
12-bit digital audio time delay using the 

Commercial time delay units are not usually flexible enough to suit computer control, 
as may be required in laboratory situations. So g T G Tan and L P Tay have designed 
a programmable audio delay system based on the Apple II with a 6809 coprocessor 

The paper describes a programmable digital audio time 
delay system which uses the 6809 microprocessor to store 
and retrieve 12-bit samples in RAM. A/D and D/A 
conversions were accomplished by a 12-bit analogue I /0  
board for the Apple II microcomputer. A 6809 machine 
code time delay program, which was run on a 6809 
coprocessor board for the Apple II, was able to attain an 
audio frequency response of over 14 kHz. 

microsystems audio time delay Apple II 6809 

The digital audio time delay generator is a primary tool in 
the design of present-day sound reinforcement systems. 
Most professional time delay units are dedicated units 
using hard-wired logic circuitry; these units are usually 
designed for use in sound reinforcement system instal- 
lations in auditoria and concert halls, and their time 
delay values are not designed for rapid alteration under 
computer control. The present project arose out of a need 
for a high-quality digital time delay unit which would be 
easily programmable, for use in research on the psycho- 
acoustic effects of time delays on the perception of sound 
sources. 

The 8-bit microprocessor is a suitably flexible and 
inexpensive controller for a programmable time delay 
unit 1. However, the signal-to-noise ratio requirements in 
most applications for digital time delay units demand a 
data word length longer than 8 bit; 8 bit would give a 
signal-to-noise ratio of only 48dB or so, which is 
inadequate for high-quality sound reinforcement. Thus a 
12-bit or 16-bit data word length is required, implying that 
a 16-bit microprocessor system might be necessary to 
perform the delay processing with sufficient speed. 

However, a system based on an 8-bit data bus was 
judged to be preferable from the point of view of system 
cost and complexity. An 8-bit microprocessor would have 
to perform a pair of 8-bit write operations to store one 12- 
bit or 16-bit sample in memory and it would take a pair of 
8-bit read operations to retrieve the same sample. Most 
current 8-bit microprocessors would not be able to cope 
with 16-bit data transfers at an acceptable rate for high- 
quality audio sampling; the solution adopted was to use a 
hybrid 8/16-bit microprocessor, the Motorola 6809. 
There are more powerful processors available which have 
8-bit data buses, such as the 8088 and the 68008, but the 
6809 proved to be adequate for the present purpose. 
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Rather than building a selfcontained standalone digital 
delay system, it was decided to use a personal computer 
with an open bus architecture as the basis of the system. 
The Apple .11 was chosen, though the IBM PC could also 
have been used, as both computers have open buses 
which can be easily interfaced through their slots. The 
Apple II is based on the 8-bit 6502 microprocessor and 
has an I/O bus with eight slots 2. In the Apple II's 64k 
memory map, 2k (from $C000 to $C7FF) is reserved for 
I/O through the eight slots. 

The digital delay system included two boards to plug 
into the I/O slots; one board was a specially designed and 
constructed 12-bit analogue I/O board and the other was 
a corn mercially available 6809-based coprocessor board. 

A N A L O G U E  I / O  B O A R D  

The analogue I/O board was designed to perform two 
related functions: 

• to receive an audio analogue input, convert it to a 
12-bit digital sample and store it in the Apple II's 
memory 

• to retrieve a 12-bit digital sample from the Apple II's 
memory and convert it to an analogue audio signal 

The circuit diagram of the Analog I/O board is shown in 
Figure 1. The 12-bit A/D and D/A conversions were 
performed by an Analog Devices AD574 A/D converter 
and an AD565 D/A converter respectively. 

There are two methods by which the AD574 can be 
interfaced to an 8-bit bus 3. One method is to connect it 
directly to the Apple II bus with the eight least significant 
bits and the four remaining bits both connected to the8- 
bit data bus. The AD574 is then operated in its 8-bit 
mode, with 12-bit data being output in two stages. AID 
conversion is initiated by executing a write instruction to 
the AD574 address. 

