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ABSTRACT

This paper presents a RELP coder based on base-
band transmission and high-frequency regeneration
in the frequency domain in two versions: 4.8 kb/s
and 9.6 kb/s. The principle of both versions is
illustrated in the detailed block diagram in Fig.l.
Some details of a fixed-point implementation will
be described. The 4.8 kb/s version has been imple-
mented on a real-time processor. Since the algo-
rithm does not distinguish between voiced and un-
voiced speech, the number of calculations per frame
is nearly constant. Thus a 4% time reserve is suf-
ficient to insure real-time operation for the 4.8
kb/s version. The robustness of the RELP coder in
the presence of background noise is explained. Ex-
cept for narrow-band high-frequency background noi-
se, the RELP coder transmits this noise as well as
speech without any significant distortion. The in-
fluence of transmission errors is described. Simu-
lations with a mobile radio channel model showed
that the quality of the speech transmitted “digi-
tally” by RELP and a digital modem is definitely
superior to that transmitted by simulated analog
FM.

1. PRINCIPLE OF RELP CODER

The RELP coder (residual excited linear predicti-
ve coder) is presented in two versions: 4.8 kb/s
(RELP48) and 9.6 kb/s (RELP96). The principle of
both versions is explained in the first section
with the detailed block diagram in Fig. 1.

- The 1input speech signal is sampled at 8 kHz by a
12-bit A/D converter.

~ The digitized input signal x{(n) is filtered by a
tenth-order LPC inverse filter in lattice structu-
re. The PARCOR coefficients of the 255-sample fra-
mes are determined by the autocorrelation method
with an overlapping 384~point Hamming window.

~ The LPC residual signal e(n) is converted to
block-floating format with 13 bit mantissas. The
block exponent is transmitted to the receiver. It
can be interpreted as a coarse level value of the
a 256-point FFT into the frequency domain.
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- The 26 low-order Fourier coefficients E(k), k=1,.
.«,26, which correspond to 32,...,832 Hz, form the
"baseband’ which is transmitted to the receiver.
The Fourier coefficients are first converted to po-—
lar coordinate representation. Then the magnitudes
|E(k)| are encoded by an adaptive linear quantizer.
The bit assignment and step size of the adaptive
quantizer (linear gaussian type) is controlled by
an estimated variance (k). The variance is esti-
mated according to a homomorphic model proposed in

/2/ and /3/.

- The cepstrum c(n) of the residuum is computed by
the inverse DFT of the logarithmic magnitude values
log |E(k)|. The pitch period is determined by
searching the maximal cepstral value in the range
from ¢(20) to c(128). The cepstral position p
(which is the pitch period) and magnitude c(p) of
the cepstral pitch peak are encoded and transmit-—
ted. This side information describes the periodic
pitch structure of the residuum. The logarithmic
mean value c(0) is also encoded and transmitted. It
is used as the fine signal level. The estimated
variance course log @ (k) is determined by the Fou-
rier transform of the simplified cepstrum &(n).
This cepstrum consists of the decoded values &(0)
and E(pitch) and zero for all other indices. Since
only two values of the input signal &(n) are not

equal to zero, the Fourier transform is performed
by staight-forward evaluation of DFT instead of FFT

- The encoded magnitudes are decoded at the trans-
mitter too to control the phase quantizer. The bits
of the phase quantizer are assigned proportionally
to the logarithm of the decoded magnitudes. Finally
the phase values are encoded.

- In the 9.6 kb/s version the ‘baseband’ comprises
the first 35 Fourier coefficients E(k) (32-1120 Hz).
The wuntransmitted coefficients k > 35 are divided
into 4 sub-bands, each consisting of 23 samples,
corresponding to 736 Hz. Additional parameters for
regeneration of these sub-bands are determined at
the transmitter by cross correlation of the base-
band with each sub-band /1/. 13 complex cross—cor-—
relation coefficients are computed per sub-band.
The position of the maximal cross-correlation co-—
efficient is detected and transmitted together with
the angle of this coefficient. This side informa-
tion represents the optimum-shift factors and phase
corrections for regeneration of the upper bands.
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Fig. 1 Block diagram of RELP

- At the receiver the base~band

first decoded, repeating the
tions of the transmitter.

coder

coefficients are

corresponding opera-

— The untransmitted coefficients are regenerated by

shifting the base-band coefficients.

In RELP48 the

shift is controlled by the transmitted pitch value

as explained in /1/.

