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METHOD OF, 2 PPARATUS _ SPEECH COMMUNICATION

The preseﬁt'invention generally relates to method and.

"apparatus for, speech communication and for example to

digital ‘cellular multi-pulse speech coders and “to a fading
bit error protection scheme for such coders.

A'coder'previously proposed in US Application Serial
Nos. 07/353855 and 07/353856 seeks to achieve higher quality

-in the output speech by reconc1ling differences between the
estimator and the filter of a code excited linear predictive

(CELP) voice coder. The pulse;amplitudes and pitch tap gain
are'solved'for simultaneously to minimize the estimator bias'

- in the CELP excitation. Increased signal to noise ratio is

accomplished by modifying the pitch predictor such that the
pitch synthesis filter accurately reflects the estimation
procedure used to find the'pitch tap gain, and by improving
the excitation analysis techniqﬁe such that the pitch
predictor tap gain and codeword gain are solved for
simultaneously, rather than sequentially. This does not
result in an increased transmission rate or significant
increase in complexity of the CELP coding-algorithm.

Code Excited Linear Prediction (CELP) and Multi-pulse
Linear Predictive Coding (MPLPC) are .two of the most
promising techniques for low rate speech coding. While CELP

- ~holds the most promise for. high ‘quality, its computational

30

requirements can be too great for some systems. MPLPC can
be implemented with much less complexity, but it is generally
considered to provide lower quality than CELP.
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Multi-pulse coding is believed to have been first
described by B.S. Atal and J.R. Remde in "A New Model of LPC
Excitation for Producing Natural Sounding Speech at Low Bit
Rates", Proc. of 1982 IEEE Int. Conf, on Acoustics., Speech,
and _Signal Praocessing, May 1982, pp. 614-617. It was
described to improve on the rather synthetic quality of
speech produced by the standard U.S. Department of Defense
LPC-10 vocoder. The basic method is to employ the Linear
Predict Coding (LPC) speech synthesis filter of the standard
vocoder, but to use multiple pulses per pitch period for
exciting the filter, instead of the single pulse used in the
Department of Defense standard system. The basic multi-pulse
technique is illustrated in Figure 1.

The digital cellular mobile radio environment exhibits a
severe bit error effect known as the fading error. Fading
errors occur when the moving vehicle encounters an area where
the direct and reflected signals combine destructively and
produce little or no signal level at the receiver. Such
fades occur in a quasi-periodic fashion, where the time
between fades and duration of fades depend on the vehicle
speed, transmission rate, and carrier frequency. During a
fade, all information is lost, and a random stream of bits is
sent to the speech decoder. Thus, the speech decoder
receives occasional bursts of an effective 50% bit error rate
(BER) . These bursts produce severe short-term "“whoop" and
"splat" artifacts in the output speech. Conventional error
protection schemes (such as convolutional coding) cannot
protect against most fades.

If a means for detecting fade occurrence is provided;
then some degree of fade protection can be provided by taking
"evasive action" within the speech decoding algorithm.
Systems to accomplish such result take advantage of the
quasi-stationary and periodic nature of the speech signal by

~ ”~
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interpolating or holding over spectral and gain information

‘from a previous usable or "good" frame. Such system is

described by N. Dal Degan et 'al. in "Communications by
Vocoder on a Mobile Satellite Fading Channel"”, Proceedings of
Wﬂnamww June
1985, pp. 771-775, for a standard LPC-10 vocoder. The
Dal Degan et al. method detects fades using what they
characterize as a "Signal Quality Detector" and by estimating

- the LPC distance between contigubus frames. Presumably, if

the quality detector indicates an unusab1é or “bad"'frame and
the LPC distance measure between the "bad" frame and the
previous "gooaﬂ frame is above a threshold, the'algorithm

will reuse the previous frame's LPC coefficients; or, if a
:faded frame - occurs between two "good" frames, it will

interpolate the LPC values from the surrounding frames for
the "bad" frame. While the Dal Degan et al. algorithm also
interpolates (or hoids.o?er) valueé'for the pitch period and
the gain, it utilizes a signal level measurement, instead of
a more exact error detection scheme, to indicate presence of
a deep fade and doéS'hot,provide adequate-protection during

periods of random pattern errors. _
Methods are available to actually correct, rather than

‘just detect, fadihg or burst errors. One method widely known

employs Reed-Solomon coding on compact disc players for this
purpose. While the performance of this code is very good, it
has two drawbacks: 1) a very high overhead rate (i.e., high
system complexity) is required for Qood performance under
specifiéd conditions, .and 2) the fade lehgth'that can be
corrected is limited. Drawback 2 becomes more important when
high transmission rates are used and/or VHF carrier
frequencies are used. For these reasons, the Reed-Solomon
coding scheme may not be appropriate for Cellular or Public
Service Trunked mobile radio.