The other method, which was the one actually 
adopted, is to use the AD574 in standalone mode and 
direct its 12-bit output into a 682t peripheral interface 
adaptor (PIA) with two 8-bit ports. The AD574 can then be 
operated in 12-bit mode; AD574 interfacing and pro- 
gramming is also simplified. One advantage of using a PIA 
is that the CA2 line of port A can be configured as an 
output for handshaking and used to initiate A/D con- 
version via the AD574's read/convert (R/C) pin. This 
eliminates one instruction in the time delay routine and 
increases the data sampling rate. A second PIA was used 
to direct the outgoing 12-bit samples from the Apple 11 
memory to the AD565 D/A converter. 
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Figure 1. Circuit diagram of analogue I / 0  board 
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The addresses occupied by the two PIAs in the Apple 
II's memory map are $C0x0-$C0x3 or $C0x8-$C0xB 
(PIA 1) and $C0x4-$C0x7 or $C0xC-$C0xF (PIA 2), 
where the hex digit x is n + 8, n being the slot into which 
the analogue board is inserted. Normally, the four 
consecutive addresses occupied by a 6821 PIA are 
assigned to the PIA registers in the following order a 

PDRA/DDRA 
CRA 
PDRB/DDRB 
CRB 

The register select lines of the two PIAs, RS0 and RS1, were 
connected to the address bus lines A1 and A0 respectively; 
this is the reverse of the normal practice, and was done so 
that the four PIA addresses would be in the order 

PDRA/DDRA 
PDRB/DDRB 
CRA 
CRB 

This places the addresses for the two peripheral data 
registers PDRA and PDRB directly adjacent to each other 
and so enables them to be addressed simultaneously by 
the "16-bit load and store instructions of the 6809. 

The AD574 A/D converter is interfaced to PIA 1. The 
eight least significant bits of the AD574 output are 
connected to port A and the remaining four bits to the 
four lower significant bit lines of port B of PIA 1. The 
AD574 A/D conversion process is initiated by its R/C-pin. 
This pin is connected to the CA2 input of port A of PIA 1. 
The CA2 pin is configured as an output so that it can 
initiate an A/D conversion at the AD574 when a high-to- 
low transition occurs at CA2. The PIA port is configured for 
handshaking, so that a high-to-low transition occurs every 
time a data read operation is performed there. The AD574 
status pin (STS) indicates that the conversion is complete 
by going from high to low 3. This pin is connected to CA1 
so that PIA 1 can initiate an interrupt request for the 6809 
to read the 12-bit data. The read operation then initiates 
another conversion through the CA2 pin. The AD574 is 
configured to accept a bipolar analogue input with a 
maximum amplitude of 10V. 

The AD565 is also configured to give a 10 V maximum 
output during bipolar operation 3. Its eight least significant 
digital input lines are connected to port A, and the 
remaining four lines are connected to the four lower 
significant bit lines of PIA 2 port B. The output is passed 
through a 741 operational amplifier acting as a current-to- 
voltage converter, and then through another 741 acting as 
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a second-order Butterworth low-pass filter to smooth the 
analogue output signal. 

6 8 0 9  COPROCESSOR BOARD 

The 6809 coprocessor board used is manufactured by 
Stellation Two and is known as 'the Mill'. It uses the 6809E 
microprocessor, which runs off the 1.023 MHz clock of 
the Apple II. The 6809E runs concurrently with the Apple 
ll's 6502, the 6502 having access to the bus during the 
6809's dead cycles s (i.e. whenever the 6809 valid memory 
address is not valid). The operation of the 6809 is 
controlled by an onboard 8-bit control register. Each bit of 
the control register controls a particular board function. 
Each of these bits is turned off or on by writing $80 or $00 
to an address from $C080 + nO to $C087 + nO, where n is 
the number of the slot into which the 6809 board is 
inserted. By writing to the appropriate address, the 6502 
or 6809 can be enabled or disabled. 

When the Apple II is switched on, the 6502 is enabled 
and the 6809 disabled. A short program was written in 
BASlC tO set up the starting address of the 6809 program in 
the Apple II memory and to activate the 6809. When the 
BASlC program is run, it executes the 6809 program which 
runs concurrently with the 6502. 

DIGITAL DELAY SOFTWARE 

The basic principle of the machine code program used to 
accomplish digital delay using the analogue I IO board is 

very simple. All that is needed is to load the digital samples 
into a contiguous block of memory. For example, the 
address range from $6000 to $61FF will give 512 
contiguous addresses. The samples from the AD574 are 
stored first in $6000 and $6001 (with 2 byte for each 
sample) then in $6002 and $6003, and so on until $61 FE 
and $61 FF are reached. The next sample goes back to the 
beginning of the block at $6000 and $6001 and the whole 
cycle is repeated. The outgoing digital samples are 
retrieved from the memory block and fed to the AD565 in 
a similar manner. 

