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I. SPEECH ANALYSIS 

A. SPECTRUM SAMPLING INSTRUlli3NTATION 

1 . The 51 -channel analyzer 
Detailed design plans for the 51-channel analyzer were 

given in the previous progress report. The design of the individual 

channels of the filterbank is almost completed. At present we are 

investigating temperature stability and other drift sources and a 

scheme for tuning the coils and condensers of the filters. The con- 

structional phase will be started in about 3-4 months' time. 

J. Libjencrants, U. Rengman 

2. RASSLAi!T - a 6-channel closed loop sectioning device 
A provisional instrumentation for spectrum sampling has 

been constructed, to a large extent utilizing earlier existing units. 

It has a comparatively low data handling capacity but car1 do a certain 

amount of routine work till the 51-channel spectrometer is completed. 

The general design and function nf the analyzer are illus- 

trated in Fig. 1-1 . 
The speech sample to be analyzed is stored on a tape loop 

with a revolution time of the order of 2 sec. On the loop is 

also a triggering signal, at present a 10-kc/s tone burst with a dur- 

ation of 10 msec. This signal actuates a manually adjustable delay 

unit, the output of which governs the sampling point. The speech sig- 

nal is processed in a heterodyne system analogous to that of the pro- 

posed 51-channel analyzer. The band-pass analysis is carried out in 

a bank of six filters with center. frequencies from 1 kc/s and upwards. 

The output of the filters are individually rectified and smoothed. At 

the arrival of the delayed triggering pulse these signals are simulta- 

neously sampled and stored in memory capacitors. The voltages of these 

are successively transferred to the recording system with the aid of a 
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Fig. 1-1 Block diagram of the six-channel closed loop spectral 

sectioning instrumentation. 
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Fig. I -3 Examples of spectral sections of a vowel [ae] produced 
with the six-channel spectrograph. 



Fig. I -4 Examples of spectral sections of a fricative [J] produced 
with the six-channel analyzer. 



The narrow-band analysis of the vowel (~=31 c/s and 62 c/s) 

displays an accurate harmonic structure the envelope of which contains 

more details than the wide-band spectrum (~=250 c/s). The analysis of 

the fricative, Fig. 1-4, illustrates the influence of the quotient be- 

tween analysis and smoothing filter bandwidths upon the random devia- 

tions from the mean envelope, see section A-3. Below the spectral sec- 

tion there is included a duplex oscillogram of the speech wave time 

function and a memory function for the smoothing filter, the time base 

of which is located at the sampling point. 

J. Liljencrants 

3. Analysis of random signals 

The spectral analysis of random noise signals involves a 

band limitation of a band-pass filter of width B followed by a recti- 

fication and smoothing through a low-pass filter having the integra- 
t 

tion time 'i?. The DC voltage thus obtained (v) has a random ripple 
superimposed on it, the BIS value of which may be called avo 

It is known that 

See for instance ref. (1 ) and the previous progress report. If the 

signal is plotted on a logarithmic scale snd provided ~ ~ $ 7  is rea- 

sonablg small this formula can be rewritten: 

1 
o = k*20*logI0ee - (E~. 1-2) 
Y V m- 

which is the RMS value of random striations in dB. The conversion 

* For definition of T see ref, (2). In terms of equivalent band- 
width 7 = 1/23', where F is close to the 6 dB cutoff frequency 
of the LP-filter. 