10

15

20

25

30

35

-4-

An embodiment of the present invention seeks to
provide a scheme for protecting a digital multi-pulse
speech coder against fading pattern bit errors common
in a digital mobile radio channel.

Another embodiment of this invention seeks to
provide error detection techniques for linear
predictive vocoders which are inexpensive to implement
and require no error correcting codes.

According to a first aspect of the present
invention, there is provided a method for protecting a
multi-pulse speech coder from fading and random bit
errors comprising the steps of:

encoding speech as a plurality of subsets of line
spectrum pair frequency coefficients, pitch lag data,
pitch gain data, and pulse amplitude and position data;

generating separate checksums for the line
spectrum pair frequency coefficients, pitch lag data,
pitch gain data and pulse amplitude and position data;

combining said separate checksums with said line
spectrum pair frequency coefficients, pitch lag data,
pitch gain data, and pulse amplitude and position data
to comprise a frame; and

transmitting said frame to a receiver.

According to a second aspect of the present
invention, there is provided a multi-pulse coding
system for speech, comprising:

a multi-pulse speech encoder for encoding speech
as line spectrum pair frequency coefficients, pitch lag
data, pitch gain data, and pulse amplitude and position
data;

a checksum generator for generating separate
checksums for the line spectrum pair frequency
coefficients, pitch lag data, pitch gain data and pulse
amplitude and position data;

a multiplexer for combining said separate
checksums with said line spectrum pair frequency
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coefficients, pitch iég data, pitch gaih data, and
pulse amplitude and position data to comprise a frame;
and o o _ : _ _ '
means for communicating said frame to a decoding

In a preferred embodiment, the invention
contemplates employment of a synthetic regengration
algorithm“which uses only the bits in the transmitted
frame that are perceived to be significant, or the
”pe:ceptuaily significant" bits. More specifically,
parity checksum bits are added to each frame of speech

. coder bits-in the transmitter. _Thé bits are then

transmitted through a mobile. fading environment which
induces bUrsty_error.pattefns in the stream. In the
receiver, the parity checksum bits énd speech coder
bits are used to determine if an error has occurred in
a particular section of the bit stream. Detected
errors are flagged, and this information is transmitted
to the'speech decoder. The speech deco&@: uses the
error flags to modify its output signal such that .
perceptual artifacts in the output speech afe _
minimized. Multiple checksums are used per frame;
specifically, seven checksums are employed, three for
line spectrum pair frequencies (LSPFs), one for pitch
data, and one each for each of three subframes for
pulse position and amplitude data. The use of multipie
checksums provides improved performahce during fades

and during periods of heavy random(erro:é.
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The invention, both as to organisation and method
of operation, may best be understood by reference to
the following illustrative description taken in
conjunction with the accompanying drawing(s) in which:

Figure 1 is a block diagram showing implementation
of the basic multi-pulse technique for exciting the
speech synthesis filter of a standard voice coder;

Figure 2a is a graph showing a typical voice input
signal;

Figure 2b is an excitation signal derived from the
input signal shown in Figure 2a by a conventional
multi-pulse vocoder as shown in Figure 1;

Figure 2c is an output signal constructed by the
vocoder shown in Figure 1 using the excitation signal
of Figure 2b; '

Figure 3 is a diagram showing the format of the
frame according to the invention, including the bits
transmitted, per frame, to a multi-pulse receiver:;

Figure 4 is a block diagram illustrating an
implementation of the invention; and .

Figure 5a is a graph showing a typical fading
output signal;

Figure 5b shows an output signal produced using
the input signal of Figure 5a by a conventional multi-
pulse vocoder:;

Figure 5c shows an output signal produced using
the input signal of Figure 5a by the present invention.

