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This paper presents two DM codecs implemented by the TMS32010 Digital Signal Processor (DSP) and
developed by a proposed development system [1]. The first codec is a 32-k bit/s linear DM codec, and the

~ sccond is a 32-k bit/s adaptive DM codec. The two codecs are presented as design examples that demonstrate

INTRODUCTION

'A development system for the TMS32010 DSP was
proposed [1]. The system is based on the "ZX =Spectrum"”
microcomputer, it has the following features:

It receives analog input signal of level one millivolt
(max.), filters it to the band (200-3400 c/s) and converts
it to 8-bit digital samples at rate of 8000 or 32000
sam ples/ S.

It converts the processed digital samples into an analog
signal.

At stores 12000 input samples in the "ZX-Spectrum micro-
computer, and 12000 intermediate (or final) output
samples.

" An external RAM of 1K-word is used to store the
program under development, so that, the program can be
easily corrected or altered.

16-bit Input/Output latches are used to interface "ZX-
;.:- ctrum" microcomputer with the DSP.

t controls the operation of the TMS32010 DSP by
hing ON/OFF its D.C. supply and by controlling its
and RESET lines. Also, the system feeds the DSP by
input samples at a real-time rate.

' The operation of the TMS32010 DSP is monitored once
sampling period, ie. the "ZX-Spectrum"
ocomputer recieves from the DSP an intermediate of
al result during every sampling period. The TMS32010
operates with its full speed, i.e. 20 MHZ clock.

RECOMMENDATIONS ON PROGRAM LAYOUT:

é he designer of any program, (that will be developed by
he introduced development system), must take into
account the following points:

- The total processing time for each i/p sample must be
* less than the time intervals between samples.

the capabilities of the proposed development system. and explain the development procedure and the
recommended layout of the program under development.

2- The TMS32010 must be ENABLED to respond to INT
input signal after every processing cycle.

3- The system sends an INT pulse to the TM 32010 dsp

* ‘as soon as a new sample is stored into the most
significant byte of the output latch.

4- The ADC and that are used in the system deal with
samples represented by Natural Binary Code (NBC).

Design Example I:
A 32-K BIT/S Linear Deltamodulation (LDM) Codec:

The theory of DM is presented in many references, such
as [3-8]. The theoretical background of the two presented
examples is derived from [8].

Figure (1) shows a block-diagram for LDM
encoder/decodec. A program is to be developed for the
TMS32010 DPS to perform this codec. The output of the
encoder will be fed to the input of the decoder to obtain
an.output y (n) which is equal to the input x (x) as shown
in Figure (2). The algorithm that will be executed by the
TMS32010 is described by the following equations:

ENCODER
Symbol Description
X, (n) Estimated signal
d (n) Difference signal
dqe (n) Quantized difference signal

x, (n) Reconstructed signal
b, (n) Single bit encoded output
h coefficient of a first order predictor.
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X(0) = 0 (1)
d(n) = x(n) - x,(n) e
b.(n) = sign d(n) 3)
dge(n) = be(n) x 3 , 4
X(n) = dge(n) + x(n) ®)
X(n+1) = h x x(n) (6)
DECODER
¥e(0) = 0 M
ddq(n) = by(n) x & ®)
y(@8) = dgg(n) + y,(n) ©)
Ye(n+1) = y(n) x h (10)
() ae) e a”(n).:s e bg(n)=® 1
T _’ quantizer

L

x.(n) 1st. order
predictor

-

(a)
by(n)=2 dqd(n)’ y{n) e yp(n)
. el
ecwad
T vet 1st. oxdor_}
. lpredictor
(v)

Figure 1. Block diagram for LDM codec; (a) Encoder; (b)
Decoder. (N.B. LPF is excluded from the design).

TMS32010

ENCODER

=4

Figure 2. Configuration used for the encode/decode
operation.

x(n) be(n)

\

Y(n)

The theoretical bases for selecting "h" and "8" are
presented in appendix (A).

