DIGITAL AUDIO

igital au

Patrick Gaydecki describes hardware and software issues relating to
interfacing two new stereo audio converters fo a microprocessor via
serial links. Patrick’s description revolves around a DSP56k processor,
but the information will help anyone wanting fo design with these
high-performance; easy-to-interface audio dfo-a and a-to-d converters.

facing the CS5330/31 stereo ana-

logue-to-digital  converter and
CS54330/31 stereo digital-to-analogoe
converter to a DSP56002 digital signal
processor. Technical issues include the
hardware interconnection, critical sys-
tem timing signals and software mod-
ules for receiving and transmitting dig-
ital data.

The CS5330/31 is a stereo a-to-d
converter while the CS4330/31 is a
stereo d-to-a converter. Both are 13-
bits wide. We chose the DSP56002
digital signal processor for our design
example since it’s an industry standard
There are many hardware and software
strategies that could be used to inter-
face these ICs, but we have narrowed
our discussion down to the more
straightforward techniques

I 1 this article is information for inter-

Analogue-to-digital conversion

The C85330 and-31 are complete 18-
bit stereo a-to-d converters. They per-
form anti-alias filtering, sampling, and
analogue-io-digital conversion, gener-
ating binary data for both left and rfight
inputs in serial form.

Alternate left and right channel data

are transmitted via a single output The
sampling frequency can be adjusted
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infinitely between 2 and 30kHz,
according to the frequency of a master-
clocking signal '

These a-to-d converters use sigma-
delta, shortened to TA, modulation with
an oversampling rate equal to 128
times the equivalent sampling fre-
quency. The sigma-delta stage is fol-
lowed by digital filtering and decima-
tion circuitry, which remove the need
for an external anti-alias filter.

The linear-phase digital filter has a
pass band to 21.7kHz, 0.05dB pass
band ripple and greater than 8CdB stop-
band rejection These devices contain a
high-pass filter to remove DC offsets,
which at a sampling rate of 48kHz, has
a ~3dB point of 3 7Hz.?

Digitising analogue signals

Complementary to the C85330/31, the
CS$4330/31 are complete stereo digital-
to-analogue converter systems. They

include an interpolator, a 1-bit d-to-a

converter and an output analogue filter

Analogue signals generated by these
devices are output to separate pins. In
essence, these d-to-a converters per-
form the inverse operations to those of
their a-to-d converter counterparts
described above.

A digital interpolation filter first up-
samples the incoming digital data by a
factor of 128. A A modulator then
generates a 1-bit data stream, which is
input to a linear analogue switched-

capacitor low-pass filter. This enables
infinite adjustment of the sampiing fre-
quency between 2 and 50kHz.

Output analogue ‘signals require a
simple first-order RC filter to eliminate
images of the input signal at mutiples
of 128x the input sample rate.*

The 55330 and the CS3331 differ
only in the cutput serial data format.
The CS4330 and the €54331 differ
only in the input serial data format. All
devices are available a5 eight-pin plas-
e SOICs — a 5.28mm wide surface-
mount package — with low power con-
sumption, making them particularly
attractive in power-conscious applica-
tions or in designs where space is at a
premivm.

Hardware interconnection
Figure 1 illustrates a simple intercon-
nection  strategy  between  the
DSP56002, the CS333x and the
C5433x. Both of the data converiers
are clocked by an external master-
clocking signal, fed to their respective
MCLK. inputs. The serial data out pin
of the C8533x, SDATA, connects o
the SRD input of the processor

In addition, the serial cutput connects
to the ground rail by a 47kQ resistor.
This ensures that the C55330/31 oper-
ates in master mode.

In master mode, the serial data clock,
or bit clock, SCLK, and the left-right
clock, LRCK, are generated as outpits
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by the C55330/31, derived from the the
a-to-d converter clock MCLK input,

The LRCK output connects to the
SC2 input of the DSP36002, used to
accept the frame sync. The SCLK out-
put of the C55330/31 connects, via an
inverter, to the SCK imput of the
DSP56002 The inverter is necessary
because the DSP36002 samples the
data present on the SRD input on the
negative edge of the bit clock®, where-
as the data generated by the CS5330/31
are valid on the rising edge of the
SCLK.