In employing the basic multi-phase technique, as
shown in Figure 1, the input signal at A (shown in
Figure 2) is first analysed in a linear predictive
coding (LPC) analysis circuit 10 to produce a set of
linear prediction filter coefficients called line
spectrum pair frequency coefficients. These
coefficients, when used in an all-pole LPC synthesis
filter 11, produce a filter transfer function that
closely resembles the gross spectral shape of the input
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sii;nal. A feedback loop formed by a'pulse generator 12,

 synthesis filter 11, weighting filters 13A and 13B, and an

error minimizer 14 generates a pulsed excitation at point B

~ that, vhen fed into filter 11, produces an output waveform at
point C that closely resembles the input waveform at point A.
‘This is acéomplished by selecting the pulse positions and
_ ampiitudes' to 'minimize the perceptually weighted difference |
 between the candidate output sequence and the input sequence.

Trace B in Figure 2 depicts the pulse excitation for
filter 11, and tra_de-' C shows the output signal of the system.
The res'embl_ence of signals at itipt_:t A and output C should be
noted. Perceptual weighting is provided by the weighting
filters 13A and 13B. The transfer function of these filters

is derived from the LPC filter coefficients. A more complete

understanding of the basic multi-pulse technique may be
gained from the aforementioned Atal et al. paper.' _

| Speech coder data that ‘are classified for fade.
protection are divided into two groups: spectral and pitch
lag data which are sent once per 192 ‘sample (24 millisecond)

‘r:fra:e, ande:mtaﬂmatﬂmtdnnpgaindataﬂm:ha:esmtthreetmes

‘perfrm,orﬂmeesubfrmesperfrane 'meenmtat:.mandpltdxtapgam__
data represénts one 64 sample (8 millisecond) subframe of speech. The:
-spectral data- = - is comprised of -ten LPC filter
coefficients. It would be a simple. matter to directly
quantize these coefficients and send them to the receiver
over the fading channel, but their performance is very poor
in environments of 0.5% ‘bit error rates (BER) or greater.
Instead, the set of LEC coefficients is first translated into.
ten 1line spectrum pair trequ"et;(:ies (LSPF). = The LSPFs have
much better tolerance to bit errors than the standard LPC
coefficients and also possess other prope:ties that are
exploitable by the. synthetic regeneration algo:ithm utilized

~ in_ the invention. A complete discussion of LPC

coefficientlline spectrum pair con_version.___algorithm's _'i.s B
provided by N. Sugamura et al. in “Quantizer Design' in LSP

7.
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Speech Analysis-Synthesis", IEEE Journal of Selected Areas in
Communications, vol. 6, no. 2, Feb. 1988, pp. 432-440.

For transmission, each LSPF is independently quantized
according to an optimal Lloyd-Max characteristic derived from
a speech database. The Lloyd-Max characteristic is described
by J. Max in "Quantizing for Minimum Distortion", IRE
Iransactions _on Information Theory, March 1960, pp. 7-12.
Thirty-nine bits are allocated for transmission of the ten
frequencies; the individual allocation to quantize a
particular frequency is given in Table 1 and the frame format
is shown in Figure 3. These allocations have been optimized
for high quality speech production.

TABLE 1

Bit Allocation for Multipulse Coder
Frequency 1 4 bits

Frequency 2 4 bits

Frequency 3 5 bits

Frequency 4 5 bits

Frequency S 5 bits

LSPF data Frequency 6 4 bits
Frequency 7 3 bits

Frequency 8 3 bits

Frequency 9 3 bits

Frequency 10 . 3 _bits

9

Pitch Tap Gain (8) S bits

Subframe data Amplitudes (6 x 6 bits) 36 bits
Positions (6 x 6 bits) 36 bits
Total bits/subframe : 17 bits

Total rate of coder (24 msec frame) 11541.667 b/sec

-

_.
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Like the LSPFs, the pitch lag data is -updated once per 24

" millisecond frame. The pitch lag, an intege: number between
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32 and 120, is transmitted in its 'l-bit bina:y equivalent |
form. a

niee:mtatlmandpltdltapganndataareupdatedmtheadxﬂsmple,
or excitation sub:&me, i.e., eve:y8m11hseoaﬂs The excitation subframe

omprisss:.xpﬂseposiums, supulseanph.hﬂes, arﬂthepu.tdxtap
- gain data. 'andata spem.fm the amtat:mm ‘that will-be fed

~ to an all-pole filter formed by decoding the LSPFs back into

LPC coefficients. Pulse pos'itions, identified by integer
numbers between 0 and 63 which rep:esent the actual position

- of the pulse within the 64 sample excitation subframe, are

sent in their 6-bit binary equiva_lent form. Pulse amplitudes
are nonuniformly quantized using a Lloyd-Max characteristic
data-derived scalar qu‘antizer} with each ainplitude allotted
six bits. The pitch tap gain idata is also quantized with a

