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ABSTRACT

During the last decade CELP coding [1] of speech has been the most popu-
lar and promising scheme for producing high quality speech at medium to
low bit-rates. Computational complexity of CELP however, has been its
main disadvantage. For mobile systems where power and transmission
bandwidth are at premium and channel conditions are severe, computa-
tional complexity of the speech coding algorithm, its robustness to channel
errors, power consumption and the cost of implementation are the main
design considerations.

In this paper we present a CELP coder implemented using a single AT&T
DSP32C. In addition to encoding and decoding in one DSP, we have
implemented a forward error control scheme to increase its robustness to
channel errors. The coder operates at gross bit rates of 6.4 and 9.6 kb/s and
produces very high quality speech. A security algorithm to protect against
the hardware/software piracy has also been included.

1.0 INTRODUCTION

For mobile satellite communication systems, resources such as power and
bandwidth are very limited. These systems employ very small transceiver
terminals requiring larger satellite power. This is particularly true for land-
mobile satellite systems, for which only 4 MHz bandwidth has been allo-
cated on a primary basis. For such services to be economical they must
employ very narrow bandwidth per channel. In order to be competitive and
to use modulation schemes that will not cause excessive distortion over the
difficult land-mobile propagation channel, digital coding of speech at
around 4.8 kb/s or less is required [2]{3]. For the cellular mobile systems,
on the other hand, speech coders operating in 6.4 to 9.6 kb/s range are
required [4][5]{6].

Robustness to channel errors is an important performance measure for a
speech coding algorithm designed for mobile communication systems.
Unlike most line communication systems, mobile communication systems
have to withstand very high channel error rates. Speech coders are not
expected to operate in these severe conditions without some form of for-
ward error control (FEC). Traditionally, the task of designing a channel
coder, for providing protection against channel errors, for a specific speech
coder used to be carried out only after the design of the latter had been
accomplished. However, with the restriction of bit-rates for the new mobile
systems such as the half-rale GSM [4] and INMARSAT-M [5] etc, joint
development and optimization of source and channel coding became neces-
sary.

Here we report on the real-time implementation of a full-duplex Code
Excited Linear Prediction (CELP) based speech coder using a single
DSP32C digital signal processor. To make the coder robust for mobile
applications we have encorporated a very simple, yet quite effective, FEC
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scheme. The coder operates at net bit-rates of 4.233 and 7.1 kb/s and gross
bit-rates of 6.4 and 9.6 kb/s. We have also encorporated a security feature
which safeguards against pirating the hardware and software.

2.0 SPEECH CODING ALGORITHM

The encoder and decoder block diagrams of the CELP based speech coding
algorithm are shown in Figure 1 and 2, respectively. At the encoder,
speech is stored in frames and analyzed to find its parametric information.
Every 30 ms speech frame is represented by 10 LPC parameters which
carry the vocal tract information and two excitation vectors with their
appropriate gains. The LPC parameters are calculated once per frame using
the original speech. However, the two excitation vectors are calculated
every sub-frame to minimize the error between the original and synthetic
speech signals. Since most of the available bits are used to represent the
two excitation vectors, the sub-frame size is usually determined by the final
bit-rate. In our implementation, the sub-frame size is 60 and 30 for the
coder operation at net bit-rates of 4.233 and 7.1 kb/s, respectively.

The CELP coder operates as follows:

(i) Store a frame of speech and compute the LPC parameters. Before
computing the LPC parameters using the auto-correlation method,
Hamming window centred on the boundary of the current and
future frames is used. This method is very useful when interpolat-
ing the LPC parameters for use in each sub-frame but requires an
additional 15 ms delay. The following steps are then repeated for
each sub-frame.

@ii)  Clock out the LPC synthesis filter memory and subtract it from the
corresponding original speech samples, to ensure that the ringing
effect of the LPC synthesis filter (IIR) is taken into account.

(iii)  The remaining first reference signal is then processed, firstly, by the
LPC inverse filter and then by the modified LPC synthesis filter to
introduce noise shaping. The modification to the LPC synthesis
filter is determined by the amount of noise shaping required. In our
work the factor of 0.8 is used.