The length of the time delay depends on two factors: 
the length of the memory block and the point relative to 
the incoming samples at which the outgoing samples are 
retrieved. For a given block length, the longest possible 
delay is obtained when the outgoing samples are 
retrieved from addresses immediately ahead of the 
incoming samples. This is accomplished in the delay 
programs by initially setting the pointer for the incoming 
samples at $6000 and that for the outgoing samples at 
$6002. 

It is of course possible to accomplish the time delay 
with an 8-bit microprocessor machine code program 
Figure 2 shows a program which was written for the Apple 
ll's own 6502. The program assumes that the analogue 
I/O board is in slot 3. PIA I occupies the addresses $C0B0- 
$COB3 and PIA 2 occupies $COB4-$COBT. The PIA initial- 
ization routine sets CA2 of PIA I as an output so that it can 
initiate the A/D conversion through the R/C input of the 
AD574. Port A of PIA I is configured for input handshaking. 
The AD574 requires a maximum of 35 ~Js for the 

SOURCE FILE: DELAY(,5 
. . . . .  NEXT OBJECT FILE NAME IS 

400(! : 1 
4i)i-~0:A9 00 .:! 

4002:8D B2 C0 

4C,05:8D B3 C0 4 

4008:8D BO C0 5 

400B:8D B1 C0 6 

400E:SD B6 C0 7 
4c i 1 : 8D B7 CO 8 

4014:A9 FF 9 
4!-~16:8D B4 CO I' 

4019:8D B5 C0 ii 
401C: A9 24 12 

401E:8D B2 C0 13 
4021 :A9 04 14 
4023:8D B3 CO 15 

402&:SD B6 C0 I~ 
4029:8D B7 rio 17 

402C: A2 ~-~! ~ 8 

402E: AO (-')2 19 
4030:AD BO CO 2 0  

4A33:9D 00 60 21 

4036:AD B1 C0 ~'?~' 
4039:9D 01 60 ~.J~-" 

4_~3C:B q' ~]0 60 24 
403F:8D B4 C(~ 25 
4042:B9 !Z)l 60 26 

4045:8D B5 C0 27 

4C)48 : E8 28 

~- - 49 : E8 2 c~ 
404A: C8 31) 

404B: C8 31 

404C:4C 30 40 32 

LOOP 

DELAY 05.0 B,! (! 
ORG $400(-~ 6502 TIME DELAY E'ROGFA~ T 

LDA #$01- '~ !A ~r~T [ALI ZATION 

STA $COB2 

STA $C}B Z~ 
STA $COBO DEFINE ~ ' i A  INPUT PORTS 

STA $COB 1 

STA $COB6 

STA $COB7 
LDA #$PF 
STA $CI-~B4 DEFINE F!A oUT:'Ui- FOR! ~- 

STA $CIZiB5 
LDA #$24 MAS~ P~A iN:ERRU~-~T 

STA $C(B2 

LDA #$,-,4 
STA $COB3 
STA $COB6 

STA $COB? 
LDX #$00 x REG FO/NTS t O  INPUt ADDRE[-b 

LDY #$(;2 'f PEG F'OINTS TO OUTPUT ADDRE~- 

LDA $C()BO STQRT OF DELA v LOOP-" !NF:LT _DIJ ~ TE 

SfA $60,:_-!, i, X 
LDA $COB! !NPbT HIGH BYTE 

STA $6001 , x 

LDA $6©00, v 

STA $COB4 OLJTPUI LOW BYTE 

I~DA $6001 , Y 
STA $COB5 CiJTPUT HIGI4 BYTE 

IN× 
!NX 

INY 
INY 
JMF' LOOP REPEAT LOOP 

*** SUCCESSFUL ASSEMBLY: NO ERRORS 

Figure 2. Time delay program for 6502 
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conversion. The delay loop takes 45 clock cyc les -  
43.99 ps at a clock rate of 1.023 M H z - -  so there is no 
necessity to pad the loops with extra cycles or to interru pt 
the 6502 to initiate the input of a new sample from the 
AD574. Hence the PIA interrupt output to the 6502 is 
masked. 

With a loop delay of 43.99 ~s the sampling rate is 
22.73 kbaud, and hence the highest audio frequency 
which the time delay can handle is 11.37 kHz. The time 
delay depends on the length of the memory block. In the 
present system the block length is maximized usingthe 8- 
bit index registers (i.e. 256 byte or 128 12-bit samples), 
and hence the maximum time delay is 5.63 ms. 