Lloyd-Max quantizer using five bits. "'rh'e' total number of
bits for each subframe is 77. Thus 231 bits per frame are

" used for excitation and pitch tap gain ~data. - ’ If the

pitch lag and LBC data are ino_lugied, a total of 277 bits per
frame are transmitted. - - " S

The effect of bit errors on the output speech quality
depends on the ooefficient that is perturbed by the error and
the significance of the individual bit perturbed within that
coefficient. For example, one might expect that bit error in
the most significant bit of pulse amplitu’ds creates more

* havoe: in the output signal than an error in the least _

significant bit oi’ the pulse position. This is indeed true.
The problem is to determine which group of bits requires the
most "protection®. Actually, the invention does not protect
bits from errors but instead provides an error detection

‘scheme. Thus the bits that are most sensitive to errors must

be determined, and then the knowledge of an error occurrence
must be applied in order to synthesize a value for the

‘_corresponding incorrectly decoded coefficient.

Q.
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Copending application Serial No. 07/441,02%(desc:1bes a
system that selects the most sensitive bits for a general
case multi-pulse speech coder. The present invention
improves on that system by providing a facility to select
bits for error detection. Previously, it was found that the
most significant bits in the pulse amplitude, pitch lag and
LSPF values were the most sensitive. It was also previously
found that the least significant bits in the pulse amplitude
values were not very important, and that the least
significant bits in the LSPF values were not important on an
individual basis but warranted "protection” as a group to
minimize artifacts in the output signal. All of the pitch
lag bits were found to be significant. For this invention,
these three coefficient sets (i.e. pulse amplitude, pitch lag
and LSPF) and their corresponding bits are the ones in which
error detection is applied.

The time between, and duration of, fading error bursts
depends on the digital transmission rate, radio frequency
(RF) carrier frequency, and vehicle speed, with vehicle speed
being the predominant factor in determining those intervals.
A slow moving vehicle (e.g., 5 mph) will produce fades that
corrupt one or more frames with a single fade, while a fast
moving vehicle (e.g., 60 mph) could produce several fades
during a single frame. The system must accommodate both ends
of the vehicle speed spectrum. A system for a slow vehicle
would require only one checksum per frame because a fade
would be expected to corrupt the entire frame; however, using
a one-checksum-per-frame system with a vehicle operated at
high speed would produce poor iesultg because entire frames
would be flagged as corrupted when only small segments were
bad. Therefore, the invention uses multiple checksums per
frame, covering independent coefficients with different
checksums that are situated in appropriately time-spaced
segments. A small penalty in overhead for the additional
checksums is incurred, but the improved performance at high

1o
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~ To detect fading errors, three checksums are utilized to
cover different parts of the transmitted frame. ‘The
checksums are of four bit and six bit lengths and ere based

_on cyclic redundancy codes (CRCs). Each of these sums is

capable of detecting any single_erro; and any odd number of
errors. The code of length four bits detects all double

~errors up to:a,message of length seven bits, all single burst

errors of length less than four bits, 87. 5% of the bursts of

‘length five bits, and 93.7% of the bursts of length greater

than five bits. Similarly, the code of length six bits
detects all double errors up to a message .length of thirty-

one bits, all burst_et:ors of length less than six bits,

96.9% of the bursts of length seven bits, ‘and 98.4% of the

"bursts of length greater than seven bits. Therefore, the
- chance of a m;ssed detection with the sums of length six bits

is fairly small. The polynomlals for computing these
checksums are given in the table below.

CRC POLYNOMIALS FOR FADE DETECTION

-{CRC lenath - Use in.algofithm _ Polvnomial
4 bits LSPFs and pitch lag - x4+x3+x2+1
6 bits . pulse amglitudes . x6+x2+x1+1

For effective synthetic regeneration of the sensitive
coefficients, effective replecement algorithms must be -
devised for times when. cheeksums indicate errors have
occurred. The replacement _algorithms depend on the

_individual properties of each coefficient.

~ .The transfer function of the LPC synthesis. filter given
by the LSPFs is fairly stationary; i.e., it chanqes slowly

from frame to frame. Thus an effective replacement strategy

is to use the most recently teceiveduerror-free set of LSPFs
to replace-a[set that is flagged as corrupted. However, the
nature of_the:LSPF information is such that tte introduction

I
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of a small number of bit errors, e.g., one Or two, can
usually be tolerated and will not cause highly objectionable
artifacts in the output speech. Protection of the line
spectrum pair information is designed to take advantage of
their intrinsic robustness, while still reliably detecting
and countering the bursts of errors that will occur during
fades.

