, 30, 1001 ou 300' Hertz. Une part icular i ty importante de ce genenrateur de brui t est 
son circuit servo-regulateur permettant de maintenir constante la grandeur de sortie en 
condit ions variables (pression sonore ou v ibrat ion par exemple). 
La d is t r ibut ion statist ique en ampl i tude du signal est gaussienne et le reste malgre I 'emploi du 
regulateur si la constante de temps de regulat ion est suff isament longue pour el iminer les 
risques de regulat ion de 1'enveloppe du signal. 

*) Pape r given nt the 4lh ICA-Congress, Copenhagen 21.—28. august 1962. 
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La constante de temps m in imum a ete determinee en e tud iant son inf luence sur la d i s t r i bu t ion 
du signal de crete de sort ie. Elle correspond a la vitesse max imum de regulat ion et f i xe done 
la vitesse max imum possible de balayage de la gamme de f requence, dans I 'etude d 'un 
phenomene donne. 
L 'apparei l lage employe pour la de te rmina t ion des d is t r ibu t ions stat ist iques d 'ampl i tudes comprend 
un redresseur a la sort ie duque l I 'enveloppe, soit posi t ive soit negat ive du signal est recuei l l ie 
et envoyee sur I'ecran d 'un osci l loscope. Un tube photo-e lect r ique mesure les ampl i tudes et son 
signal de sort ie est enregistre en fonc t ion du temps. II est egalement possible en suppr imant 
le redresseur ds fa i re I 'etude des tensions instantanees. 

ZUSAMMENFASSUNG 
Die hier beschriebene Versuchsausstel lung eines Schwebungssummers / kan ein schmalbandiges 
Rauschen von konstanter Bandbrei te und kontun ier l i cher , verander l icher AAittenfrequenz erzeugen. 
Die Rauschbandbreite kann auf 10, 30, 100 oder 300 Hz (c/s) e ingeste l l t we rden und die AAitten
f requenz ist abst immbar zwischen 20 Hz (c/s) und 20 kHz (kc's). Der Generator ist mi t e inem 
automatischen Regelkreisiauf (Kompressor) versehen, w o b e i es mogl ich ist, in einer AAeBauf-
sta l lung einen konstanten E f fek t i vwer t der Spannung, St rom, Schal ldruck oder Schwingungspege l 
zu ha l ten. 
Die Augenb l i ckswer ten der Ausgangsspannung sind gaussisch (Normal) ve r te i l t ; auch w e n n die 
automatische Regelung (Kompressor) eingeschaltet ist. Um dies zu erre ichen, muss die Zeit-
konstante des Regelkreislaufes so gross sein, daft sie nicht der Umhu l lungskurve des Signals 
fo lgen kann. 
Die max imale , zulassige Regelungsgeschwind igke i t ist durch das AAessen der Sp i tzenver te i lung 
bei verschiedenen Zei tkonstanten best immt w o r d e n . 
Da die maximale er laubte Frequenzdurch lau fgeschwind igke i t durch die Regelzeitkonstante be
s t immt ist, sol len diese so k le in w i e mogl ich >gewahlt w e r d e n , mi t Rucksicht auf unzerstorte 
Spi tzenver te i lung des Ausgangssignals, um die MeGzeit n iedr ig zu ha l ten. 
Die AAeBaufstellung, d ie fu r d ie AAessung der Sp i tzenver te i lung en tw icke l t ist, besteht aus e inem 
Gleichr ichter , der, en tweder d ie pos i t i ve , oder negat ive Umhul lungskurve des Signals an dem 
Y-Plattenpaar eines KathodenstrahlosziMographen zu fuhr t , sowie eine Photoverstarkerrohre, d ie 
mit e inem kleinen Schli tz versehen ist und auf dem KathodenstrahlosziMographen mont ie r t we rden 
kann, sowie einem Pegelschreiber. Wenn der Gle ichr ichter »uberbruckt« w i r d , kann die Ver-
te i lungskurve der S igna laugenbl ickswer ten gemessen w e r d e n . 

Introduction. 
Random Noise lias been used for acoustical lest purposes lor several years 
and a large number of noise generators with various frequency characterist ics 
are available. Most commonly the oulput of the generators can be character
ized as white noise which means that (he energy per unit frequency is 
constant through the frequency range of interest. Generators intended for 
applications where filters with constant percentage bandwidth are involved 
can in addition often supply a noise spectrum where the output voltage 
per unit frequency decreases 3 db per octave. This type of noise is sometimes 
described as pink noise. There are also noise generators capable of generating 
noise in selectable frequency bands, for example one octave or one third 
of an octave. 
The purpose of the generator described in the following is to produce 
nar row band random noise with constant absolute bandwidth and con
tinuously variable center frequency in the audio frequency range. 
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The genera lor utilize Ihe heterodyne principle which has made it possible 
(o incorporate automat ic feedback control of the output voltage. The feed-
hack circuit lias been so designed that Rayleigh distr ibut ion of the output 
peaks can be main ta ined over a compression range of 45 db. Some of the 
problems which arose during the development work will be discussed in 
I his paper and an ins t rumenta t ion set-up for recording peak response* 
probabil i ty density curves will be described. 