The lack of 16-bit index registers makes programs for 
longer time delays very cumbersome. The indirect 
addressing modes of the 6502 have to be used, leading to 
rather long sampling routines and hence long loop times, 
giving slower sampling rates. The 6800 microprocessor 
would have provided a 16-bit index register, but two 
index registers are needed for the indexing of the input 
and output addresses in the memory block. 

Using the 6809, which is capable of 16-bit operations 
but has an 8-bit data bus, instead of the 6502 resulted in a 
significant improvement to the time delay program. The 
6809 has two 8-bit accumulators which can be combined 
as one 16-bit accumulator, known as the D accumulator. 
Thus several 16-bit operations, including 16-bit load and 
store operations, can be performed. With an 8-bit data 
path a 16-bit load or store operation needs to transfer the 

16-bit data in two 8-bit steps, but this is transparent to the 
user. The 6809 also has two 16-bit index registers (the X 
and Y registers), which considerably simplify the indexing 
of the input and output memory addresses for the delay 
samples. 

Figure 3 shows a time delay program written in 6809 
machine code. PIA initialization is similar to that in the 
6502 program. The X and Y index registers are initially 
loaded with $6000 and $6002 respectively. The delay 
loop routine is now shorter and occupies only 35 clock 
cycles. When the end of the block is reached, a special 
end-of-block routine performs the sample processing 
and returns the index register addresses to the beginning 
of the block. This end-of-block housekeeping routine also 
takes 35 clock cycles, so that the transition from the end 
of the block to the beginning is smooth and does not 
result in a sampling 'hiccup'. The loop delay is 34.21 lus, 
giving a sampling rate of 29.23 kbaud and a maximum 
audio frequency of 14.61 kHz. As the nominal conversion 
time for the AD574 is 25 ius, this means that it is working 
quite close to its specified maximum performance. 

Unlike the 6502 program, the memory block can be 
longer than 256 byte, giving longer delay times. In the 
6809 program given in Figure 3, the block length is 
512 byte or 256 12-bit samples, giving a time delay of 
8.76 ms. Figure 4 shows a pulse modulated 4 kHz sine 
wave and its delayed output. The measured delay is 
about 8.7 ms. The time delay can of course be extended 
to much longer lengths, being limited only by the amount 

~'l ~li,~i O ~ G  '$ 2 0 I :  }('  

: , ~ ,  . . . .  i-F 3 T A R T  CL R A  

L I I1 ' ~ F CLRU 

. ' , , 2  k D E , ) E 2  STD $Ci]B2 

), 2 : DC~ B,', STD ~COB6 

Z'  ' , ' ~  E 6 F F  LDA #$FF 

, ' I I~' L , u F F  LDB #$FF 

" IF  ~ t2,C, ' B i  S T D  $ Z:,- !D4 

:,I:2 'd'~24 LDA #$24 

2, i 4  f ~ , : , 4  i . D B  # $ c i 4  

£ " ! 0  E'C, 'B.? ~ T D  $ C ' ) D 2  

Z ~ I g U,:bO,I LDA #$i-)4 

Z " i E  ! 6 ' l  L D b  #$¢,4 
. / i  i ~ Ci ~ D C !  ' B "  S T D  $ C ( I ) B &  

r 6 . ' i ~  I F 6 , "  i, L D X  # $ 6  -~"- ' '  

,J ~ iL 7 i ~iSE 5i!,>2 L D r '  #$6 !l!L' 

l ~. ' = F [ . ' C { ' B  [ I  LOOF L D D  $COD! 

i L : ,C  E [ A :  L D D , ~ , * +  

L '  ?E  ; D : ! I B , 1  S T E :  ~ C I > 4  

" i  F: , 6 i F /  C M F x  #T>6 ! F ~ 

- , " 4  7 : ]F-  1 F;~ @ ~ ] O F  
' " ' ~  ~'i i i , l M i ,  { D[7:' dlE'L,iT:L~ [' 

- ' : - 9  L D:~ a S1 L ,  >: 
' ] B C E ~lJ l  l '  L D : '  #~- ~,' ' 

- : E  i ( , ' 9 E ~ , , , - ~  L r :~  ~ $ : . , . ) ,  

'L~ 4 F i .i , ' D , ;  5 [ $ - ,  : . q  

,a :" ' [ H  E F ~ A  l iC l 

i i: . . . .  E : ~  T A , r 

: , P B I ' L  ~] , P TAB! F : 

r,M,~ i 7 A ~ !  N D :  . H , F  9 

68~,9 T iME DELAY PREiGRAH 

F'iA INITIAL IZAr!DN 

DEF I NE P I A I NF'UF = ' O R T S  

DEFINE FIA OUTFUT PO-;T-, 

MASk F']A !NTEmtFUF'T 

STA~'TING ACDRESS OF MEMF~RY' Bi ]C! 