Since the CS5330/31 is operating in
master mode, both the LRCK and the
SCLK are fed directly as input signals
to the C$4330/31, which is operating
in slave mode. Because this uses the
same clock protocol as the CS5330/31,
no inversion of the SCLK signal is nec-
essary.

Finally, the digital data generated as
an output by the DSP56002 are fed
from the STD pin to the SDATA input
of the C84330/31

Timing considerations and
data formats

In master mode, the input clock rate of
the CS5330/31 is 256 times the LRCK.
This represents an over-sampling ratio
of 128 for each channel.

In order to sample each channei at an
effective rate of 48kHz for example, a
clock frequency of 12.288MHz is
required, Similarly, the CS4330/31
expects the same over-sampling ratio
when driven by the CS5330/31, Fig. 1.

Figure 2 shows the output data for-

~mat of the CS5330/31 as used here
Data for the left chanmel are output dur-
ing the first half of the LRCK period,

Master
clock

— 1

MCLK

A7K

DIGITAL AUDIC

SRD/PCY

SDATA|-

C55330/31
LRCK

Vo

SC2/PCE

VHin o—

SCLK !

SCK/PC8

]

MCLK
SCLK

€84330/31
LRCK

Vet 0

VRnu‘t oO—
SDATA

\

DSP56002

STD/PCS

Fig. 1. Simple interconnection method befween the DSP56002, the C55330/31

and the C54330/31.

and data for the right channel are out-
put during the second

A total of 32 bits is generated during
each half period, and the data are lef

justified, with the most-significant bit

appearing first, on commencement of
each half of the LRCK cycle

Since the CS5330 has 18-bit resolu-
tion, the final 14 bits are redundant,
This may be viewed another way; as
far as the DSP56002 is concerned, the
data for each channel occupy four time
slots, each one eight bits in length
Hence eight time slots period charac-
terise the entire LRCK.

The data format for the CS5331 is
stmilar, except that it uses the IS for-
mat. Here, the first most significant bit

is delayed by one bit clock period, for
handshaking purposes. Figure 2 also
shows the input data format expected
by the CS4330 and CS4331.

In the case of the C4330, the data are
right justified; hence the first 14 bits of
any LRCX half-cycle are redundant.
For the CS4331 with an externally sup-
plied LRCK — the case discussed here
_ the data are left justified using 1S
format, ie the most-significant bit
commences after a delay of one bit
clock period.

Reading and writing in

network mode

The SSI of the DSP56002 may be con-
figured in normal mode or in network
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LRCK for C55330 B
and CS84330
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mode In normal mode, a signal input
to the SC2 pin is considered a framing
signal, i.e. it frames the stari and end
points of one datum word.

Individual bits are clocked in using
the SCK input as a bit synchronisation
signal. In network mode, it is assumed

that within any one frame, a number of

data words are being transmitted in
packets termed time slots (TS).

In the case outlined here, the SSI of

the DSP56002 is configured in network
mode, assuming a time-siot kength of 8
bits. The SSI can be configured to
accept words that are 8, 12, 16 or 24
bits in lengih.

In the CS5330/31, the data are left
justified. Hence, since ihe device has
18-bit resclution, only the first three
slots of any channel are required.

Regt
CRA
CRA
CRA
CRA

Regi
CRB
CRB
CRB
CRB
CRB
CRB
CRB
CRB
CRB

ster Bits Function
0-7
8-i2
13-14

List 1. For network-miode polled communication, in which the DSP56002 operates as
a slave, bits are set as follows.

Pre-scale modulus: set to 0 {only used if DSP is master).
DC: setto 7, since this equals the number of time siots minus 1.
WL set to 0, since this gives a word length of 8 bits.