Description. 
The block diagram in Fig. 1 shows the different sections of Ihe Generator. 
The basic noise signal is produced in the Noise Generator section where 
the noise from 2 silicone diodes is added and amplified. 
The silicone diode is an excellent noise source as far as frequency spectrum 
is concerned, but the magni tude distr ibution is unsymmetr ical and not 
Gaussian. This draw-back can be overcome by adding the signals from iwo 
diodes. 

Fig. /. Block diagram of the Narrow Band Noise Generator. 

The noise generator is followed by a band pass filler which determine the 
bandwidth of the final output noise band. The center frequency of the pass 
band is 2ooo c/s. Fig. 2 shows the a t tenuat ion characterist ics. 
In the Balanced Modulator following the band pass filter, the center fre
quency of the noise band is converted to 120 kc/s by bealinq with a 122 ck/s 
sine wave signal. 
The unwanted frequencies, which include among others the 122 kc/s from 
the sine wave oscillator, the 2 kc/s noise signal and the 124 kc/s sum 
frequency, are rejected par t ly in the balanced modula tor and par t ly in the 
following selective variable a amplifier which also forms an impor tant part 
of the feedback control circuit. 
As a net result a nar row band noise signal with a center frequency of 
120 kc/s is present at the output of the variable a amplifier ihe bandwidth 
being adjustable to 10, 30, 100 or 300 c/s. 
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Fig. 2. Band-pass filter attenuation characteristics. 

The final output center frequency is produced by a second frequency 
conversion where the 120 kc/s noise signal is beaLcd with the signal from 
Oscillator E the frequency of which is continuously variable in the range 
120 to 100 kc/s by means of a liming condenser. This condenser is specially 
designed to give a logari thmic variat ion of the output frequency and intended 
for outside motor drive. 
The na r row band noise signal the center frequency of which is now variable 
between 20 and 20ooo c/s is passed through a low pass filter lo Ihe output 
amplifier and is finally available at the output terminals . 
The r.m.s. value of Ihe output voltage is indicated by an output meter the 
damping of which can be altered by changing the time constant of a Miller 
integrator incorporated in the rectifier circuit. At a bandwidth of 10 c/s 
a meter time constant of 30 seconds is used. 
The output signal level is practically independent of the center frequency 
and will remain constant dur ing a frequency sweep. 
For many applications, however, other quanti t ies such as current , sound 
pressure or vibrat ion level should be kept conslant. 
For this purpose a voltage propor t ional to the quant i ty to be regulated can 
be applied to Ihe input of a "compressor" circuit. 

20 



The feedback signal which may he the amplified vollage from a condenser 
microphone as indicated in Fig. 1 is rectified and used lo regulate the gain 
in Ihe variable u amplifier [hereby automatical ly controlling the output 
vollage and keeping the quant i ty in question constant. 

Magnitude Distribution. 
Oscillograms of na r row band Gaussian random noise of different bandwidths 
are shown in Fig. 3. It may be seen that, the appearance is similar to that 
of an ampli tude modulated sine wave signal. The ins tantaneous response is 
distributed according to the Gaussian distr ibut ion and the peak response 
or envelope according to the Rayleigh distr ibution. See Fig. 4. 

Fig. 3. Narrou) Band Gaussian Random Noise (fG = 200 cjs). 

The na r row band noise output from I lie generator described must be in 
accordance with these distr ibution curves when working with as well as 
without feedback control. 
The magni tude distr ibution of Ihe output from Ihe basic wide band noise 
generator is not critical as only a very small frequency band is passed 
Ihrough the following filler but all the amplifier sections including the 
Band Pass Fil ter and the Variable a Amplifier must have a l inear voltage 
characterist ic. 

Fig. //-. The Gaussian and the Rayleigh distribution curves. 
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In the var iable ft amplif ier the gain is control led by Hie rectified feedback 
signal which is used as bias voltage for two amplif ier tubes work ing near 
cull-off. To obtain a sufficiently l inear voltage charac ter is t ics here, it has 
been necessary to opera te at very low signal levels. 
The voltage charac ter is t ic for the complete Na r row Band Noise Genera tor 
measured with sine waves from the input of the band pass filter to the 
output lerminals can be seen in Fig. 5, which shows Ihe output voltage as 
a funct ion of input voltage with the compress ion as pa rame te r . 