REG PDINT-j TO - ) L T F ' L I [  ADDREES 

STAR T Ok [:El A'T I :)OF: INF'U] TW(] P, ~ F  

oLJ r F k  J ~ W  ~ T T E ~  

E N D  ! ' F  M E M O R Y  B Li~.P 

N u ,  R E  N.f ,RH ." 3 L L D F  

~ E S .  D O  F N D  UF R! ~Er F i L C i ~ , ~ E k  - I N  ' 

<.r T , r . - j  ~ ~ ~ H :¢ 

: i ,~  r : ' l r r 4  : E: ;g"  f}F--' :3 , F .~ [ i : L " 

Figure 3. Time delay program for 6809 
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m®b 

Figure 4. Time delayed pulse modulated 4 kHz sine 
wave: upper band is original wave (2 V cm- ~); lower band 
is delayed wave (5 V cm-~); time base is 2.08 ms cm -~ 

of free memory in the Apple II. For example, a 12 kbyte 
memory block would give a time delay of very nearly 
420 ms which, together with the audio frequency range 
of over 14 kHz, makes the system perfectly adequate for a 
wide range of audio processing applications. 

The delay program could be slightly modified so that 
the CMPX register instruction which tests for the end of 
the block could be changed from the immediate 
addressing mode to refer to a location which contains the 
block size. In this way, the block size and hence the delay 
time could be altered under program control, possibly by 
the 6502, which has concurrent access to the Apple II 
memory. (This could be extremely useful in situations 
where the delay time has to change rapidly in accordance 
with experimental conditions.) 

In most cases 12-bit audio sampie~ will give sufficiently 
good resolution. The signal-to-noise ratio from 12-bit 
digitization is about 72 dB, which is perfectly adequate for 
most applications. If 16-bit resolution is required, the 
same circuit design can be used with only a change in the 
A/D and D/A converters. The sampling rate would remain 
the same as for the 12-bit case, since the 6809 is already in 
effect taking 16-bit samples. 

In its standalone mode the AD574 facilitates the input 
of audio samples using the 6809 interrupt. This may be 
necessary in a situation where the sampling rate is faster 
than the A/D converter's conversion time. By using the 
6809's SYNC instruction 6, the 6809 can be made to wait 
for an end-of-conversion signal from the STS pin of the 
AD574. Figure 5 shows such a program, which stores 100 
16-bit samples from the AD574 in the Apple II memory. 
During PIA initialization the PIA interrupt is enabled. The 
sampling routine takes 25 clock cycles, which may be 
faster than the conversion rate in certain circumstances 
(The specified conversion rate for the AD574 is 15-35 ps.) 

To initiate the 6809 interrupt properly, the 6809 
coprocessor board had to be modified slightly. The 6809 
II~Q line is fed by the output of one of the bits of the 
onboard control register described earlier. To enable the 
SYNC instruction to respond to an incoming interrupt 
request, the ~ line from the Apple II bus was directly 
connected to the 6809's IRQ pin. This enables the 6809 to 
respond to the AD574 end-of-conversion signal through 
the STS and CA1 lines and thus to transfer the 16-bii 
samples to the Apple II memory. Strictly speaking, for the 
program to work properly, the loop routine delay should 
always be less then the A/D conversion time. 

CONCLUSIONS 

A programmable 12-bit audio time delay system usingthe 
6809 for the audio processing has been successfully 
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Figure 5. Data sampling program for 6809 
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demonstrated. The 6809 was able to handle the audio 
throughput at a rate sufficient for high-quality audio 
applications. The system could be used for 16-bit 
processing with only a change in the A/D and D/A 
(onverters from 12 bit to 16 bit. The system could be 
further improved by using a more powerful micro- 
processor such as the 68008. Further work using a 68008 
(opro(essor is currently under way. 
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