To counter bursts of ezrots, the LSPFs are protected by
three checksums, i.e., the set of bits is divided into three
roughly equal parts R, S and T, and a 4-bit checksum is
applied to each as shown in Figure 3. A single 4-bit
checksum is unable to detect a fair percentage of possible
bit error patterns. However, the three 4-bit checksums taken
as a‘' whole perform véry well; specifically, when a burst of
errors hits the LSPF information, two out of the three
checksums will almost always detect the error. The LSPF set
is therefore replaced whenever at least two of the three
checksums have been tripped.

When one or no checksum has been tripped, a consistency
check is applied to the LSPFs. This check takes advantage of
the fact that the frequencies within a set must be Strictly
increasing in order to produce a stable synthesis filter.
Also checked are frequencies which are "too close" to each
other, as this results in tonal artifacts in the output
speech. This consistency check actually adjusts for
misorderings resulting from both quantization and bit errors
and is applied at both the transmitter and the receiver. The
meaning of "too close” varies with frequency and has been
determined empirically. —

The consistency check is performed by stepping through
the LSPF set to locate adjacent LSPFs that are either
overlapping or too close together. Line spectrum pairs that
are too close together in frequency are separated out to a
minimum distance. Line spectrum pairs that overlap in
frequency are replaced with their values from the previous

|Z.
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frame. Bithe?éorrective measure ca'x':"result in new overlap
or closeness problems, so the process backs up by one line
spectrum pair in the set and continues checking. A maximum

‘of two such fixes of eithe: type is anowed before the entire

LSPE‘ set is replaced.

~ Pitch lag is similar to LSPF 1nformation in that it
varies slowly from frame to frame. 1If an error is detected
in the pitch 1lag, it 13 replaced with the most p:eviously
received error-free value. -

Pulse amplitudes exhibit none:of the stationary mﬂs
_inherent in the LSPF ‘information or pitch lag data. Therefore, a
simple -re‘plic_eme’nt ‘with previous values will not work. 1In
fact, in a coder with pitch prediction, it is difficult to .
use any previous information to predict the pulse amplitudes
Complicating the problem is the fact that if the pulse

~amplitudes have been corrupted by a fade, the pulse positions

have. probably been - corrupted also, due to their close

-_proximi.ty in the transmitted frame. Finally, it is known

that errors in the pulse amplitude information are
responsible for the loudest and most perceptibly annoying
artifacts in the output speech. - Therefore, the best course
of action, given detected errors in the pulse amplitudes,
would be to suppress any excitation that would have been
generated by the corrupted values. In other words, the
protection algorithm would zero the pulse amplitudes when
errors are detected in them. Unfortunately, this action has
the effect of putting "smooth holes" in the output speech.

These "smooth holes®” are regions where the output speech

deéays smoothly to zero within -tbn to twenty output samples.
A solution to this lack-of-excitation problem can be
found by employing the previous excitation in the pitch
buffer. - Because the pitch lag data is quasi-stationary; the
overall 'pattern of excitation is also quasi-stationary, and
the pitch buffer can be reused: several times by playing out
its contents using a modulo-pitch period counter. The

W,
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resulting output speech is based solely on the "clean"™ (i.e.,
nonerroneous) excitation in the pitch buffer. This action
also prevents any artifacts from getting into the long term
pitch buffer from where they would propagate until a silent
period is encountered. Furthermore, the pitch predictor tap
is set at a stable value of 0.85, which will provide
continuity of sound over several frames, but ultimately decay
the output sound to zero should the fade last for a half-
second or more. This is a valuable feature, since few would
want to listen to a sustained vowel tone while stopped at a
traffic light, e.g., "How are yo0000000000...", for the
duration of the stop.

In keeping with the multiple-checksum-per-frame
philosophy of the invention, a separate 6-bit checksum is
employed for each excitation frame. This insures that short
fades will only interrupt the excitation for a relatively
short (e.g., 8 milliseconds) period of time, rather than the
full 24 millisecond frame length.