Compressor Speed. 
To main ta in Bayleigh d is t r ibut ion dur ing au tomat ic frequency scanning when 
I lie output votlage is feedback control led, a sufficiently low compressor 
speed is just as impor t an t as a l inear voltage charac ter i s t ic . Too high a 
compressor speed will cause u n w a n t e d regulat ion of the noise signal envelope, 
the compressor t rying to keep the ampl i tude constant . See Fig. 6. 
The speed of the compressor is de te rmined by the t ime cons tan t of the 
rectifier for the feedback signal and can be adjusted in steps of 3 to 1. 
The lime constant required for a par t icu la r test is a function of Ihe band-

Fig. 5, Voltage characteristics for band-pass filters, amplifiers and mixer 
stages. 
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Fig. (>. The effect of too high compressor speed. 

widlh of the ou tput signal, and Ihc compressor speed should be selected 
according to table 1. 

Scanning Speed. 
The m a x i m u m permiss ible scanning speed depends on the selected com 
pressor speed as the change in frequency mus t take place at such a ra te 
thai the compressor has t ime to correct the ou tput level. 
Considering the test t ime the compressor speed should thus be as high as 
possible wi thout affecting the magn i tude d is t r ibut ion of the ou tput voltage. 
This has been the decisive factor in the choice of type of rectifier for the 
feedback signal. 

Rectifier Considerations. 
The first a im was to incorpora te a square law detector as the r.ni.s. value 
of the reference signal should be kept cons tan t dur ing the f requency sweep, 
but with this design of rectifier, the compressor speed for increasing and 
decreasing reference voltages are different. Fo r increas ing levels the 
regulat ion is faster and thus de te rmined by the b a n d w i d t h of the output 
voltage. The m a x i m u m possible scanning speed, however , will depend on the 
slower compressor speed at decreas ing levels and an unneccessar i ly long 
test t ime will result . 
In order to obta in equal compressor speeds for increas ing and decreasing 
levels, thereby reducing the test t ime, an average absolute rectifier has 

■ ■ ■ » ■ ■ ■ ■ — . ■ - — | ■ ■ ■ — 

Bandwidth c/s 10 30 100 300 

Compressor Speed dB/sec 3 10 30 100 

Table. 1. Recommended compressor speeds. 
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been chosen for the compressor circuit. The average value of the reference 
signal is thus kept constant during the frequency sweep instead of ihe r.ni.s. 
value, hut in practice this is of no significance as the rat io between the 
r.m.s. value and the average value of the feedback signal is constant (appro*. 
2 db) for normal applications where the magni tude distr ibution of the 
reference signal is gaussian. 

Recording of Probability Density Curves. 
The figures in table 1 have been found by measur ing the magni tude distri
bution of the positive as well as the negative envelope of the output signal 
at different band widths and different compressor speeds. At correct com
pressor speed the probabil i ty density curve of the envelope will obey the 
Rayleigh distr ibution law, 
The ins t rumenta t ion developed for recording the distr ibution curves includes 
a rectifier section which can be switched to apply either the positive or the 
negative envelope to the Y-deflection input of a DC oscilloscope having a 
short persistence cathode ray tube. The front of the tube is masked by a 
plate of ebonite with a one mil imctrc high slit in it and the light passing 
through the slit reaches a photo mult ipl ier tube mounted in front of the 
oscilloscope as shown in Fig. 7. 
The voltage balance in the Y-aniplifier output stage can be varied by an 
external motor drive so that the picture of the envelope is moved slowly 
from the top to the bot tom of the screen. During the movement the current 
in the photo multiplier will change, being proport ional to the time for which 
the voltage of the envelope has a value causing the electron beam to be 
opposite the slit in the mask. 
After several experiments with different cathode ray tubes, different shapes 
of slit, and different amplitudes of picture on the screen a linear working 
range of 50 db has been obtained. 

Fig. 7. Instrumentation for recording peak response distribution curves. 
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Fig. <S\ Peak response distribution carves for different compressor speeds. 

By moving the picture of the envelope relative to the slit and applying a 
voltage proport ional to the photo multiplier current to a level recorder the 
probability density curves can be recorded. 
Fig. 8 shows as an example the distribution curves for a noise signal with 
30 e/s bandwidth at compressor speeds of 3 and 300 db/sec. At 300 db/sec the 
depression of the higher ampli tudes is easily detected. The integrating net
work, which is averaging the voltage applied to the level recorder, must 
have a lime constant at least in the order of 100 seconds when the bandwidth 
of the noise is 30 c/s. The recording lime is consequently fairly long: for 
each of the distr ibution curves shown in Fig. 8 the time used was 6 hours . 
As may be seen from the curves, first the magni tude distr ibution of the 
negative envelope and then that of the positive is recorded. 
The calibration is carried out by applying a sine wave signal having the 
same r.m.s. value as the investigated signal to the input of the rectifier, and 
then recording first the negative peak value, then the zero line, and finally 
the positive peak value. 

