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[57] ABSTRACT 
A bandwidth compression system such as a digital 
vocoder including an analysis section employs a trans 
ducer to convert an input speech wave into an electri 
cal signal which is then digitized by an analog to 
digital converter. The digitized signal is directed 
through a spectrum device where the magnitudes of 
the frequency spectrum of the input speech wave are 
obtained. These magnitudes are then directed to a 
logging circuit to obtain the logarithm of the frequen 
cy spectrum magnitudes of the input speech signal. 
The logged magnitudes of the frequency spectrum are 
then directed to a computer where the discrete Fouri 
er transform of the logged spectrum magnitudes are 
obtained to form the Fourier transform of the 
logarithm of the frequency spectrum magnitude 
(PTLSM) of the input speech signal. An encoding unit 
selects and encodes certain ones of the FTLSM coeffi 
cients for transmission to a remote terminal for analy 
sis. The encoded signals include pitch data and vocal 
tract impulse data, both of which are derived from the 
FTLSM signals. 
The analysis section of a vocoder terminal employs a 
decodin device whicg decodes he recieived data apd 
separate it into pite data an voca tract ll‘l‘lpll se 
data. Connected to the decoding device is a comput-s 
ing device for computing the logarithm of the spec~ 
trum envelope of the vocal tract impulse response 
function using the discrete Fourier transform. The 
logged spectrum is directed through a delogging 
device to a fast Fourier transform (FET) computer 
where the Fourier sine transform of the received spec 
trum signals (the impulse response) are obtained. A 
convolution unit then convolves the pitch data with 
the impulse response data to yield the desired synthes 
ized speech signal. 

37 Claims, 19 Drawing Figures 
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METHOD AND APPARATUS FOR SIGNAL 
BANDWIUI'H COMPRESION UTILIZING THE 

FOURIER TRANSFORM OF THE IDGARITHM OF 
THE FREQUENCY SPECTRUM MAGNI'I'UDE 

BACKGROUND OF THE INVENTION 

This invention relates to speech compresion systems 
and in particular to digital vocoder systems. 

It is well-known that the vocal tract, consisting of 
throat, mouth, tongue, lips, teeth and nasal passages, 
forms a time varying linear ?lter in which the amplitude 
response versus frequency characteristics is responsible 
for practically all the information content in a speech 
signal. This ?lter is driven by energy sources, corn 
monly known as “buu" and “hiss” energy sources. 
The term “buzz” is associated with the type of vocal 

source excitation function which exists when the vocal 
cords are oscillating at some quasi-periodic rate (called 
the pitch). Under this condition the chest cavity is sup 
plying pu?'s of air to the vocal tract at the quasi 
periodic rate at which the vocal cords are oscillating. 
The term “hiss” is associated with the type of vocal 
source excitation which exists when the vocal cords are 
not oscillating in a quasi-periodic manner but are al 
ways allowing air to pass through from the chest cavity 
and excite the vocal tract. 
For voiced sounds, e.g., vowels, the excitation is 

from the buzz energy source. For unvoiced sounds, 
e.g., ss, sh, f and whispered speech, the excitation is 
from the his source. The information content is im 
pressed upon the speech signal by the vocal tract acting 
essentially as a time varying distributed constant linear 
?lter. Thus, to recreate speech which is both intelligible 
and natural sounding, it is necessary to use both the in 
formation describing the time varying spectral shape 
and the information describing the buzz and hiss energy 
sources. The latter information generally takes the 
form of measurements of the fundamental frequency of 
the bus sources as a function of time (pitch extrac 
tion). Information as to whether the excitation is buzz 
or hiss is used by the speech compression system. Com 
binations of buzz and his excitation are used to 
generate some sounds, but speech compression systems 
do not generally try to detect the combined excitation. 
A decision is usually made as to whether to use buzz or 
his excitation for this combined excitation in a speech 
compression system of this type. 
Speech compression systems using spectral analysis 

are generally called vocoders. ln existing speech com 
pression systems, the spectrum data are transmitted by 
digitally encoding the logarithm of about 16 voltage 
spectrum amplitude which are derived from a ?lter 
bank spectrum analyzer. This method is known to be 
inefficient because of the high correlations among the 
various spectrum amplitudes. Various techniques are 
now used to remove these correlations and therefore 
reduce the required data rate for a given transmission 
fidelity. One approach which produces sonne improve 
ments is the use of a delta pulse code modulation 
scheme in which only the decibel di?‘erences in level 
between adjacent frequency channels are transmitted. 
Another scheme is to form weighted sum of the 
logged, digitiud spectrum amplitudes, the weighting 
being arranged so that cross-correlation of the speech 
wave against a waveform derived from the input speech 
are markedly reduced. 
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2 
Another type of vocoder is called the autocorrelation 

vocoderwhichderivesitsnamefromthefactthatinthe 
?rst step of the analysis process the autocorrelation 
function of the speech input is measured in terms of 
orthonormal functiom. Just as the power spectrum of 
the speech input varies with tinne (as a talker articulates 
various sounds), so does the autocorrelation function. 
There is a one-to-one correspondence between the 
power spectrum and the autocorrelation function of 
the speech signal so that measuring one is equivalent to 
measuring the other. Mathematically, the power spec 
trum and the autocorrelation function are Fourier 
transform pairs. Thus, autocorrelation is simply an al 
ternative method of measuring the short time energy 
spectrum of the speech sigrnal. in an autocorrelation 
vocoder, the input signal is ?rst applied to the inputs of 
a set of orthogonal ?lters. The ?lter output signals are 
multiplied by the input speech signal, and the product 
signal is then directed through low pass ?lters. The out 
put signals from the low pass ?lter are the coef?cients 
in an expansion of the power spectrum. 
The power spectrum P0) of a speech signal is the 

product of the power spectrum of a pitch excitation, 
V(f), and the magnitude squares |H(f)|' of a vocal 
tract transfer function H(f). 

P(f)=lH(f)l' V0’) (1) 
As stated above, the autocorrelation function is the 
Fourier transform of P(j) and is composed of the con 
volution of the transform of ]H(f) |’ and V0‘). Practi 
cally, this means that the autocorrelation function re 
peats itself at multiples of the pitch period, and it is 
necessary to represent the vocal tract out to fairly large 
delay values (near one-half of a pitch period) in order 
to represent the speech spectrum with any ?delity. The 
overlap of successive autocorrelation functions due to 
convolution properties raises some doubt as to the 
validity of the values of the autocorrelation function 
alone as a measure of the vocal tract shape. While the 
autocorrelation vocoder obtains nearly independent 
spectral measurements, it does not solve the problem 
caused by confounding the spectral envelope (vocal 
tract) data with the excitation spectrum data, which 
results in higher order transmitted coefficients. 
Furthermore, this type of vocoder is basically an analog 
device yielding an output consisting of voltage spec 
trum values which are subsequently digitized. 

SUMMARY OF THE INVENTION 

Brie?y, a bandwidth compression system according 
to the present invention includes a means for generat 
ing an electrical signal representing the Fourier trans 
form of the logarithm of the spectrum magnitudes 
(FTLSM) of an input sigrnal having excitation and im 
pulse response information included therein. A ?rst de 
tection means, coupled to the means for generating the 
FI‘LSM electrical signal, is operative to separate out a 
first predetermined portion of the Fl'LSM electrical 
signal to represent the excitation infonnation of tlne 
input signal. A second detection means, also coupled to 
the means for generating the FTLSM electrical signal, 
is operative to separate out a second predetermined 
portion of the FI‘LSM electrical signal to represent the 
impulse response information of the input signal. The 
bandwidth required to pass the combined ?rst and 


























