An additional benefit of multiple checksums within a
frame should be considered. If a very high random error rate
is encountered, it is possible that checksum errors will be
detected during every frame. If only one checksum were used
to zero the pulse excitation, the result would be very little
output sound from the speech decoder. Having multiple
checksums decreases the probability that all three will fail
during a given frame. Thus some excitation will make it
through to the output LPC filter stage. The vocoder "evasive
action"'will not only provide improved performance during
fades, but it will also help during periods of heavy random
errors. This is a principle difference between -the system
incorporating the new algorithm and the aforementioned system
described by Dal Degan et al.

The actions to be taken when checksums detect errors are
given below. The complete system of the invention uses seven
checksums: three 4-bit sums for the LSPF data, one 4-bit sum

W,
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fo: pitch, and one 6-bit sum for each ot the three excitation

:subframes. In' each excitation subframe, only the three most

significant bits of ‘the pulse amplitudes are checked by the_ 
cmecksum ﬂhus,:hdklslmms anecim:ked:u:eadh:aﬂﬁiame '

If any'one, but no more than one, of the LSPF checksums -
detects an error, then pass the detected LSPF bits
directly to the LSPF decoding algorithm. The LSPF
decoding algorithm will re-order the frequencies to
assure stability, as given above. _

If two or more of the LSPF checksums are in error, then
use the entire set of LPC coefficients with the most
recent wset received having less than two LSPF checksums in errar. -

_Omnﬁnuelﬁﬁng1iﬁ§4¥g=of1:xﬁﬁichiﬁﬁlnﬂﬁl-alrnrsetvdthcmraor

féﬁﬁﬁéﬁﬁns:ﬂ;na&ﬁmeﬂ.

Checksum 4: Pitch Lag

Use the most recently received error-free value in place of

2.

1.
2.

the corrupted one.

Zeto the six pulse amplitudes for subframe 1.
Set the pitch tap gain for subframe 1 to 0.8S.

Zero the six pulse amplitudes for subframe 2.
Set the pitch tap gain for subframe 2 to 0.8S.

\s.
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2. Set the pitch tap gain for subframe 3 to 0.8S.

The algorithm is implemented in the system shown in Fig. - .

4. A multi-pulse speech coder 20 of the type generally
described in aforementioned US applications S.N. 07/353,855
and S.N. 07/353,856 provides a coded output to a frame
buffer 21. The frame buffer supplies the bits of a coded
frame into the several categories described above. Checksums
are calculated for the “protected"” bits by a CRC checksum
generator 22. These sums are merged with the speech coder
bits by a multiplexer 23 to form a frame which is transmitted
from a transmitter 28 to a receiver 29 through a
communications channel.

At the receiving station, the bits from receiver 29 are
first separated into segments by a demultiplexer 24. the
checksums and “protected" bits are supplied to a CRC error
detector 25. A speech decoder 26 simultaneously receives the
speech bits from demultiplexer 24 and error flag bits from
CRC detector 25.

Although the best method for evaluation of the results
is through a 1listening test, a valid demonstration of
performance can be obtained by examining the time-domain
waveform of the output speech. Figure S shows the system
results for the word "town" in a simulated digital cellular
environment (850 MHz carrier, 48 kilobits/second 3-slot time
division'multiple access (TDMA) transmission in a vehicle
moving at 5 miles-per-hour). Trace A shows the input
waveform, trace B shows the output waveform of the speech
decoder with no detection/regeneration, and trace C shows the
output waveform of the system with detection/regeneration.
The protected output waveform can be seen to be free of the
large~amplitude ;rtifacts present in the unprotected output
waveform.

\o.
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.Perfdrmanqe”of tae protection scheme according to the
invention may ilso be measured by the signal-to-noise ratio
(SNR) for unptéﬁected and protected téders operating in the
same environment. Table 2 shows the results for the same
environment as.ﬁsed'ih generating the graph of Figure 5.
These measutements were takeh'ove: 17.5 seconds of mixed male
and female speech. '

TABLE 2
SNR(dB) for Unprotected and Protected Coders

6% average BER; 850 MHz 3-slot TDMA; 5 mgh

Unprotécted | - Pprotected Improvement
-1.78 - +3.23 ___+5.01

while analyzing Table 2, it should be noted that absolute SNR
valugs do not indicate thé quality of the output speech. The
important number is the difference between the protected and
unprotecﬁed SNR, and Table 2 shown a 5 dB improvement over
the unprotected system.