In RELPY6,
trolled by the transmitted

the shift is con-
optimum~shift parame-

ters. A phase correction is included. No voiced/un-
voiced decision is performed in either version be-

cause in the unvoiced case

the pitch-adaptive HFR,

which now is driven by a random pitch value, works

more naturally and robustly

tion signal would.

than a random excita-

- The Fourier coefficients are converted back into

cartesian coordinates,

- The residual signal
time domain.

is transformed back to the

- Finally, the LPC synthesis filter is excited by

this residuum.
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2. FIXED~POINT IMPLEMENTATION

These operations, most of which are single pre-
cision, are performed in 16-bit fixed-point arith-
metic. Only the autocorrelation coefficients (dur-
ing LPC analysis) and the cross correlation coeffi-
cients (for HFR parameters) are computed in 32 bit
accuracy. The algorithm consists of many ‘simple’
operations such as multiplications, additions and
shifts, and a small number of more complex operati-
ons such as divisions, logarithms, exponentations,
sin, and cos. These more complex operations are
performed as follows:

The trigonometric functions, which are required
by the DFT and the polar-to-rectangular conversion,
are performed by table lookup.

The logarithm to the base 2, which was chosen
because of its ease of computation, is approximated
as follows: The characteristic is the position of
the leading binary ‘1° in the number. The mantissa
is looked up in a logarithm table. The address for
the table look up consists of the bits following
the leading ‘1°.
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Three exponentations per baseband sample are re-
quired for calculation of the step size of the lin-
ear magnitude quantizer and its inverse from the

logarithmic variance values log GSZ(k), The expo-
nentiations are performed by bitwise decomposition
of the exponent:

0¥ = pX(n) y px(n=D) |y px(1) | px(0)

P

if bit 1 of the exponent is 0
if bit i of the exponent is 1

where (i) = 0'—P
and x(i) = 2t
P is the position of the binary point in the 16-bit

word. The values of 21_P are stored in a table.

The exponentation requires as many mnultiplications
as there are bits of the exponent set to "1°.

The Fourier coefficients are converted with the
CORDIC algorithm /4/ from rectangular to polar co-
ordinates.

In addition to a FORTRAN simulation, the RELP48
coder is 1implemented on a 16-bit fixed-point real-
time processor. The signal processor 1is based on
the Am2901 slices and a fast 16%16 bit multiplier.
The complete algorithm for transmitter and receiver
requires 96% of the 32 ms time frame. The algorithm
does not include any decisions or branches such as
voiced/unvoiced, etc. So the required number of op-
erations per frame 1is nearly constant. The number
of cycles varies slightly, because the execution
of operations such as block floating, CORDIC coor-
dinate conversion, maximum search, and exponenta-
tion depends of the operands. Since the execution
times vary only slightly, the reserve of 4% is suf=-
ficient to insure that the calculation unit does
not exceed the available time frame.

3. ROBUSTNESS IN THE PRESENCE OF INPUT NOISE

This section is concerned with the behavior ol
the RELP coder if noise is added to the input
speech. With respect to the base band, the RELP co-
der is an adaptive residual coder (ARC). Like other
waveforn coders, ARC relies very little on a speech
production model. Therefore, it is not nearly as
sensitive to input noise as vocoders. In the RELP48
coder, the base band is quantized relatively coar-
sely (3.6 bit per complex sample). The quantization
noise results in a slight roughness of the synthet-
ic speech. The roughness is speaker dependent. It
is low if the speakers voice is suited to LPC-voco-
der transmission. The roughness increases, 1if the
voice does not lend itself to vocoder transmission
or if proper analysis of speech-specific paramet-
ers, and hence the effective control of the adap-
tive quantizer, is affected by input noise. Like~
wise the block-boundary noise, which is typical for
transform coding systems, increases. Input noise is
transmitted relativly faithfully if at least a part
of the spectrum of the noise is present in the base
band. In most of these cases the increased quanti-
zation noise is not striking compared to the trans—
mitted input noise.
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Only high~frequent narrow-band
transmitted particularly well. In the case of nar-
row-band noise, the LPC coefficients may adapt in-
completely to the signal, which results in holes or
peaks in the spektrum of the residuum. Fig. 2 shows
two examples. An artifical rectangular signal (1.6
kHz) is added to the input speech. The spectra of
the input signal with noise, the LPC filter, and
the residuum before and after high-frequency re-
generation are plotted in Fig. 2. The left example
shows an ‘over-adaption’ of the LPC filter in which
the spectrum of the residuum contains a zero. The
zero is “filled’ by the HFR. Becausc of the pole in
the LPC synthesis filter, this results in a loud
whistling noise in the output signal of the coder.
For this reason it is important to limit the maxi-
mal amplification of the LPC synthesis filter by
limiting the magnitudes of the PARCOR coefficients
during quantization.

noise 1is not

silent

‘ Input
% signal
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20 dB
L L
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Fig. 2: ¢ lebiz]

Influence of distortion by high—-frequency rectangular signal

The left example occurs mainly in silent inter-—
vals. The right example shows a typical speech in-—
terval. The LPC filter is “under-adapted’, and the
spectrum of the residuum contains peaks at funda-—
mental frequency and first harmonic of the rectan-
gular signal. These peaks are flattened by the HFR.
After LPC synthesis the level of the noise is lower
than in the input signal.