(iv)  The adaptive code-book is then searched in the index range of 20 to
147 for odd sub-frames and in a sub-set of this range for even sub-
frames. Each time its response is passed through the modified LPC
synthesis filter with its memory set to zero. The output is then

compared with the first reference and the index value which gives
the best match is selected for transmission. The ratio of the amount
of matching to the variance of the vector response is used as the,
gain, Since the noise shaping factors for both the adaptive code-
book and the fixed code-book are the same (i.e. 0.8), scaled vector
response is subtracted from the weighted first reference signal 1o
form the second reference signal.

v) The fixed code-book is searched in exactly the same way as the
adaptive code-book.
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(vi)  Using the computed and quantized parameters final synthesis is per-
formed to update the memory of the LPC synthesis filter and the
adaptive code-book. During this final synthesis however, quantized
but unmodified LPC parameters are used.

The decoder of CELP has two additional processing stages that
make it different from the decoders of other LPC type coders. These
are: pre-pitch filter and pole-zero adaptive postfilier. After decod-
ing the parameters, the two excitation vectors are added together,
Before using this to excite the LPC synthesis filter, it is further pro-
cessed using a pre-pitch filter which is adapted using the index and
gain parameters of the adaptive code-book at the encoder, This
improves the pitch pulses when speech is voiced and has very little
effect when unvoiced. The LPC filter is then excited using the out-
put of the pre-pitch filter to produce the output speech, which is
further processed by the post filter to enhance its subjective quality.

2.1 Parameter Quantization

Before converting the LPC parameters into Line Spectral Frequencies
(LSFs), 15 Hz bandwidth expansion is applied which achieves more stable
LSF quantization results and improves speech quality. The LPC-LSF
conversion is done using the root solving method where the maximum
allowable number of iterations is set to 15. The 10 LSFs are quantized
using independent scalar quantizers with a total of 37 (3,4,4,4,4,4,443,3)
bits.

The excitation information is quantized in the form of two code-book
indices and their gains. Both code-books are single shift overlapping where
two consecutive vectors have all but one vector element in common, The
fixed code-book is populated using a Gaussian random number source with
75% of its values set (o zero. The number of code-book elements that need
storing is equal to the size of the fixed code-book plus sub-frame size
minus one, in our case where this size is 64 (i.e. 6 bits), it is equal to 63
plus sub-frame size. In the adaptive code-book case however, only 147 of
the most recent LPC excitation samples are stored.

For the adaptive code-book, index range of 20 to 147 is searched for every
odd sub-frame and the best index is coded with 7 bits; whereas for the even
sub-frames, 5 bit (for 7.1 kb/s case) or 6 bit (for 4.233 kb/s case)
differential search windows are employed. When the selected index is
smaller than the sub-frame size, initial vector values are repeated to form
the full vector. The gain values of the two excitation vectors are quantized
using 5 bits each, where one of the bits is used to represent the sign infor-
mation in both cases. The gain quantizer of the fixed code-book has levels
symmetrical around zero, but the adaptive code-book gain quantizer has
fewer number of levels below zero.

The bit allocation for the two bit-rates i$ given in Table 1.

Net Bit-Rate (bps) 4233 | 7100
LPC Parameters (bps) 1233 | 1233
Excitation Parameters (bps) | 3000 | 5867

TABLE-1: Bit allocation for spectrum and excitation.

3.0 ERROR CONTROL CODING

Employing a combined source and channel coding design strategy, we built
some inherent robustness into the source coder which was then augmented
by the use of conventional error correction codes.
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3.1 Source Coder Optimization for Error Control

To make the source coder robust to transmission errors we employed
differential coding of the adaptive code-book indices which makes the even
sub-frame indices more robust, and single shift overlapping fixed code-
book which exhibits some degree of inherent robustness against the errors
corrupting the lower significant bits of the indices. To suppress the annoy-
ing effects of corrupted fixed code-book gains (e.g. "clicks" and "bangs")
we used a smoothing algorithm which exploits the smooth contour of these
parameters (i.e. fixed code-book gains) in each frame of speech.

3.2 Error Correction Coding

The schemes described above, provide reasonable operation at low error
rates (<10-3). However, for land-mobile channels where the errors are
higher in number, we have to augment the coder with error correcting
codes. To minimize the redundancy required, we measured the error sensi-
tivities of the source bits and selected only those bits for the FEC which
had some minimum sensitivity. The design of the FEC schemes had three
main’ goals: low redundancy; low complexity; and high error correction
capability. To achieve these, we opted for simple Hamming codes,
employed in an array configuration in order to maximize their error correct-
ing ability. Additionally, we coded the LSF parameters in such a way that
some error detection was also possible [7]. Table 2 shows the bit rate avail-
able for FEC for each source coding rate.