While only certain pfeferred features of the invention
have been illustrated and described herein, many

~modifications and changes will occur to those skilled in the
art. ' ' '

Ny
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CLAIMS

1. A method for protecting a multi-pulse speech
coder from fading and random bit errors comprising the
steps of:

encoding speech as a plurality of subsets of line
spectrum pair frequency coefficients, pitch lag data,
pitch gain data, and pulse amplitude and position data;

generating separate checksums for the line
spectrum pair frequency coefficients, pitch lag data,
pitch gain data and pulse amplitude and position data;

combining said separate checksums with said line
spectrum pair frequency coefficients, pitch lag data,
pitch gain data, and pulse amplitude and position data
to comprise a frame; and

transmitting said frame to a receiver.

2. The method recited in claim 1 wherein said
frame includes seven checksums, three of said checksums
being allocated to the line spectrum pair frequency
coefficients, one of said checksums being allocated to
the pitch lag data and one of said checksums being
allocated, respectively, to each of three subframes,
respectively of pulse amplitude and position data, each
of said subframes also including pitch gain data.

3. The method recited in claim 2 further
comprising the steps, performed at said receiver, of:

receiving and detecting said frame; ~

passing detected line spectrum pair frequency
coefficients if none or any one, but no more than one,
of the line spectrum pair frequency checksums signifies
a detected error:;

transmitting data from a most recent line spectrum
pair frequency coefficient set having less than two
detected errors received if two or more of the line
spectrum pair frequency checksums are in error; and

continuing to transmit the line spectrum pair
frequency coefficients until new line spectrum pair
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Ifrequency coefficients with one or fewer errors is

received.

4. The method recited in claim 3 further
comprisxng the step of applying a consistency check to
the line spectrum pair frequencies when one, but no
more than one, of the line spectrum pair frequency

. checksums signifies a detected error so as to ensure

that line spectrum pair frequencies within a frequency
set are increasing and are neither overlapping or so
close as to produce tonal artifacts in the output
speech. . '

5. The method_recited in claim 4 wherein said
consistency'check comprises the steps of: '

stepping through the line spectrum pair
frequencies in a set thereof to identify adjacent line
spectrum pair frequency coefficients that are either

_ overlapping or so close as to produce tonal artifacts

in the output speech; .

separating by a minimum distance line spectrum
pairs that are too close together in frequency; and

replacing line spectrum pairs that overlap in
frequency with their frequency values from a previous
frame. | ' '
' 6. The method of claim 5 wherein said previous
frame is comprised of said most recent usable data set.

7. - The method recited in claim 2 further
comprising the step, performed ‘at said receiver, of
using a most recently received pitch lag data having no
checksum_errors in place of currently-received pitch _
lag data to reconstruct a voice signal if the pitch lag
data checksum signifies an error'in]said currently-

received pitch lag data.

8. The method recited in claim 2 further
compriSing the steps performed at said receiver of:

zeroing the pulse amplitude data for any one of
said subframes for which the checksum allocated thereto
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signifies corruption thereof; and

setting the pitch gain for said one of said
subframes to 0.85.

9. The method recited in claim 2 further
comprising the steps, performed at said receiver, of:

passing detected line spectrum pair frequency
coefficients if none or any one, but no more than one,
of the line spectrum pair frequency checksums signifies
a detected error;

reconstructing a voice signal from data from a
most recently received line spectrum pair frequency
coefficient set having less than two errors received if
two or more of the line spectrum pair frequency
checksums are in error, and continuing to reconstruct
the signal from said line spectrum pair frequency
coefficients until a new data set with one or fewer
errors is received;

using a most recently received pitch lag data
having no errors in place of currently-received pitch
lag data if the pitch lag data checksum signifies an
error in said currently-received pitch lag data:

zeroing the pulse amplitude data for any one of
sailid subframes for which the checksum allocated thereto
signifies corruption thereof; and

setting the pitch gain for said one of said
subframes to 0.85.

10. The method recited in claim 9 further
including, when one, but no more than one, of the line
spectrum pair frequency checksums detects an error, the
step of applying a consistency check to the line
spectrum pair frequency coefficients to ensure that
frequencies within a set of line spectrum pair
frequencies are increasing and are neither overlapping
or so close as to produce tonal artifacts in the output
speech, said consistency check comprising the steps of:

stepping through the line spectrum pair
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frequencies in a set thereof to identify adjacent line
‘spectrum pair frequencies that are either overlapping

21

or too close together,.

