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(571 ABSTRACT

A compressing a voice signal by the steps of (a) digitiz-
ing an input signal that includes a voice signal, the input
signal including a coherent noise component; and (b)
compressing the digitized voice signal with a synchro-
nized overlap add processor (20). So as to prevent the
synchronized overlap add processor from locking to the
coherent noise component, the step of compressing
includes an initial step of applying the digitized input
signal to a linear predictor (16), the linear predictor
having time constants selected for attenuating the co-
herent noise component of the input signal. The residual
signal output of the linear predictor includes the voice
signal, and an uncorrelated noise component if one is
present in the input signal. The operation of the syn-
chronized overlap add processor also functions to atten-
uate the incoherent noise component. Further compres-
sion of the compressed voice signal is accomplished by
Huffman coding, arithmetic coding, or transform cod-
ing so as to provide a greatly compressed voice signal
that, when subsequently expanded, is found to exhibit
excellent voice quality.

17 Claims, 3 Drawing Sheets
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LOW BIT RATE VOICE TRANSMISSION FOR USE
IN A NOISY ENVIRONMENT

FIELD OF THE INVENTION

This invention relates generally to voice communica-
tion methods and apparatus and, in particular, to meth-
ods and apparatus for transmitting a compressed digi-
tized voice signal in the presence of noise.

BACKGROUND OF THE INVENTION

There are many applications where a very low bit
rate digitized voice signal is useful. For example, any
communication system having a limited bandwidth can
implement more voice channels within the bandwidth if
the voice data rate is reduced. Examples of such com-
munication systems include, but are not limited to, cel-
lular telephone systems and satellite communications
systems, such as those that employ L band communica-
tions. In general, any satellite communication scheme
can employ bit reduction techniques to simplify the
processing of the signals.

A primary example of the use of low bit rate voice
signals is the enciphered telephone system used by the
military and intelligence communities. One conven-
tional approach for maintaining privacy on telephone
uses a 16 kbit/s continuously variable slope delta modu-
lation scheme (CVSD) in the transmission of the voice
signals. However, the quality of the voice is notoriously
poor, and would most likely not be used were it not for
the sensitive nature of the conversations. When the bit
rate is expanded to 32 kbits per second, the quality of
the CVSD voice is quite good, but the data rate is large
enough to consume considerably more communication
bandwidth than the usual telephone channel. By com-
parison, a standard digital telephone channel uses 64
kbits per second.

Another known technique that is used to achieve low
bit rates is linear predictive coding (LPC). Linear pre-
dictive coding achieves bit rates of 2.4 kbits per second
for poor quality, but intelligible speech. However, it is
often impossible to recognize the speaker when using
the LPC speech.

Furthermore, LPC exhibits a problem when a noise
signal coexists with the desired voice signal, in that the
prediction algorithm adapts to the noise as well as to the
speech. The result is that, for low signal-to-noise ratios,
the speech signal may nearly disappear. This is because
the noise signal “captures” the Linear Predictive Coder,
and any residual of the voice signal is greatly reduced in
amplitude and quality. LPC furthermore .has difficulty
with both white noise and with coherent noise. Exam-
ples of coherent noise are 60 Hz hum and the hum of
machinery.

The following U.S. Patents all disclose various as-
pects of Linear Predictive Coding (LPC) as applied to
speech: U.S. Pat. No. 4,718,087, entitled “Method and
System Encoding Digital Speech Information”, by
Panagiotis E. Papamichalis; U.S. Pat. No. 4,720,861,
entitled “Digital Speech Coding Circuit”, by John P.
Bertrand; U.S. Pat. No. 4,724,535, entitled “Low Bit-
Rate Pattern Coding with Recursive Orthogonal Deci-
sion of Parameters”, by Shigeru Ono; U.S. Pat. No.
4,797,925, entitled “Method for Coding Speech at Low
Bit Rates”, by Daniel Lin; U.S. Pat. No. 4,815,134,
entitled “Very Low Rate Speech Encoder and De-
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2
A Low Transmission Rate”, by Tetsu Taguchi; and
U.S. Pat. No. 4,932,061, entitled “Multi-Pulse Excita-
tion Linear-Predictive Speech Coder”, by Peter Kroon
et al.

Other known voice encoding techniques are not de-
graded by white noise, but do have difficulty with co-
herent noise. One example of such a technique is known
as Synchronized-Overlap-Add (SOLA). By example,
U.S. Pat. No. 4,864,620, entitled “Method for Perform-
ing Time-Scale Modification of Speech Information or
Speech Signals”, by L. Bialik discloses a method for
determining a value of an overlap and a windowing of
the speech signal. However, it is believed that the pres-
ence of correlated noise will capture the overlap calcu-
lation and degrade the speech quality.

The present inventors describe an improved SOLA
technique in an article entitled. “Some improvements
on the synchronized-overlap-add method of time-
domain modification for real-time speech compression
and noise filtering”, IEEE Journal on Acoust. Speech
and signal Proc., Vol. 36, 1988, pp. 139-40.

One of the most severe environments for voice com-
pression is in a vehicle where there exists both white
noise, due to, for example, the wind, and coherent road
noise and motor noise. Achievement of low bit rate
voice encoding in these circumstances is difficult.

It is thus one object of this invention to provide a low
bit rate voice encoding technique that provides intelligi-
ble speech at low signal-to-noise ratios.

It is a further object of this invention to improve the
signal-to-noise ratio for low bit rate encoded speech,
and to suppress both white noise and coherent noise
when digitally encoding speech.

SUMMARY OF THE INVENTION

The foregoing and other problems are overcome and
the objects of the invention are realized by a low bit rate
method for the transmission of voice signals, and by
apparatus for accomplishing the method. Bit rates of
one to two kbits per second, and below, are achieved
for very good quality voice, where the speech is intelli-
gible and the speaker is easily recognizable. The low bit
rates are readily accomplished with the disclosed
method when the voice signal has little interfering noise
and, also, in the presence of both white noise and corre-
lated noise. The method of the invention thus finds
application in noisy environments, such as in vehicles or
areas where machinery is in use.

In accordance with the invention, there is provided a
method for compressing a voice signal by the steps of
(a) digitizing an input signal that includes a voice signal,
the input signal including a coherent noise component;
and (b) compressing the voice signal with a synchro-
nized overlap add processor. So as to prevent the syn-
chronized overlap add processor from locking to the
coherent noise component, the step of compressing
includes an initial step of applying the digitized input
signal to a linear predictor, the linear predictor having
time constants selected for attenuating the coherent
noise component of the input signal, but not signifi-
cantly attenuating the voice signal. The residual signal
output of the linear predictor thus includes the voice
signal and also an uncorrelated noise component, if one
is present in the input signal. The operation of the syn-
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