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Adding speech capabil-
ities to a design can
sometimes lead to com-

plex algorithms and expensive
DSPs or specialized audio
chips. However, with the com-
pletion of a simplified adap-
tive differential pulse-code-
modulation (ADPCM) algo-
rithm, you can now imple-
ment these audio capabilities
in low-cost 8-bit mCs, which
typically have lower power con-
sumption and cost than their
DSP or audio-chip counter-
parts. A two-chip design is fea-
sible by offloading the encod-
ing and decoding tasks onto the
mC as if it were a peripheral.

Since 1991, the Interactive
Multimedia Association (IMA)
Digital Audio Technical Work-
ing Group (DATWG) has been
working to define a cross-plat-
form digital-audio exchange
format. An inherent problem
exists with the exchange of au-
dio data between PC, Mac, and
workstation computers. Each
computer has its own data
types and sampling rates. In
May 1992, IMA DATWG pub-
lished the first revision of the
Cross-Platform Digital Audio
Interchange recommendation
that specifies three uncom-
pressed and one compressed
data type at various sample
rates. The compressed data
type is the Intel (www.
intel.com) 4-bit DVI ADPCM
algorithm. This algorithm
compresses a 16-bit signed au-
dio sample into 4 bits and takes
advantage of the high correla-
tion between consecutive samples, which
enables the prediction of future samples.
Instead of encoding the sample itself,
ADPCM encodes the difference between
a predicted sample and the actual sam-
ple. This method provides more efficient

compression with fewer bits per sample
and yet preserves the overall quality of
the audio signal. Both the encoder rou-
tine (Listing 1) and the decoder routine
(Listing 2) are written in C to ease read-
ability.

The hardware implementation de-
pends on the type of interface. With a
parallel interface, you can use the
PIC16C556A (Microchip Technology,
www.microchip.com) (Figure 1a). A
standard parallel interface uses the chip-
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select (CS), output-enable (OE), and
write-enable (WR) pins on Port
A. The 8-bit data interface con-
nects to the 8-bit Port B on the mC. You
can use two additional I/O lines for sta-
tus information, such as encode/decode
select, to the mC or an interrupt line to
the main controller to indicate when data
is ready. CS, which connects to the RA

4

pin, can interrupt the PIC16C556A on
the start of a transmission.

The second hardware implementation
uses a serial interface and an eight-pin
mC (Figure 1b). The PIC12C672 uses
four of the pins for power, ground, and
oscillator input and output. Three of the
remaining I/O pins are for clock (SCK),
data in/out (D

IN
/D

OUT
), and CS. You can

use the other I/O pin to indicate the de-
sired encode/decode operation or as an
interrupt to the main controller. CS con-
nects to the external interrupt pin, GP

2
,

to detect the start of a transmission.
Both mCs have a flexible oscilla-

tor structure for use with a crystal,
a resonator, or an external clock
signal. Both parts of the figure
show the mC using an external
crystal as the clock source. Because
these devices are fully static, the
main controller can provide the
clock source to the mC. By turning
the clock source on and off as nec-
essary, the main controller can fur-
ther decrease overall power con-
sumption. This method also
allows control of the speed at
which the algorithm runs, which is
proportional to the sample rate of
the system.

To fully implement the mC as an
ADPCM-encoder/decoder peri-
pheral requires firmware to im-
plement the serial or parallel in-
terface, such as listings 1 and 2,
and a main routine to tie every-
thing together. The main con-
troller is responsible for sampling
the incoming audio waveform,
storing and retrieving the AD-
PCM codes from nonvolatile
memory, and then playing the re-
sulting samples. The main con-
troller feeds samples or ADPCM codes to
the mC and then reads the resulting AD-
PCM codes or samples from the mC.

The listings are available for down-

loading from at EDN’s Web site, www.
ednmag.com. At the registered-user area,
go into the Software Center to download
the file from DI-SIG, #2292. (DI #2292)
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Using the simplified ADPCM algorithm, you can now implement audio capabilities in mCs by
offloading the encoding and decoding tasks onto the parallel (a) or serial (b) mC as if it were a
peripheral.
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