Figure (3) shows the input and output waveforms as
obtained from the non real-time BASIC program, while
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Figure 3. Result of LDM codec, implemented by a BASI
program, run on ZX-spectrum microcomputer; (a) inp
waveform, sampled at a rate of 32 K sampled/s;
output waveform (h=.95, & =16).

A s
S \ gt 5 r
S K . Al o/
% .
o oo V\ . 7 s 2
. \/ \ ﬂ\J s A .
LN <
v e L)
>
(a) ,
o
2 orale H
DA ~
e Bk &
- . -.." - - o —
P ) e, co, Seone
o @ @ g P - e o o ¥
s Y ™ Sriee g
“ i %s Jes
" e ’ o'
3

(®)
Figure 4. Results of LDM codec algorithm, implemented
by TMS32010, in real time, at a sampling rate of 32 K
sample/s. (a) input waveform; (b) output waveform
(h=.95, 3=16).

Figure (4) shows the input and output waveforms as
obtained from the real-time program. The output
waveforms in both figures are very closely similar, which
indicates that the algorithm is correctly implemented by
the TMS32010 DSP.

Design Example 2:

A 32K BIT/S ADAPTIVE DELTAMODULATION
(ADM) CODEC:

The block diagram of the ADM codec is shown in
Figure (5). The selected adaptation for the steep size is
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represented by
() = B 8(n-1) + a(n) 3, ; (11)

where, B equals 1-¢2 with €2 - 0; and al(n) = 1, if the
last three bits are of equal sign and equals 0 otherwise.

%, (n) Step size
. adaptation
logic

x(n) + a(n) Feudt i dq.-ZS.(n) S::;"

_.._ﬁ;)——_ quantizer nap
xq(n) 1st. order| *r(n) ‘q'(n)
predictor x X
o(2)

(a)

h.(n)-:‘l

b, (n)=21 d .(n) ¢ y(n) re=s &)
= 1 O rhr H2EE
* T 8 1<
Step size ELm y.(n) 18t. ordorJ
sdapEatich " pridector
logic

(v)

Figure S. Block diagram of ADM codec; (a) encoder,
(b) decoder.

Thus, the step size decays by a factor of "B" every
sampling period, and increases by an amount of 8 if «
(n) = 1. The time constant "t" for the step size decay is
given by

T = [f, log, (1/B)]! (12)

where, f; is the sampling frequency.
The code system is described by the following equations:

- ENCODER

x(0) =1 (13)
{be('3)’be('2)vbe('1)} = {1a'1’1} (14)
8.(0) = 1 (15)
d(n) = x(n) - x,(n) (16)
be(n) = Sign d(m) 17
deq(m) = be(n) *3.(n) (18)
X(n) = X,(n) + dg(n) (19)
Xe(n+ 1) = x(n) *'h (20)
e(n+1) B ' 6e(n) + a(n) * 6o (21)

where,

o (n) = 1if b,(n-2) = b.(n-1) = b.(n)
= 0 otherwise
Decoder
¥e(0) = 1 (23)
{dd( 3), bd(’z)bd('l)} = {1,-1,1} (29
840) = (25)
a(n) = ba(ﬂ) 3 4(n) (26)
y(n) = dgg(n) + y,(n) @)
Ye(n+ 1) =y *h (28)
S n+1) = B * &4(n) + ay4(m) * b, (29)
Where
ay(n) = 1if dy(n-2) = dy(n-1) = by(n) (30)
= 0 Otherwise.

