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SPEECH SIGNAL TRANSMISSION SYSTEMS
UTILIZING A NON-LINEAR CIRCUIT IN THE
BASE BAND CHANNEL

BACKGROUND OF THE INVENTION

This invention relates to a speech signal transmission
system and more particularly to a speech signal trans-
mission system employing a novel speech band com-
pression system.

Band compression of speech is important for commu-
nication systems utilizing expensive transmission cir-
cuits, such as communication systems utilizing satellites
or submarine cables. A channel vocoder is a typical
speech band compression system. According to this
system, the frequency spectrum of the speech signal is
analyzed into signals or informations representing the
spectral envelope and fine structures thereof on the
transmission side, the spectral envelope is detected by
more than 10 bandpass filters, rectifiers and low pass
filters while spectral fine structures are detected by de-
termining whether the sound is a voiced sound or a un-
voiced sound and by extracting the pitch frequency in
the case of the voiced sound. The informations regard-
ing spectral envelope and spectral fine structures are
sent from the transmission side as a plurality of band
compressed signals. On the receiving side a frequency
spectrum approximating that of the original speech is
reproduced from these signals. While this system pro-
vides a band compression ratio of more than ten to one
it is difficult to detect the spectral fine structures of the
speech on the transmission side thus lacking articula-
tion and naturalness in the reproduced speech.

To eliminate these difficulties, a voice excited vo-
coder (VEV) has been developed wherein determina-
tion of the spectral fine structures is not performed on
the transmission side. According to this system a por-
tion of the speech band near the lower end of the
speech spectrum (hereinafter termed as the base band)
is transmitted directly to the receiving side thus elimi-
nating the. necessity of the detection of the voiced
sound and unvoiced sound as well as the extraction of
the pitch frequency.

FIG. 1 shows diagrammatically the construction of
this system according to which components in the base
frequency band f; to f; (f;<<f3<f;) of the speech signal
ranging from f to f,, where f,<f,, and impressed upon
an input terminal 1 are separated by a bandpass filter
2 of the frequency band f; to f; and the separated com-
ponents are transmitted to the receiving side as the
base band signal through one of the transmission lines
4. The remaining components of the input speech in
the frequency band f; to f; are converted into a plural-
ity of signals with their frequency bands compressed by
a vocoder channel analyzer 3, and the converted sig-
nals are transmitted to the receiving side over other
transmission lines.

On the receiving side, the received base band signal
is sent to an output terminal 8 through an adder 7. The
received base band signal is also supplied to a non-
linear circuit § to regenerate, by the action of the non-
linear circuit, components in the frequency band f; to
Jj2 which have been removed on the transmission side,
thus providing an exciting signal in the frequency band
/i to f; containing fine structures of the original speech
spectrum. Signals from the vocoder channel analyzer 3
are supplied to a vocoder synthesizer 6 and combined
therein with the exciting signal to reproduce compo-
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nents of frequency band f; and f; of the original speech.
The reproduced components are sent to the output ter-
minal 8 via adder 7 thus reproducing all components of
Ji to f> of the original speech at the output terminal 8.

As above described since in the VEV system a por-
tion of the original speech spectrum is transmitted
without being processed in any way, the qualities of the
reproduced speech, such as articulation and natural-
ness, are excellent but this system requires wide trans-
mission band thus decreasing the band compression ra-
tio. The band width required to transmit the base band
signal is determined in the following manner. More par-
ticularly, since the base band signal serves to transmit
informations of the pitch frequency;

1. As long as the pitch frequency is included in the
base band, the base band is not required to contain
higher harmonic components of the pitch frequency. 2.
Where the pitch frequency is not included in the base
band it is necessary that at least two adjacent higher
harmonic components of the pitch frequency should be
included in the base band.

