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5 Claims 

ABSTRACT OF THE DISCLOSURE 
Disclosed is a method and apparatus for achieving a 

reduction of the noise component of the channel voltages 
in the operation of a channel vocoder during unvoiced 
speech segments without impairing the quality of voiced 
segments. The output of each channel is limited to a fre 
quency which is lower for unvoiced segments than for 
voiced segments. This can be achieved by inserting a vari 
able filter arrangement in each channel for Smoothing the 
output of the same according to a lower limiting frequency 
for unvoiced rather than for voiced information seg 
ments. The filter arrangement may consist of a pair of low 
pass filters for each channel, or a variable cut-off low pass 
filter for each channel, or a triggered integrator for each 
channel operable in a higher triggering rate or lower 
triggering rate mode, in each case the filter arrangement 
being switched between its higher cut-off and lower cut-off 
mode by the voiced-unvoiced discriminator of the vocoder. 

amunu...walman 

This invention relates to methods and arrangements for 
reducing the noise components contained in the channel 
voltages when analyzing unvoiced speech segments. 
As is well known, one individual channel of the analyzer 

of a channel vocoder consists of a band-pass filter BP1 to 
BP (FIG. 1), a rectifier G1 to Gn and a smoothing low 
pass filter LP to LP respectively. When analyzing voiced 
or unvoiced longer-lasting speech segments, the output 
voltages of the smoothing low-pass filters LP to LP 
should be constant D.C. voltages. This ideal case is easily 
obtainable for voiced longer-lasting speech segments. For 
unvoiced longer-lasting speech segments, on the other 
hand, the output voltages also contain noise components 
the energy spectrum of which corresponds to the band 
width of the smoothing low-pass filter. A noise component 
gains increasing importance with respect to the constant 
D.C. voltage with any increase of the band width of the 
smoothing low-pass filter LP with respect to the band 
width of the band-pass filter BP. 

In view of the unfavorable effects of the noise com 
ponents of the spectrum signals on the quality of the syn 
thetic speech, however, this invention has for its object 
to reduce these noise components in the spectrum signals 
when analyzing unvoiced speech segments. 

Concerning a method of improving the quality of speech 
in connection with the analysis of unvoiced speech seg 
ments according to the channel vocoder principle, the in 
vention consists in the provision that the noise component 
of the D.C. signal carried by each spectrum channel after 
the analysis is reduced by selecting an optimally low 
value for the upper limiting frequency of the smoothing 
low-pass filter provided for each spectrum channel in the 
presence of unvoiced speech segments. 
An arrangement for carrying through the above indi 

cated method shows very favorable results due to the 
provision that each spectrum channel contains two low 
pass filters with different upper limiting frequencies both 
of which are connected, on the one hand, to the asso 
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2 
ciated D.C. circuit and, on the other hand, to a respec 
tively different terminal of a controllable switch the output 
of which carries the respective channel voltage and the 
control of which is effected by the output signal of a dis 
criminator provided in a known manner in the excitation 
channel for the voiced/unvoiced discrimination of the 
speech signal, in such a manner that in the presence of 
voiced speech signals the low-pass filter with the higher 
limiting frequency and in the presence of unvoiced speech 
signals the low-pass filter with the lower limiting fre 
quency is turned on. 

This arrangement may be modified in a very advan 
tageous manner by providing only one low-pass filter for 
each spectrum channel the upper limiting frequency of 
which is adjustable to a lower value by means of a con 
trollable switch. 
One modification of the method of improving the speech 

quality in connection with the analysis of unvoiced speech 
Segments according to the channel vocoder principle con 
sists in the provision that the noise component of the D.C. 
voltage signal carried by each spectrum channel after the 
analysis is reduced by replacing the smoothing low-pass 
filter in each spectrum channel with an integrator which 
is controllable with respect to its integration time and 
which in the presence of unvoiced speech segments inte 
grates the signals of the channel within an integration in 
terval increased with respect to the normal integration 
interval. 
An arrangement for carrying through this method gives 

especially favorable results due to the provision that for 
each spectrum channel there is provided an integrator fol 
lowing the D.C. circuit and controllable with respect to its 
integration interval, the control input of which is con 
Ilected through a switch to two control lines in such a 
manner that, by means of a voiced/unvoiced discriminator 
known per se and included in the excitation channel, said 
Switch in the presence of unvoiced speech segments con 
nects said integrator to one signal generator, whereby the 
signals of the spectrum channel are integrated within a 
longer interval of time than in the presence of voiced 
Speech segments when the integrator is connected to an 
other signal generator and the signals of the spectrum 
channel are integrated within a normal interval of time. 
By using the above indicated methods and arrange 

ments, it is possible to improve the quality of the synthetic 
Speech due to the fact that when analyzing unvoiced 
Speech segments the integration intervals for the integra 
tion of the channel voltages are made longer than it is 
e.g. necessary for an optimum integration of the channel 
Voltages when analyzing voiced speech segments. 
The invention will be described in detail below in con 

junction with an embodiment thereof as illustrated in the 
drawing, wherein: 