separating by a minimum distance line spectrum
pairs that are too close together in frequency; and

replacing line spectrum pairs that overlap in
frequency with their frequency'values from a previous
frame. | : ‘ '
11. The method recited in claim 2 wherein the
checksums allocated to the line spectrum pair frequency
coefficients have a length of four-bits;'the checksum-

‘allocated to the pitch lag data has a length of four

bits and the checksums allocated to each of the pulse

amplitude data subframes each ‘have a length of six

bits, respectively. _

12. A multi-pulse coding system for speech
omprising~

a multi-pulse speech encoder for encoding speech

‘as line spectrum pair frequency coefficients, pitch lag

data, pitch gain data, and pulse amplitude and position

a checksum generator for generating'separate'
checksums for the line spectrum pair frequency

-coefficients, pitch lag data, pitch gain data and pulse -

amplitude and position data;

a multiplexer for combining said separate
checksums with said iine spectrum pair frequency
coefficients, pitch 1ag data, pitch gain data, and
pulse amplitude and position data to comprise a frame,
and

means for communicating said frame to a decoding

- system.

.13. A multi-pulse speech communication system

comprising:

a multi-pulse speech encoder for encoding speech
as line spectrum pair frequency data, pitch lag data,
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pitch gain data, and pulse amplitude and position data;

a checksum generator for generating separate
checksums for the line spectrum pair frequency data,
pitch lag data, pitch gain data and pulse amplitude and
position data;

a multiplexer for combining said separate
checksums with said line spectrum pair frequency data,
pitch lag data, pitch gain data, and pulse amplitude
and position data to comprise a frame;

a receiver:;

a transmitter for transmitting said frame to said
receiver;

a demultiplexer for extracting the line spectrum
pair frequency data, pitch lag data, pitch gain data,
pulse amplitude and position data and said checksums
from said frame;

a cyclic redundancy code CRC error detector for
receiving said extracted bits and generating error
flags when errors are detected; and

a multi-pulse speech decoder responsive to said
error flags for correcting said line spectrum pair
frequency data, pitch lag data and pulse amplitude and
position data in the received frame.

14. A method for speech transmission comprising
the steps of:

analysing the input audio signal in a multi-pulse
speech coder to create a set of line spectrum pair
frequency coefficients characteristic of the shape of
the original audio signal;

analysing the input audio signal in a multi-pulse
speech coder to create pulse amplitude data, pulse
position data and pitch tap gain data to define a
series of pulses to be applied in conjunction with the
set of line spectrum pair frequency coefficients:

buffering the line spectrum pair frequency
coefficients and pulse amplitude data; pulse position

~



10

15

20

25

30

35

g |||II| III|| ||I|| ll IIIl |

data and pitch tap gain data, called buffered data in
a frame buffer; . x' '

selectively sending portions of the line spectrum
pair frequency data and pitch tap gain data, called the
protected data; from the frame buffer to the checksum
generator to create checksums for the protected'data,
information remaining in the buffer is called
unprotected data; |

- sending the unprotected data along with the
protected data and the checksums to a mnltiplexer that
organises and constructs a frame from the unprotected
along with the protected data and the checksums;

sending the frame to a transmitter that transmits
the frame via radio signals;

sensing the transmitted frame with the use of a
receiver:; | |

sending the frame to a demultiplexer that
disassembles the frame into checksums, unprotected
data, and protected data, namely portions of the line
spectrum pair frequency coefficients, puiSe amplitude
data, pulse position data and pitch tap gain data;

: selectiveiy_sending the checksums to the CRC error
detector that analyses”the-checksums to determine if a
transmission error occurred, and which data was
corrupted:;

sending the line spectrum pair frequency

coefficients, pulse amplitude data, pulse position data
and pitch tap gain data from the demultiplexer to the
multi-pulse speech decoder to reconstruct the original
audio signal by using a series of'pulses defined by the
pulse amplitude data, pulse position data and pitch tap
gain data to stimulate an active filter employing the
set of line spectrum pair frequency coefficients, to

.produce a transfer function having the shape of the

original audio signal, the multi-pulse speech decoder
also receiving signals from the CRC error detector and
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the multi-pulse speech decoder selectively
incorporating the line spectrum pair frequency
coefficients, pulse amplitude data, pulse position data
and pitch tap gain data based upon their corresponding
CRC errors in reconstructing the original audio signal.

15. A method of speech transmission,
substantially as herein described with reference to
Figures 3 to 5 of the accompanying drawings.

16. A coding system, substantially as herein
described with reference to, and as shown in, Figures 3
to 5 of the accompanying drawings.