The pitch frequency of ordinary speech generally
ranges from about 50 to 450 Hz so that the base band
always satisfying either one of the two conditions men-
tioned just above is determined in the following man-
ner. Denoting the pitch frequency of the speech by f,,
the lower limit of its variation by f;,, the upper limit by
Joe, base band by f; to f; (where fi<fy) and its band
width by f3 (= fy—fi) then

from condition 1 : fy = f4 = fy

from condition 2 : 2f, S fif1 = f3

With reference to FIG. 3, the shaded area shows the
range of fz which satisfies at least one of thess condi-
tions. The solid line in FIG. 3 shows the necessary mini-
mum value of f; for a given f, or the lower limit of the
base band, when fq, is greater than 3f;, as in the case
of conversational speech of an indefinite number of
talkers covering a wide range of variations in the pitch
frequency. In this case, when f; is selected to be equal
to %f,. and fyis selected to be equal to f;, the base band
width will be minimum and thus the minimum value
%f5s is obtained. Where a particular talker is specified,
the range of the pitch frequency would be narrowed to
satisfy the condition of f5;<3f;,, so that a small shaded
triangular range 9 shown in FIG. 3 will be added with
the result that the minimum value of f; is realized when
Ji is selected to be qual to fy,, and fy is selected to be
equal to f;; and thus the minimum value f, minus f,, is
obtained. As above described since the pitch frequency
of ordinary speech ranges from 50 to 450 Hz, frequen-
cies from 150 to 450 Hz may be taken as the minimum
base band having a band width of 300 Hz.

However, in the ordinary telephone transmission sys-
tem the band width of speech signals is limited to 300
to 3,400 Hz, for example, so that it is impossible to se-
lect a frequency less than 300 Hz as the lower limit of
the base band. In view of the requirement shown in
FIG. 3 it is necessary to select a band width of 600 Hz,
so that it is necessary to use a band width of 300 to 900
Hz for the base band signal. In this case, the base band
is twice as wide as the minimum value.

SUMMARY OF THE INVENTION

It is an object of this invention to provide a novel
voice excited vocoder which enables to use the mini-
mum base band mentioned above even when the por-
tion of the spectrum from 150 to 300 Hz of the original
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speech has been removed, as if such portion were still
contained in the spectrum.

Another object of this invention is to provide a novel
speech signal transmission system according to which
a conventional telephone transmission system of a lim-
ited band width can be used to efficiently transmit
speech signal informations of wider band width.

In accordance with this invention there is provided a
speech signal transmission system comprising means
including a non-linear circuit and a bandpass filter to
produce from a speech signal a base band signal repre-
senting the spectral fine structures of said speech signal
and to transmit said base band signal to the receiving
side; a vocoder channel analyzer to convert said speech
signal into a second signal representing the spectral en-
velope of the original speech signal; a second non-
linear circuit on said receiving side to convert said base
band signal into an exciting signal and a vocoder syn-
thesizer which acts to synthesize said original speech
signal from said exciting signal and said second signal,

BRIEF DESCRIPTION OF THE DRAWING

FIG. 1 shows a schematic block diagram of a prior art
speech signal transmission system employing a voice
excited vocoder;

FIG. 2 is a diagram to show a range including the
pitch frequency of the voice;

FIG. 3 is a diagram to show the range of the base
band to explain the operation of the vocoder shown in
FIG. 1;

FIG. 4 shows a block diagram of one example of the
speech signal transmission system utilizing the novel
speech band compression system; and

FIG. 5 shows a block diagram of a modified embodi-
ment of this invention. ‘

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

According to this invention, a non-linear circuit is in-
cluded also on the transmission side to regenerate the
components of the frequency band which have been
removed from the original speech signal and to utilize
the regenerated components as portions of the base
band signal.

For example, it is assumed that the spectrum of the
speech signal impressed upon an input terminal 11
(FIG. 4), is limited to the ordinary telephone frequency
band of 300 to 3,400 Hz. Although the frequency of
usual speech signal ranges from about 50 Hz to several
thousand Hz its energy is concentrated mostly in a band
ranging from 300 to 3,400 Hz, the telephone transmis-
sion lines are generally designed to operate most effi-
ciently in this range. For this reason frequencies of the
speech signal lower than this range are removed by a
filter before application upon input terminal 11. On the
other hand, in the vocoder system it is necessary to
send informations regarding the pitch, voiced sound or
unvoiced sound as well as spectral envelope of the
speech signal. However since the pitch frequency lies
in the range of 50 to 450 Hz, it is difficult to send all
speech signal informations by the ordinary telephone
lines. According to this invention a portion of the
speech signal is supplied to a non-linear circuit 12 and
the remaining portion to a vocoder channel analyzer
13. Non-linear circuit 12 produces from the input
speech signal, a signal containing frequency compo-
nents within the band 150 to 450 Hz required to regen-
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erate the spectral fine structures of the speech. This sig-
nal is band limited to 150 to 450 Hz by a bandpass filter
14, and transmitted over one of the transmission lines
or channels 15 as the base band signal.