In this example of high-frequency narrow-band
noise, the amplitude of the transmitted noise de-
creases below the input level during speech inter-—
vals, but increases up to and above the input level
during silence intervals. This effect is unpleasant,
because a constant whistling tone is more accepta-
ble than a continuously wailing whistle. Except for
this example we found that the RELP coder does not
in itself significantly increase the deteriation of
a speech signal caused by background noise.
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4, ROBUSTNESS IN THE PRESENCE OF TRANSMISSION
ERRORS

The sensitivity of main- and side-information
coefficients to channel errors depends on their
physical significance. In the subjective judgements
given in the following, a statistically independent
bit error rate of 0% is assumed.

~ Errors in the pitch value cause an incorrect rip-
ple structure in the estimated variance course S (k)
for magnitude quantizer control and a pitch-asyn-
chronous high-frequency regeneration. Because of
the first effect, step sizes and bit assignments of
transmitter and receiver do not agree. Therefore
the base band values are decoded completely wrong.
The excitation signal then looks like random noise.
The synthetic speech sounds like whispering, but is
still understandable. Compared to this effect, the
deterioration due to the non-pitch-synchronous HFR
is neglectible.

- If the received block exponent 1s erronuous, the
signal level of the distorted frame 1is either too
high or too low. Occasional errors resulting in
lower levels are hardly perceptible, but the oppo-
site case is very disturbing, because a loud crack
occurs if a silent frame is synthesized with a high
block exponent.

- Lrrors within the PARCOR coefficients result in
a false synthesis filter which affects the spectrum
of the output signal. Therefore, these errors im=-
pair the intellegibility more than errors in the
other coefficients.

- Crrors in the cepstral coefficients &(0) and
2(pitch) behave qualitatively like errors in block
exponent and pitch value, but with far less effect
on the speech quality.

- Errors in the magnitudes of baseband coefficients
|EC(k)| result in increased roughness. In some cases
they result in false bit assignment for the phase
values too. Then the prevailing part of the phase
values is decoded incorrectly. Then the above men-
tioned effect of whispering speech occurs.

- Errors in the phase values are hardly noticeable.

- Errors in the HFR parameters (RELP96) are neg-
lectible.

Considering the combination of these effects,

statistically independent error rates up to 10‘_3
are hardly perceptible. Frror rates between 10_3
and 10—2 become noticeable, and above 10“2 in-
telligibility is affected.

To counteract this, an error protection code was
implemented. The 11 most sensitive bits of a frame
(most significant bits of pitch, block-float expo-
nent and of the first tree PARCOR coefficients) are
protected by a (15,11) Hamming code which is capa-
ble in correcting 1 error. Using this code a bit

27.11
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error rate of 10_2 in these 11 bits can be decreas-

ed to 2 * 1073,

We tested the performance of the RELP coder sim~
ulating ‘digital’ and ‘analog’ speech transmission
over a mobile-radio channel model. The channel mod—
el simulates Rayleigh~-fading. The analog speech is
‘transmitted’ by idealized frequency modulation for

a mobile radio channel. The digital speech signal
(digitized by RELP) is ‘transmitted’ by band~limit—
ed minimum shift keying (BMSK) modulation similar
to GMSK /5/. The average signal-to-noise ratio on

the channel was adjusted to 14.7 dB., resulting in

an average bit error rate of 8 * 10—3 at 9.6 kb/s

and 4 * 10 3 at 4.8 kb/s. Comparing both systems,
the FM distortions of ’‘analog’ transmission turned
out to be far more unpleasant than the influence
of bit errors on the RELP-coded speech., Recorded
examples of this will be presented.

5. SUMMARY

A 4,8 kb/s and 9.6 kb/s version of a fixed-point
implementation of a DFT-based RELP coder have been
presented. The 4.8 kb/s version runs on a real time
processor with a time reserve of about 47%. The co-
der proved to be robust in the presence of back-
ground noise at the microphone input and transmis-—
sion errors. Simulations with a mobile-radio chan-
nel model showed that in case of frequent channel
disturbations speech transmitted ‘digitally’ by
RELP in conjunction with a band-limited MSK modu-
lator, has a significantly more acceptable quality
than speech which was transmitted by ‘analog’ FM.
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