Fig. 9. The Gaussian and the Ragleigh distribution carves plotted with 
logarithmic ordinate. 
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Fig. 10. Instantaneous voltage distribution curves for different eoinj)ressor 
speeds, 

For comparison the Rayleigb distribution curve has been plotted on each 
recording to the correct scale. 
The probabi l i ty densi ty curves are recorded in logar i thmic form to obta in 
a better accuracy at the high ampl i tudes t han is possible with a l inear 
scale. Fig. 9 shows the Ravleieh as well as the Gaussian d is t r ibut ion curves 
with logar i thmic ord ina te . 
If the band noise signal to be analyzed is appl ied direct to the oscilloscope 
by-passing the rectifier, the probabi l i ty density of the ins tan taneous voltage 
response can be recorded. An example is shown in Fig. 10. The center fre
quency, bandwid th and the compressor speeds being the same as in Fig. 8. 
The feedback p rob lems out l ined here are main ly related to the design of 
the Nar row Band Noise Generator . In addi t ion other p roblems will have to 
be considered by the user of the ins t rument . Besides choosing the correct 
compressor speed it must for ins tance be checked tha t amplif iers and t r ans 
(lucers incorpora ted in the feedback loops are capable of hand l ing signals 
with a crestfactor of at least 3.5. 
it is expected tha t the Nar row Band Noise Generator will be a valuable 
supplement to existing Noise Generators and will find its appl ica t ions where 
advantage can be t aken of the cons tan t absolute bandwid th , the exact defined 
magni tude dis t r ibut ion and the au tomat ic ou tput voltage regulat ion. 
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News f rom the Factory 

Rain Cover UA 0056. 
This accessory has been designed in order to allow permanent outdoor instal
lat ion of the half-inch microphones , e.g. on airfields, even under extreme 
weather conditions. Wi th a view of reducing the maintenance to a minimum, 
an electrostatic actuator is built in the rain cover, allowing remote controlled 
calibration and check of the installations to be made. 

When the associated 4133 cartridge is ordered together with the UA 0056, the 
actuator is adjusted at the factory so as to obtain an equivalent S.P.L. of 
90 ± 1 dB by injection of an AC voltage of 215 V (or 80 dB at 120 V). 
NB: The microphone is only fully protected when the associated cathode 
follower Type 2614/15 is permanently heated. 

Random Incidence Corrector UA 0055. 
The one-inch microphone Type 4131 + 2612/13/30 or the Sound Level Meter 
Type 2203 may be made practically omnidirectional up to 10 kc/s by using 
the Random Incidence Corrector UA 0055. This specially shaped device, which 

is designed to be mounted in place of the normal protecting grid, regroups 
the freefield response curves of the microphone at all incidences to within 
± 3 dB of the random incidence response up to 10 kc/s, the linearity at 0° 
incidence being furthermore maintained up to 16 kc/s. 

Battery-driven Cathode Follower Type 2630. 
The Cathode Follower Type 2630 is designed according to the same principles 
as the Cathode Followers Tvpes 2612—2615, but includes in its housing a 
transistorized power supply delivering the necessary polarization, plate and 
filament voltages from three small mercury cells. The external diameter of 
the housing is 23.77 mm fo.936") at input end for direct mounting of the 
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Microphone Cartridges Type 4131, and 25.4 mm (1") at bat tery end. The total 
length is 27 cm ( l l " ) . A small moving coil voltmeter is built-in for checking 
the batteries output voltage. The 2630 is equipped with a 3 m (10 ft) long 
cable at its output. It is delivered with 3 Mallory RM 1-R cells and an input 
adaptor for connection of accelerometers etc. 

Psophometer Filter ZS 0301. 
This filter has been designed for noise measurements on radio broadcasting 
audio systems, as required by C.C.I.F. (C.C.I.R., C.C.I.T.T.). Fu r the r details 
can be found in the C.C.I.F. "Green-book", pp. 126 etc., as well as in the 
German Standard DIN 45405. 
The max imum allowable input voltage is 1 V approx. (max. crest-factor 51 
and the input impedance is somewhat frequency dependent (2ooo—600 Q). 
It should be connected to a low generator impedance (10 ,£?) and the output 
should be loaded by 146 k,Q. These matching condit ions are automatical ly 

fulfilled when the filter is used as "External Fi l ter" in combinat ion with the 
Amplifier Type 2604. However, when used together with the Amplifier Type 
2603 or the Analyzers Types 2107 or 2112 a loud resistance of 162 kQ should 
be connected in parallel with the filter output. 
When using other than the B & K AO 0013 or AO 0014 cables for connection 
of the filter to one of the above ment ioned amplifiers or analyzers it should 
be noted that the cable capacity should be lower than 250 p F to keep the 
filter characterist ics well within the tolerance permit ted in the various 
s tandards . 
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