FIG. 1 shows the block circuit diagram of the analysis 
section of a channel vocoder, 
FIG. 2 shows the block circuit diagram of an arrange 

ment for the excitation-controlled smoothing of the chan 
nel voltages by Switching to two low-pass filters having 
different upper limiting frequencies, 
FIG. 3 shows the basic circuit diagram of a low-pass 

filter having an adjustable upper limiting frequency, 
FIGURE 4 shows the block circuit diagram of an ar 

rangement for the excitation-controlled smoothing of the 
channel voltages by means of controllable integrators, and 

FIG. 5 shows the basic circuit diagram of a controllable integrator. 
In the ideal case, the analysis of voiced or unvoiced 

speech segments according to the channel vocoder princi 
ple results in constant output D.C. voltages unless the 
speech segments fall below a certain given length. This 
ideal case is easily obtainable for voiced speech segments. 
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For unvoiced speech segments, on the other hand, the 
output voltages contain noise components the energy 
spectrum of which corresponds to the integration interval 
of the integration member LP following the D.C. cir 
cuit G (FIG. 1) in each spectrum channel. Also corre 
sponding to the integration interval of such an integrator 
is the band width of a smoothing low-pass filter, so that 
for reducing the noise component it is necessary either 
to select a low value for the upper limiting frequency of 
the smoohting low-pass filter or to select a large value 
for the integration interval of the integrator used. How 
ever, a low upper limiting frequency of the smoothing low 
pass filter or a large integration interval of an integrator 
result in a reduced flow of information, which also has 
an unfavorable effect on the quality of the synthetic 
speech. For unvoiced segments of speech, this gain in 
quality is compensated by a reduction of the noise corm 
ponents. For voiced speech segments, the reduction of 
the limiting frequency below a certain value or the Selec 
tion of a too large integration interval results in a loss 
of quality in the synthetic speech. Therefore, it is of ad 
vantage to select a different optimum limiting frequency 
of the smoothing low-pass filter or a different integration 
interval of the integrator for unvoiced segments of the 
speech signal than for voiced segments. 

In most of the known vocoder systems, a discriminator 
D is used in the excitation channel, as shown in FIG. 1, 
for making a voiced/unvoiced discrimination sh and sl. 
This discrimination may be used for controlling either 
the limiting frequency of the smoothing low-pass filters 
or the integration interval when using integrators, so that 
for both cases-voiced and unvoiced speech segments 
optimum values are set up automatically. 
FIG. 2 shows the block circuit diagram of a channel 

vocoder using smoothing low-pass filters controllable 
with respect to their upper limiting frequency. In the en 
suing discussion, the subscript "i" denotes any instant 
example of a part shown in the drawing with the sub 
script “1” through “n.” In this arrangement, two low 
pass filters LP and LP' are provided for each spectrum 
channel which have differential upper limiting frequen 
cies. A controllable switch S is used for connecting, when 
analyzing unvoiced speech segments, the low-pass filter 
LP with the lower upper limiting frequency through the 
contact A' into the spectrum channel K, depending on 
the output signal of the voiced/unvoiced discriminator D. 
In order to avoid an unnecessary reduction of the flow 
of information in the presence of voiced speech segments, 
the low-pass filter LP, with the upper limiting frequency 
optimal for the analysis of voiced speech segments is 
connected into the channel by means of the controllable 
switch. It is also particularly advantageous to use a 
low-pass filter LP* with a reversible upper limiting fre 
quency, such as it is shown basically in FIG. 3. It con 
sists essentially of two serially connected partial induc 
tances L and L and a capacitor C, which by means of 
the switch S may be connected either to the end of partial 
inductance L' or to the central tap between the two par 
tial inductances. There, the relationship of Li, Li and C 
is selected so that in the two switch positions A and A'i, 
for the analysis of voiced speech segments and for the 
analysis of unvoiced speech segments respectively, the 
optimum upper limiting frequency may be set up. When 
using this controllable low-pass filter LP in the arrange 
ment of FIG. 2, the pairs of low-pass filters LP and LP's 
are replaced with these filters. 
Another favorable possibility of realizing a low-pass 