15 PSR: set to 0, as this is not needed in slave mode

Hence CRA = 0000011100000000, = 70045

ster Bits Function
03 Set to 0, as they are not used
4-5 Set to 0, external frame + bit clocks supplied by G85330/31.
6 Set to 0, as MSB infout is first and the LSB is last.
7-8 Set 10 0, as the WL bit clock is used for both TX/RX.
9 Set 1o 1 for sync clock control, ignored in network maode.
10 Set to 0 for continuous clock.
11 Set to 1 for network mode.
12-13 Both set to enable RX and TX.
14-15 Not set since interrupts not required, i.e polled-mode is used

Hence CRB = 0011101000000000; = $3A0045.

The DSP side

hardware oriented
Operations that t

clock cycles

devices,

Motorola’s DSP56002 is an advanced 24-bi
processor, with 56-bit intermediate resolution. It has a highly parallel architecture, in that it
treats program memory space separately from data memory space This is known as
Harvard Architecture

Harvard Architecture has been extended further in the DSP56002 by sub-classifying the
ata memoty — so-called Super Harvard
I-processing algorithms use two distinct signal
vectors For example, FIR filters need memory to hold the incoming signal, and memory to
hold the filter coefficients: FFT routines need memory to hold the real and imaginary
Fourier components, and so on.

Each of the three memory areas — program, Xand Y d
bus, and all of these connect to the outside wor
256 words of X-data RAM, each 24-bits wide, 256 words of Y-data RAM, and 512 words of
program RAM (24 bits). This may not seem very much, but remember that the device is

data space into X-data memory and Y-d
Architecture. This is because many sigha

single instruction, since the detail
FFT routine needs only 40 words, i.e. 120 bytes.

In contrast, an FFT routine written on a conventiona
bytes. Since the 56002 uses hardware multipliers and pipelining, it can perform

multiplication, accumulation and instruction fetching in a

For high-speed serial data transfer,
preferred choice . It is readily
small number of signa

t fixed-point general-purpose digital signal

ata — has its own data and address
id via bus muitiplexers. The processor has

raditionally require many instructions can be implemented here using a

s are implemented in hardware. For example, a complete

| PC might require several thousand

single instruction cycle, i.e. two

The fastest version of the 56002 can be clocked at 80MHz, which means it operates at 40
mega-instructions per second, i.e 40MIPs. Also inc
systern components, including par
processor to communicate with of
analogue-to-digital converters, digital-to-an

orporated in the device are peripheral
allel and serial ifo ports. A host interface allows the

her computing devices and peripheral circuitry such as
alogue converters, voice-band codecs and other

its synchronous serial interface, or 55, is often the
compatible with many other products and it needs only a
| connections and a minimum of glue-logic.?2

Furthermore, only the first two bits of
the CS§5330, or first three bits of
55331, time-slot 3, are used. These
represent the two least-significant bits
of the a-to-d converter word. The 8 bits
from TS 1 and TS 2, together with the
two biis from TS 3 are then combined
into a single 18-bit word.

The procedure for writing to the
CS4330/31 is similar, with the stages
reversed. First, an 18-bit word is
decomposed into three 8-bit time slots.
For a CS4330, the most-significant bit
commences at bit six of TS 2 for the
left channel, TS 1 being blank. Lower-
order bits follow accordingly in IS 3
and TS 4.

H instead, a CS4331 is being used,
the most-significant bit commences at
bit 1 of TS 1. The data are shifted one
place right since bit 0 is ignored in I*$
format. Lower order bits follow
accordingly in the remainder of TS 1,
TS 2and TS 3.

Polled-network mode

Whether in network or in normal
mode, data may be clocked into the
SSI using polled or interrupt-driven
communication.

In 2 network-mode polled system,
the program waits in a loop while the
program tests the status of a flagin a
status register. When true, this flag
indicates the start of the ILRCK
sequence — the start of the left channel.

The program then proceeds to wait in
another loop, testing the status of the
flag that indicates a word has been
received into the data register, When
this is true, it reads and stores the data
corresponding to that time slot — time-
slot 1 initiatly.