Bits | Rate (bps) | Bits | Rate (bps)
Overall 192 6400 288 9600
Source 127 4233 213 7100
FEC 65 2167 75 2500
Protected Bits | 72 100

TABLE-2: Bit allocation for source coding and FEC.

4.0 REAL-TIME IMPLEMENTATION

The real-time implementation of the speech encoder/decoder along with the
FEC has been achieved using a single AT&T DSP32C on a single Euro-
card size board.

4.1 Hardware

The hardware comprises a 4-layer single Eurocard size board which is
capable of producing a full-duplex speech channel. It consists of two main
functional parts, encoder and decoder. It takes analogue speech or A-
law/u-law coded speech as input, and produces TTL compatible low bit-
rate data output which is locked to an internally or externally provided
frame sync. Similarly, it accepts the low bit-rate data locked to an exter-
nally provided frame sync as input and produces either analogue speech or
A-law/u-law PCM coded speech at its output.

For the computational work, the board employs a single 32 bit floating-
point digital signal processor, AT&T DSP32C which is running at 50
MHez. The other main components on the board include: 32 kbytes of exter-
nal zero wait state static RAM, a microcontroller, a programmable gate
array, 64 kbytes of EPROM, a PCM codec and two digital phase-locked
loops. .

4.2 Software

When writing real-time software there are two main points that should be
considered. One is to find the most efficient way of implementing a given
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task and the other is to simplify the task without compromising the perfor-
mance (quality) of the algorithm.

In a typical CELP speech coding algorithm most of the complexity is due
to its closed loop adaptive and fixed code-book search procedures. The rest
of the processing stages represent a very small part of the total complexity
figure. In order to achieve a single chip solution for the real-time imple-
mentation of the full-duplex speech coder and the FEC, we employed some
of the CELP complexity reduction strategies and efficient DSP32C pro-
gramming techniques described in [8].

The speech coding and FEC algorithm were simulated using C-language.
Then the real-time code for the DSP32C was written in its assembly
language which was converted into the final object code using the AT&T
assembler/linker program, D3make. The object code was initially
tested/debugged using the AT&T simulator, D3sim, and then its perfor-
mance was verified using the AT&T emulator, D3emu.

4.3 Security Algorithm

The sole purpose of this algorithm is to safeguard against the piracy of the
coder hardware and software. It has a multi-layer structure, some of these
layers have been implemented in the hardware and some in the software.
The hardware has been protected by implementing some of the DSP32C
timing and control signals in the programmable gate array and securing the
gate array control program inside the microcontroller. For the security of
the DSP32C code, we modify it before dumping into the EPROM for off-
line storage. The security algorithm relies heavily on the assumption that
the microcontroller employed would have a security feature built in which
will inhibit reading back of any code stored and executed inside this dev-
ice.

5.0 RESULTS

Here we give details of the operational requirements of the final system in
terms of its power consumplion, used RAM space and the processing time.
We also present the Mean Opinion Score (MOS) results used to test the
speech quality produced by the implemented CELP coder at overall/gross
bit-rates of 6.4 and 9.6 kb/s under no channel errors and random channel
errorsup to 4 %.

5.1 Computational Complexity and Memory Usage

Table 3 shows the DSP32C loading figures for the main functions of the
speech coder and Table 4 shows the approximate amount of program/data
memory needed. It can be seen that the speech coder requires about 89%
and 86% of the total processing power of a DSP32C for its operation at the
gross bit-rates of 6.4 and 9.6 kb/s, respectively. The storage requirement
however, is nearly the same for the two rates. Out of a total requirement of
about 32 kbytes of RAM, the program takes roughly 13 kbytes and the
remainder i.e. 19 kbytes is used for data storage. We have used almost all
of the 6 kbytes of RAM available on the DSP32C chip itself, thus requiring
only 26 kbytes of external RAM whereas 32 kbytes is available on the
hardware board.