On the other hand, vocoder channel analyzer 13 op-
erates to convert a speech signal of 300 to 3,400 Hz
into a plurality of signals representing the spectral en-
velope of the signal whose frequency band has been
compressed in the same manner as in the conventional
vocoder. The converted signal is transmitted by other
transmission lines or channels 15. Respective signals
transmitted in this manner are reproduced as speech on
the receiving side in the following manner. More par-
ticularly, the transmitted base band signal having fre-
quencies of 150 to 450 Hz is applied to a non-linear cir-
cuit 16 to convert it into a signal, that is an exciting sig-
nal, representing the fine structures of the frequency
spectrum of the speech signal of 300 to 3,400 Hz. The
output from the non-linear circuit is combined in a vo-
coder synthesizer 17 with the band compressed signal
supplied from the channel analyzer of the vocoder 13
and representing the envelope of the frequency spec-
trum of the input signal of 300 to 3,400 Hz to produce
the speech signal of 300 to 3,400 Hz.

Degree of improvement of the band compression
ratio obtainable with the novel system is compared with
a prior system as follows: Where an analogue transmis-
sion system is used both systems require the following
frequency bands. It is to be understood that a vocoder
channel of 20 Hz width is assigned to each frequency
band of 250 Hz width of the input speech and that
speech of 300 to 3,400 Hz is considered.

PRIOR SYSTEM
Base band 300 to 900 Hz
Vocoder channel 900 to 3400 Hz
Base band width 600 Hz
} sum 800 Hz
Vocoder channel 200 Hz

band width

THIS INVENTION
Created base band
Vocoder channet
Base band width

Vocoder channel band width

150 to 450 Hz
300 to 3400 Hz/13 channels

300 Hz
} sum 560 Hz
260 Hz

45 -

50

55

As can be clearly noted from this table of comparison
the band required in the illustrated example is reduced
to about two-thirds of the prior art. However, in the an-
alogue transmission system with ordinary telephone
lines as it is impossible to effectively transmit signals of
less than 300 Hz, it is necessary to shift the frequencies
of portions of the speech generated on the transmission
line to higher frequencies.

Since the base band signal in the novel system is re-
quired to convey only the information concerning the
spectral fine structure and not the spectral envelope, it
can be transmitted over a transmission line with lower
signal to noise ratio than that required for the transmis-
sion of ordinary telephone speech and thus further im-
provements of the band compression ratio can be
achieved by converting signals to be transmitted into
digital signals and by transmitting these digital signals.

Following table shows the comparison between the
prior art system and the novel system.

PRIOR ART

Base band—1200 Hz sampling X 5 bit quantalization

= 6000 bits/sec.
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Vocoder channel—40 Hz sampling X 3 bit quantali-
zation X 10 channels = 1200 bits/sec.
Total 7200 bits/sec.
THIS INVENTION
Base band—600 Hz sampling X 3 bit quantalization
= 1800 bits/sec.

5

Vocoder channel—40 Hz sampling X 3 bit quantali-

zation X 13 channels = 1560 bits/sec.
Total 3360 bits/sec.

In this manner, according to this invention it is possi-
ble to efficiently compress the band width occupied by
the prior art base band vocoder to about two-thirds to
one-half and yet with equal quality of transmitted
speech.

In the modified embodiment shown in FIG. 5 non-
linear circuit 22 and bandpass filter 24 operate in the
same manner as the corresponding elements 12 and 14
of the previous embodiment to produce a signal of 150
to 300 Hz. Another portion of the input signal applied
to input terminal 21 is passed through a second low
pass filter 23 to produce a signal of 300 to 450 Hz. Out-
puts from two low pass filters 23 and 24 are combined
by an adder 15 to provide a base band signal of 150 to
450 Hz which is transmitted over one of the transmis-
sion lines 27. Vocoder channel analyzer 26 functions
Just in the manner as the element 13 of the previous
embodiment but in this case produces a signal repre-
senting the spectral envelope of the input signal from
450 to 3,400 Hz.