The program now continues to wait
for and read the data words corre-
sponding to subsequent time slots. To
use the SSI, it must first be enabled as
a synchronous interface, since it has a
dual function; it may also operate as a
general-purpose ifo port.

Thus, the appropriaie bits must be set
in the port-C control register, PCC. In
this case, the upper five bits must be
set Next, the device must be config-
ured for a particular mode by loading
the appropriate words into the SSI con-
trol registers A and B (CRA and CRB),
locared at X:FFEC;s and X:FFED 4
respectively.

For network-mode polled communi-
cation, in which the DSP56002 opet-
ates as a slave, the bits are set as in
List 1.

List 2 shows an assembly code frag-
ment that reads data from the
CS5330/31 and writes data to the
CS4330/31 during all eight time skots
using network-mode, polled commu-
nication.

Tmportant flags are the receive-frame
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sync flag RFS, bit 3 of the SSISR
(X:FFEEs), and the receive data register
full flag RDF, which is bit 7 of the SSISR
When RFS is set, it indicates the start of a
frame or LRCK cycle. When RDF is set, it
indicates a datum word is present in the
receive-data register, R, located at
X:FFEF 4.

The datum word may be transferred to an
appropriate arithmetic register in the CPU
or placed into memory. The code here sim-
ply reads the data repeatedly into register
X0, but does nothing with it.

Once RX is read, the RDF flag is auto-
matically reset, The transmit-data-register-
empty flag TDE, bit 6 of the SSISR, is not
required in this and all subsequent code
described here. This is because the
CS84330/31 is operating in slave mode, and
data are transmitted by the DSP56002
within the time slots defined by the
(CS5330/31

Interrupt-driven network mode
Interrupt-driven ifo can be more efficient
than polled i/o since the processor is only
interrupted when a specific condition
occurs; since the CPU is not locked in a
polling loop, it can continue processing
data until the status of a specific flag
becomes true. When this occurs, the pro-
gram automatically jumps te an interrupt
service routine, which deals with the con-
dition as required.

In order to use interrupt-driven i/o, bits
15 of the CRB, the receive-interrupt enable
bit RIE must be set Register CRA remains
the same. When the RIE bit is set, an inter-
rupt is generated when the RDF flag
becomes true, i.¢. the receive-data register
holds a new datum word. Hence,

CRB=1011101000000000,=BA00, 4

The necessary bits in the interrupt-priority
register IPR, located at X:FFFFps must
now be set for the SSI; these are bits 12
and 13, ie the [PR must be loaded with
300056

The interrupts must then be unmasked.
This is achieved by ANDing the MR reg-
ister with FCyg, 1.8, the lowest two bits are
set to 0, enabling all interrupts When an
interrupt occurs, control passes to the inter-
rapt vector whose address is at a specific
area in program memory.

For the SSI receive data interrupt used
here, the two-word vector space lies
between P.000C;5-P:000Dy¢. Hence a JSR
imstruction is simply placed here to the start
of an interrupt service routine whose pur-
pose will be to read the data

In the program fragment shown in List 3,
network-mode interrupt-driven communi-
cation is used to read the data as each time
slot generates an interrupt However, the
code as it stands is incomplete, since the
program cannot distinguish the occur-
rence of the first time slot — ie., it has no
knowledge of the time slot order

In order to be of practical use, the code

DIGITAL AUDIO

List 2, Reading all eight time slots in network mode, polled configuration.