filter with a controllable upper limiting frequency is ob 
tained by using triggered integrators. Quite generally, an 
integrator may be imagined as a low-pass filter which in 
response to the Dirac impulse produces a square pulse of 
the duration of the integration interval and the output 
voltage of which is scanned at intervals each comprising 
one integration interval. Here, an increase in the integra 
tion interval corresponds to a reduction in the upper limit 
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4. 
ing frequency of this low-pass filter. This type of realiza 
tion may be used to advantage wherever the channel volt 
tages are to be represented digitally since the integrator 
already supplies a pulse-amplitude modulated signal. This 
signal then merely requires conversion in an analog-to 
digital converter. 
FIG. 4 shows the block circuit diagram of an arrange 

ment in which triggered integrators are used for reducing 
the noise component of the spectrum signals when analyz 
ing unvoiced speech signals. In this arrangement, de 
pending on the output signal of the voiced/unvoiced dis 
criminator D, the triggered integrator I is connected 
through the controllable switch S either to a pulse genera 
tor Supplying a signal t which consists of square pulses 
of a given pulse repetition rate which is selected optimally 
e.g. for the analysis. In the presence of unvoiced speech 
signals, the integrator has its trigger input a connected via 
the controllable switch to a generator supplying signals t' 
which consist of square pulses with a pulse repetition 
rate lower than the pulse repetition rate of the signals t 
but selected optimally for the analysis of unvoiced speech 
signals. 

FIG. 5 shows the basic circuit diagram of such a trig 
gered integrator. From the output of the D.C. circuit G 
of the respective channel K, a D.C. voltage of a constant 
amplitude or an A.C. voltage the envelope of which 
changes only very slowly is transmitted in the ideal case 
via line b to the input of the integrator I. In order to il 
lustrate the operation of the integrator circuit, let it be as 
sumed that the capacitor C be charged negatively due to 
a preceding switching process at the transistor TR2. The 
voltage at the capacitor is assumed to be - Vss0. As long 
as the transistor TR2 is cut off, the capacitor is discharged 
by the collector current ic of the transistor TR1. The 
value of the resistor R3 is chosen so that the voltage drop 
ing thereacross is always low as compared to the voltage 
at the capacitor C. By the discharge, the voltage at the 
capacitor is continuously decreased. When due to a 
positive pulse at the trigger input a of the generator t or 
t' the transistor TR2 is momentarily turned on, the capaci 
tor is simultaneously recharged to the voltage -Vs. The 
pulse-type charging current causes a pulse at resistor R 
the maximum amplitude of which is proportional to the 
voltage change at the capacitor. The signal of the short 
time mean value of the channel filter output voltage is 
derived at the electrode E' and transmitted via the re 
spective channel K". 
What is claimed is: 
1. A method for improving the quality of speech signals 

analyzed in accordance with the channel vocoder prin 
ciple wherein the output of each spectrum channel is a 
signal representative of the energy of a corresponding 
band of frequencies in the input speech signal, which 
comprises 

smoothing said output signals to a greater degree for 
unvoiced than for voiced segments of the input 
speech signals, 

by limiting the maximum rate of variation in said out 
put signals to a lower value for said unvoiced than 
for voiced speech segments. 

2. In a channel vocoder speech signal analyzing ap 
paratus having 

speech signal input means, 
band pass filter means connected to said input means 
and adapted to divide the input signal therefrom 
into a plurality of spectrum channels of different 
frequency bands, 

D.C. circuit means connected to each filter means and 
adapted to detect the energy level of the signal in 
each spectrum channel, 

and discriminator means connected to said input means 
and adapted to yield a signal indicative of the voiced/ 
unvoiced character of the input speech signal, 

the improvement which comprises, 
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signal smoothing means connected to the output of 
said D.C. circuit means in each channel, 

said smoothing means having a control input and being 
adjustable thereby between higher and lower upper 
frequency limiting modes of operation, 

said control input being connected to said discriminator 
means for operation of said smoothing means in 
the higher frequency mode during analysis of voiced 
segments of speech and in the lower mode during 
unvoiced segments of speech. 

3. Apparatus in accordance with claim 2, wherein, 
each of said smoothing means comprises 
two low pass filters of differing cutoff frequencies, and 
switch means under the control of said control input 

to connect one or the other of said filters in circuit 
in the corresponding channel. 

4. Apparatus in accordance with claim 2, wherein, 
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6 
each of said smoothing means comprises an adjustable 
low pass filter, and 

said control input is operative to alter the cutoff fre 
quency of said filter. 

5. Apparatus in accordance with claim 2, wherein, 
each of said smoothing means comprises an integrator 

having a variable integration interval. 
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