SELECTING THE VALUES OF "8 " and "B":

A LDM codec of optimum step size bopt ., can follow a

non

change in the input signal from o to x; in "n" steps given
by

n = Int [x,/ bopJ +1 (31)
Thus from (A.6) and (A.9) of appendix (A) we have

n=28 (32
An ADM codec, based on (11), can get comparative

performance if

(33-a)

n s
E E p! 5oznbopt
m=1i=o0
if B"'l is close to 1, then (33-a) can be approximated by

n

E md, > n opl (33-b)
from which we get
3,24 (34

the lowest integer value is to be selected, ie. 8, = 4. -
The reported typical value of "t" is Sms.. The program

was run using different values for "t" that are close to 5

ms. It was found that, for T = 2 ms, the output
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waveforms are very illustrative for the adaptation process,
the corresponding value of "B" is 0.9845.
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Figure 6. Results of ADM Codec, Implemented by a
Basic program run on ZX-Spectrum microcomputer;

(a) Input waveform, sampled at a rate 32K sample/sec;
(b) Output waveform for h=0.95, p=0.9844, & =2;

(¢) Output waveform for h=0.95, f=0.9844, & =4;
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Figure 7. Results of ADM codec algorithm, implemented
by TMS32010 DSP, in real-time, at sampling rate of 32K
sample/sec; (a) Input waveform; (b) Output waveform for
h=095, B=09844, 8 =2; (c) Output waveform for
h=0.95, B =0.9844, 3_=4.

Figure (6) shows the results obtained from a no
realtime BASIC program while Figure (7) shows th
results of the real-time program that is implemented
the TMS32010 DSP. The two results are very close whi
confirm correct implantation of the algorithm, they al
illustrate the effect of 8 on the output waveform. '
A 32-k bit /S ADPCM codec was presented in [9],°
fulfills the CCIRR recommendations, and it is based
the following technique:

Sampling Rate : 8-K Sample/S.

Quantizer : 4- bit quantizer with a sophisticatt
adaptation logic.
Predictor : Adaptive predictor comprised of

poles and six-zeros filter. .
Program length : 2756 bytes, (not including data €
filter coefficients). ‘
The presented ADM codec is based on the follow

technique:

Sampling Rate : 32-K Sample /S.

Quantizer 1- bit quantizer, with adeptation log
described by equation(11). :

Predictor first order, time-invariant predictor.

Program length: 258 bytes only (including data).

It is clear that the presented ADM Codec algorithm|
very simple, this advantage is due to the over sampli
technique, which increases the correlation bel
adjacent samples. The development system offered th
facility since it is designed such that it ca
Control/Monitor the operation of the TMS32010 while!
is processing an input signal sampled at a rate of 32
Samples/S.

Appendix (A):

NOTE ON OPTIMUM VALUES OF "H" AND :8"
From the theory of DPCM of first order predictor, th
variance of the difference signal "od2 " is given by

02 =-1+1n-2p,h)d%

where ozx is the variance of input signal, and p, is th
adjacent sample normalized correlation function.
Setting 0%, / dh = 0 yields the optimum "h,"

hOpl = Pl ( ‘

The value of p, approachs 1 as the sampling rate |
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creased, the selected value for p; is 0.95, i.e.

p,= 95 = hopt =h (A.3)
From (A.1) and (A.3) we get.

05’ = (1-h%, ) 0%, = 0.0975 &°, (A4)

From the thorey of one-bit quantizer, the optimum of 8
given by

| bopt =y2/n o, (AS5)

~ The introduced development system uses an 8-bit ADC
0 quantize the analog input signal, therefore, the overload
evel "x,; " of such quantizer is represented by

Ly, - 127 (A6)

Assuming that the probability density function "p(x)" of the
input signal is represented by a uniform function, i.e.

p(x) = » X S X S X
Xol
=0 , otherwise (A7)
Then
ol x2
oy = [ Kp(ndx = 2 (A8)
s 3
ol
From (A.4) to (A.8)
bopl (for uniform pdf) = 18 (A9)

CONCLUSION:

Two different DM codecs were implemented by the
S32010 DSP. A proposed development system was
d in developing the programs of the two codecs. The
ystem successfully controlled the operation of the
TMS32010, and monitored the data and the results.

- The presented design examples demonstrate the
| capabilities of the proposed development system, explain
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the development procedure and the recommended layout
of the program to be developed.

It is concluded that the introduced development system
is a useful, economical, simple and available tool for
students and designers working in the field of digital signal
processing.
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