LRCK
rst

1S3

154

185

136

is7

158

ORG P:50

MOVEP H51F0 X:$FFEL

MOVED I$700, X:SFFEC

MOVEP #$3A00, X:$FFED
JCIR #3 X:$5FFEE LRCK
JCIR B7 K:SITFEE.TS1

MGVEP X:$FFEF, X0
MOVE Al X:5FFEF
JCLR A7, X:5FFEE, 182
MOVEP X:S$FFEF, X0
MOVE Al X:$¥FEF
JCLR #7,X:$FFEE, 153
MOVEP X:3FFEF, Xt
MOVE Al X:$FFEF
JCLR #7,X:5FFER,. 154
MOVEE X:$FFEF,X0
MOVE Al X:$FFEF
JCLR #7,X:$FFEE, I55
MOVEP X:$FFEF, X0
MOVE Al X;5FFEF
JCLR #7.X:5FFEE,IS6
MOVEP X:3FFEF, %0
MOVE Al X:3FFEF
JCLR #7,X:SFFFE,. 187
MOVEP X:$FFEF, X0
VMOVE Al X:§FFEF
JCLR #7,X:$FFEE, IS8
MOVEP %1$FFEF, X0
MOVE Al,X:§FFEF

IMP TRCK

END

;Enable upper 3 blts of 551
;Contigure CRA

;Configure CRB

;Wait for LRCK sequence start
;Wait For firsk datum word. ie IS1

;Read 1%t word into register X0 from a-to-d converter

;5end data to d-to-a converter
;Wait for second datum word

;311 eight time slobs read Go and wait for
y8tart of next LRCK

List 3. Reading/writing of all eight time slots in network mode,
interrupt-driven configuration.

MATH

LOOP
ISR

ORG P:50

JMD MAIN

NOF

NOP

HOP

NOp

NQP

NOP

NOP

NOP

NWOP

NOP

JSR ISR

MOVEP HBS1F0 X:SFEEl
MOVEP #5700,X:$FFEC
MOVER #5BA00 X:$FFED
MOVER #$3000 X:$FFFF
ANDI &SFC MR

JMP LOOP

MOVEP X:$FFEF, X0
MOVE AL X:S$FFEP

RTI

END

;5kip intervupt vector space

;Jump to ESR. Execured when RDF=1

+S81 mode

;Enable REI for S$ST

;IrR for SSI

;Unmask incerrupts

;This loop represents the main program
;5tart of interrupt routine. Read data
;Write Lo d-fto-a converter

;Return from interrupt

List 4. Reading/writing of all eight time slots using interrupts
and LRCK identification

MATN

LOOP
ISR

IGNORE
RTE

ORG P:50

JMB MATN

NOP

NOP

NOF

NOP

NOP

NOP

NOP

NOP

NOP

NOP

ISR ISR

HMOVEE F§1F0 X:$FFEL
MOVEP #$700,X:$FFEC

MOVEP #3BAO0 X:SFFED
MOVEP #53000 X:SFFFF

ANDI #3FC MR
JMP LOOP

MOVEP X:SFFEF. X0
INC A

JCLR #3 X:3FFEE IGHNORE

CLR A&
MOVE Al . X:5FFEF

END

:8kip interrupt vector gpace

;Jump to ISR. Executed when RDF=1
; 51 mode

;Enable REI for SSI

;TPR for SSI

;Unmask interrupts

;This loop represents the main program
;Gtart of interrupt routine. Read daka
;Increment the IS counter

;Find LRCK start. ie RFS=1

;If frame start, reset TS counkter {a)
“iWrite to d-to-a converter

;bon’ & reset counter if not stare of LRCK
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Register Bits

CRA o7
CRA 8-12
CRA 13-14
CRA 15

Register Bits

CRB 0-3
CRB 4-5
CRB 6
CRB 7-8
CRB 9
CRB 10
CRB 11
CRB 12-13
CREB 14-15

List 5. For single channel, normal-mode polled communication, in which the
DSP56002 operates as a slave, bits are set as follows:

Hence CRA=011000000000000¢;=6000+.

Function

Pre-scale moduius: set to 0 (only used if DSP is master)
DC: set to 0, since this equals number-of-words/frame-1.
WL: both set fo 1, giving a word length of 24-bits

PSR: set to 0, as this is not needed in slave mode.

Function

Setto 0 as they are not used.

Set ta 0; ext. frame and bit clocks supplied by GS5330.
Set to 0; MSB i/o is first and the LSB is last.

Set to 0. as the WL bit clock is used for both TX/RX

Set to 1 for synchronous clock control,

Set to 0 for continuous clock.