On the receiving side, the received base band signal
is converted by a non-linear circuit 29 into a signal, or
an exciting signal representing the fine structures of the
frequency spectrum of the speech signal of 300 to
3,400 Hz and a portion of the received signal corre-
sponding to 300 to 450 Hz is extracted by a bandpass
filter 28 and applied to an adder 31. The vocoder syn-
thesizer combines the exciting signal and the band
compressed signal into the speech of 450 to 3,400 Hz.
Thus the adder 31 provides the original input speech of
300 to 3,400 Hz at the output terminal 32,

This embodiment enables the use of the conventional
vocoder operating at a band width of 450 to 3,400 Hz
by merely adding bandpass filters 23 and 28 to the first
embodiment.

The results of the embodiment shown in FIG. § when
using analogue and digital transmission systems are as
follows. ‘

ANALOGUE
Created base band 150 to 450 Hz
Vocoder channel 450 to 3400/12 channels
Base band width 300 Hz
} sum 840 Hz
Vocoder channel width 540 Hz

DIGITAL

Base band—600 Hz sampling X 5 bit quantalization

= 3000 bits/sec.

Vocoder channel—40 Hz sampling X 3 bit quantali-

zation X 12 channels = 1440 bits/sec.
Total 4440 bits/sec.

Thus according to this embodiment it is possible to
reduce the band occupied by the prior art base band
vocoder to about two-thirds and yet with similarly high
quality of the transmitted speech.

What we claim is:

1. A speech signal transmission system for transmit-
ting speech signals of a relatively narrow frequency
band from a transmitting side to a receiving side over
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relatively narrow band transmission channels which
comprises at the transmitting side:

an input terminal for receiving speech signals;

a first non-linear circuit connected to said input ter-
minal for producing signals including pitch fre-
quency components of the voiced signal in the
speech signals which are not involved in the rela-
tively narrow frequency band speech signals;

a band pass filter connected to said non-linear circuit
for producing base band signals including said
pitch frequency components produced by said non- .
linear circuit and representative of the spectral fine
structure of the speech signals;

a vocoder channel analyzer connected to said input
terminal for converting the speech signals into a
plurality of band compressed signals representative
of the spectral envelope of the speech signals;

and which comprises at the receiving side:

a second non-linear circuit for receiving said base
band signals to produce exciting signals; and

a vocoder synthesizer for receiving said band com-
pressed signals and said exciting signals to repro-
duce substantially the original speech signals.

2. A speech signal transmission system for transmit-
ting speech signals of a relatively narrow frequency
band from a transmitting side to a receiving side over
relatively narrow band transmission channels which
comprises at the transmitting side:

an input terminal for receiving the speech signals; a
first non-linear circuit connected to said input ter-
minal for producing signals including pitch fre-
quency components of the voiced signal in the
speech signals which are not involved in the rela-
tively narrow frequency band speech signals;

a first band pass filter connected to said non-linear
circuit and arranged to pass said pitch frequency
components which are not involved in the speech
signals for producing a portion of base band signals
representative of the spectral fine structure of the
speech signals;

a second band pass filter connected to said input ter-
minal for producing the remaining portion of said
base band signals, the pass band of which is adja-
cent to that of said first band pass filter;

adding means for adding the outputs of said first and
second band pass filters;

a vocoder channel analyzer for converting a portion -
of the speech signals having a frequency band
above the pass band of said second band pass filter
into a plurality of band compressed signals repre-
sentative of the spectral envelope of the speech sig-
nals;

and which comprises at the receiving side:

a second non-linear circuit for receiving said base
band signals from the transmitting side to produce
exciting signals;

a vocoder synthesizer for receiving said band com-
pressed signals from the transmitting side and said
exciting signals from said second non-linear circuit
to produce said portion of said speech signals;

a third band pass filter having the same pass band as
said second band pass filter at the transmitting side,
for receiving said base band signals from the traris-
mitting side; and

adding means for adding the outputs of said vocoder
synthesizer and said third band pass filter to repro-

duce substantially the original speech signals.
* * * * * .
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