Al the gross bit-rate of 6.4 kby/s, the (approximate) DSP loading figures for
the encoder and decoder are 65% and 24% respectively, and the same for
the case of 9.6 kb/s are 60% and 26%. The encoder at 9.6 kb/s requires less
processing power than at 6.4 kb/s, mainly because of two things. Firstly,
the adaptive code-book search range for the even sub-frames (i.e.
differential pitch search) is 6 bits (or 64 indices) for the 6.4 kb/s case
whereas the same for the 9.6 kb/s case is 5 bits (or 32 indices), thus the
former requires nearly 5% more processing time. Secondly, the fixed
code-book search takes nearly 1.5% less computation for the case of 9.6
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Gross Bit Rate (bps) 6400 | 9600
DSP | DSP .
Coder Function Loading | Loading

(%) (%)

E} Adaptive Codebook search | 30.68 | 25.72
2 Fixed Codebook search 18.59 | 17.09
O] FEC encoding 2.03 | 2.24
2 Others 13.94 | 14.76
R Sub-total 65.24 | 59.81
D} FEC decoding 3.72 | 4.09
(E; Pre-pitch filtering 5.47 5.70
O| Post filtering 9.16 | 10.01
: Others 5.52 6.45
R Sub-total 23.87 | 26.25
Total 89.11 86.06

TABLE-3: DSP32C ioading at 6.4 and 9.6 kb/s.

kb/s as compared to that for the 6.4 kb/s case, because the former involves
usage of the auto-correlation values during the processing of even sub-
frames which are computed and stored during the processing of odd sub-
frames. The 9.6 kb/s decoder on the other hand, requires about 2.5%
greater processing simply because the fixed overheads are more for this
than those for the 6.4 kb/s decoder.

As shown in Table 3, the FEC scheme requires only 6% of the total pro-
cessing power of a DSP32C. Out of which the FEC encoder takes about
2% and the decoder about 4%.

Gross Bit-Rate (bps) | 6400 | 9600
Program (bytes) 13200 | 13200
Data (bytes) 18700 | 18800
Total (bytes) 31900 | 32000

TABLE-4: Memory usage at 6.4 and 9.6 kb/s.

Gross Bit-Rate (bps) | 6400 | 9600
Bit Error Rate (%) | MOS | MOS
0 3.3 38
1 3.1 3.5
2 29 32
3 2.8 3.0
4 24 2.6

TABLE-5: MOS scores for 6.4 and 9.6 kb/s.

5.2 Mean Opinion Scores

The quality of speech produced at the output of the implemented speech
coder operating at gross bit-rates of 6.4 and 9.6 kb/s was measured subjec-
tively at various random channel error rates. For this we used an in-housc
informal listening test. In the test a five point quality scale measure was
used where 1 = bad, 2 = poor, 3 = fair, 4 = good and 5 = excellent. In the
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test, six mixed sentences spoken by two males and two females were used
and presented in random order to 10 subjects. Each subject was given a
brief explanation about the test but was not allowed to listen to any of the
test material except during the actual test. The MOS test results are shown
in Table 5.

As shown in Table 5, in the absence of errors the quality of speech pro-
duced by the coder at 6.4 kb/s gross bit-rate or 4.233 kb/s net bit-rate is
quite comparable with the other 4.8 kb/s speech coders [2]{3] which
require a great deal more processing power, and at the gross bit-rate of 9.6
kb/s or 7.1 kb/s net bit-rate it is very close to the full-rate GSM quality [9].
The FEC scheme has proved to be quite effective up to 3% random channel
errors. For random errors greater than 3%, the FEC scheme starts to break
up i.e. the number of errors are beyond its error detection/correction capa-
bility.

Even allowing for the informal and limited nature of the MOS test, the
results obtained are very significant and they show that the simplification
techniques that we employ to achieve the single chip implementation do
not sacrifice the speech quality.

The total power consumption of the implemented speech coder is approxi-
mately 2.5 watts at 5.0 volts.

6.0 CONCLUSIONS

A full-duplex CELP based speech coder operating at gross bit rates of 6.4
kb/s and 9.6 kb/s along with a simple FEC scheme capable of handling ran-
dom channel errors upto 3% was implemented in real-time employing a
single DSP32C digital signal processor and 32 kbytes of static RAM on a
single Eurocard size board consuming about 2.5 waits of power.

The coder output speech quality is quite comparable to that of other speech
coders operating at similar bil-rates but requiring a great deal more pro-
cessing power. Although the subjective tests carried out were informal and
limited in number of subjects, we believe that the average MOS scores are
quite representative and indicative of the output speech quality at the vari-
ous random error rates. The implementation took nearly 89% of the avail-
able processing power of the chip so the remainder could be used for
further improving the performance of the FEC scheme.
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