Set to 0 for normal mede.

Both set to 1 to enable RX and TX.

Not set since interrupts not required; polled-mode is used.

Hence CRB=0011001000000000,=3200+5.

List 6. Reading a single channel of the C55330 and writing to the C54331 in
normal mode.

ORG P:50

MOVEP K$1FD X:$FFEL
MOVEP [F$6000 . X:SFFEC
MQVEP #£3200,X:3FFED

$551 mode

idata

LOOPL JCLR #7 X:$FFEE LCOPL ;Wait for 24-pit word
CLR A
MOVE X:§$FFEF Al :Read dara into a
LSR A
MOVE Al . X:5FFEF :Send to CS4331

IME LOOP1T

EWD

;Configiura CRA and CKB for 24-bit
normal mode

:8hift right 1 place for €8S4231

shown in List 3 should be capable of
determining the start of the LRCK
This may be achieved by testing the
status of the RFS flag when an infes-
rupt cccurs If it is set, this means the
LRCK has just commenced a new
cycle and the data correspond to the
first time slot.

A time-slot counter that records the
current time slot should then be ini-
tialised to zero. If RFS is not set, then
data corresponding to a later time slot
are present in the receive data regis-
ter. In this case, the time-slot counter
should be incremented '

This scheme is very similar to the
one described on page 6-137 of the
DSP56002 Digital Signal Processor
User’s Manuall. List 4 provides a
code fragment which uses interrupts
and polling of the RFS to both deter-
mine the start of the LRK cycle and
read the data with a positional knowl-
edge of the time slots

Reading and writing a channel
in normal mode
The above cxamples omitted code

details dealing with recombination of

data after its reception from the
CS5330/31, processing and decompo-
sition of the data prior to transmission
to the CS4330/31.

Reconmtbination involves weighting
and summing the 8-bit words associat-
ed with, in this case, the three relevant
time slots. Decomposition involves
shifting to isolate the appropriate seg-
ments of the 18-bit word, and sending
these segruents out as eight-bit words
corresponding once more to the time
slots appropriate for the CS4330/31.
This requires processing time and may
limit the speed of the DSP environment
-~ especially in situations where crifical
real-time operations are being per-
formed.

One way of removing this difficulty
is to treat the CS5330 as a single-chan-
nel device — ie left channel only —
using it in normal mode. Similarly,
data can be sent $o the right-channel
only of a C34331. The channels switch
because the LRCK signal is inverted
for the CS4331, Fig 2

Since the only difference between the
C$5330 in master mode and the
54331 when clocked externally is a

single bit-pulse delay -- due to the I’S
format involved — a single right-shift
operation is all that is required to make
the input datum word compatible with
the output,

‘When operating in normal mode, the
CRA and CRB registers must be con-
figured to accept 24-bit data, Trailing
bits are simply ignored by the system.
The LRCK. signal is treated as a true
framing signal, with only the leading
edge of significance to the SS5L.

Once this framing signal has been
detected, the $SI clocks in all 24 bits of
ithe datum word generated by the
(85330 which may then be processed,
shifted one place right and transmirted
to the CS4331. For normal mede
polled communication, in which the
DSP56002 operates as z slave, the
CRA and CRB are set as in List 5

The code fragment in List 6 allows

" the DSP56002 to read in a full 18-bit

word from the CS5330, shift it one
place right, and output it to the
CS4331. If processing is to be pet-
formed, the code would be included
immediately after reading the data from
the input register.

In summary

The interfacing sirategies described
hers represent a small number of vari-
ations within a wide range of possibil-
ities. In particular, it is possible to con-
figure the DSP56002 as the master
device.

Alternatively the expected data input
format of the CS$4330/31 may be
altered by changing its default config-
urations through the use of a control
word This word is sent via the SCLK
input. This is described in detail in ref-
erence 4

However, il you do not wish to
change these, the code given here
should provide a starting point for suc-
cessfully exchanging data between
these devices. |
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