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T he Motorola DSP56000 is a high-performance, user-
programmable digital signal processor implemented

T in high-density, low-power C-MOS technology. The
first member of a new family of special-purpose micropro-
cessors designed specifically for digital signal processing ap-
plications, 1,2 it has a highly parallel architecture and can
execute 10.25 million instructions per second. Its instruction
set supports the real-time processing of 24-bit data with 56
bits of internal arithmetic precision. Combining a core pro-
cessor, RAM, ROM, peripheral interfaces, and a memory
expansion interface on a single, 88-pin chip, the DSP56000
represents the state of the art in digital signal processor
design.
Though the DSP56000 has hardware and software

features specifically added to support digital signal process-
ing, it shares enough similarities with other Motorola
microprocessors and single-chip microcomputers that it can
be used as a very fast microprocessor in any application that
requires high-speed calculations or real-time response. For
example, it can be used as a controller in applications
previously served by bit-slice processors. Providing both
single-chip and expanded bus operation, it also fits many
applications beyond the capabilities of 8- and 16-bit
microcontrollers.

The digital signal processing
environment

Digital signal processing is concerned with the real-time
processing of digitized analog signals, which are discrete in

both amplitude and time. 3 To illustrate the environment of
a typical DSP system, I will consider a simple digital filter-
ing application (Figure 1). The system shown is intended to
filter an analog signal using digital means. The system starts
with an analog input signal x(t), which is converted to a
sampled digital signal x(n) by an analog-to-digital, or A/D,
converter. As long as the system samples the analog input at
a frequencyfs that is at least twice the information band-
width of that input, all information present in the original
analog signal is contained in the digital signal. No signal in-
formation is lost. However, the quality of the conversion to
a discrete amplitude signal introduces quantization noise
into the system. The sampled digital signal-that is, its
signal-to-quantization-noise ratio, or SQNR-is a function
of the A/D converter's accuracy. Choosing the resolution
(number of bits) and linearity of the A/D converter is a
trade-off between cost and the SQNR requirements of the
system. 4

Once the system has obtained a faithful digital represen-
tation of the analog signal, it can filter that representation
in the digital signal processor. The digital signal processor
stores the current A/D sample and N- I previous samples
in a sample shift register. The DSP56000, however, stores
this data in a RAM and simulates the shift register function
by modifying memory address pointers. The set ofN filter
coefficients h(Q), i = 0, 1, . . . , N- 1, must also be stored
in a RAM or ROM; these coefficients determine the impulse
response and the filter characteristics. A larger N gives a
longer impulse response and generally produces filters with
sharper roll-off, greater stopband attenuation, and less fre-
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THE .DsP56000

quency ripple. It does so at the expense of more calculations
per output sample and more storage for sample data and
coefficients. Since the order N of the filter is finite and no
feedback path exists to sustain a nonzero filter output given
a zero input, the filter is called an Nth order, finite impulse
response, or FIR, digital filter. The FIR filtering operation
requires N multiplies and N- 1 additions to compute an
output y(n) each time the input signal is sampled. This
operation is the kernel of digital signal processing algo-
rithms. The DSP56000 contains a parallel hardware multi-
ply/accumulate circuit that completes this operation in 97.5
ns. Repeated use of the multiply/accumulate operation pro-
duces a sum-of-products result, which is the FIR filter out-
put y(n). This output is converted to an analog signal y(t) by
a digital-to-analog, or D/A, converter. The analog output
y(t) is now a filtered version of the analog input x(t).

The operation of the system shown in Figure 1 is
straightforward. A sample is taken, a filter calculation is
performed, and a filter output is sent to the D/A converter.
The data samples are then time-shifted (delayed) by one
sampling period and the operations are repeated in the next
sampling period. A large amount of data must be stored,
processed, and time-shifted during each sampling period. In
practice, digital signal processing systems can be much more
complex than this simple example. However, the example
shows what characterizes every digital signal processing en-

vironment-multiply/accumulates, time shifts, and in-
put/output in real time.

DSP advantages. The primary advantage of digital signal
processing is that it transforms analog functions into digital
hardware. It extends the advantages of digital circuitry-
high density, precision, stability, and testability-to those
parts of systems previously served by analog components.
Digital signal processing also transforms analog functions in
hardware into digital signal processing algorithms. Tradi-
tional analog functions such as filters are replaced by their
digital equivalents in software form. Software is inherently
flexible and thus is better suited to complex systems. Finally,
digital signal processing implements applications that analog
signal processing cannot. It makes possible digital speech
transmission, storage, and synthesis for communications
systems, for example. 5

DSP limitations. DSP users cite the inability of existing
devices to provide high processing speed and large memory
sizes as one of the most frequent system limitations. Some
DSP applications involve sampling rates of up to 100 MHz
and can require hundreds of millions of multiply/accumu-
lates per second. Another problem exists as well. Because
DSP is a new discipline, engineers are not familiar with it
and require training and experience in it. To apply digital
signal processing techniques, they must rethink traditional
product development approaches.

Figure 1. A simple digital filtering system.
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DSP56000 features
The DSP56000 incorporates many new features designed

to overcome the limitations of earlier DSP devices. It ad-
vances the state of the art in three areas-speed, precision,
and integration.

Speed. Invariably, DSP users identify processor speed and
system performance in a real-time, I/O-intensive environ-
ment as the most important factors in their designs. The
speed with which a digital signal processor can execute DSP
algorithms is critical to the realization of real-time opera-
tion. The DSP56000 achieves 10.25 MIPS and 10.25 million
multiplies and accumulates per second, record highs for its
class of device. It executes many DSP benchmarks two to
four times faster than other recently announced DSP
devices. 6-8 To achieve this performance, the DSP56000's
designers developed a unique multiplier/accumulator ALU
and a multiple-bus architecture. They also designed the in-
struction set and interrupt structure to minimize software
overhead in real-time systems.

Precision. The DSP56000 provides the greater data preci-
sion needed for advanced digital signal processing applica-
tions. Users often ask for more than 16-bit data, since they
often employ double-precision arithmetic, data scaling, and
overflow checks to maintain 16-bit precision. Yet many
users do not need the dynamic range of 32-bit floating-point
arithmetic, since the majority of data converters they use
are 16 bits or less. Hence, the DSP56000's designers selected
a 24-bit fixed-point data format, which provides 24-bit
precision without sacrificing system speed or silicon. The
24-bit data word provides 144 dB of external dynamic
range, sufficient for most real-world applications. The
designers also chose 56-bit accumulators internal to the data
ALU to provide 336 dB of internal dynamic range. With
56-bit accumulation, no precision is lost during intermediate
calculations. Twenty-four-bit precision provides eight bits
of margin against overflow, round-off, and truncation er-
rors when 16-bit data are being processed and eliminates the
need for extra processing steps to maintain maximum preci-
sion. The larger data size maximizes speed by allowing all
calculations to be performed in single-precision fashion.

Integration. A typical DSP system such as that shown in
Figure 1 contains two independent data memories (one for
data samples and one for coefficients), a separate program
memory, and a parallel or serial interface to peripheral
devices such as A/D and D/A converters. Anticipating such
system needs, the DSP56000 includes five on-chip
memories, three on-chip peripherals, and a full-speed
memory expansion port. Putting ample memory and
peripheral resources on the chip maximizes speed and
minimizes system chip count. By integrating the elements of
a DSP system in a single CMOS chip, the DSP56000 pro-
vides a cost-effective solution to DSP users. Many DSP
systems incorporate host microprocessors and additional
DSP ICs, memory, and peripherals. By providing both
parallel and serial input/output capability in an 88-pin
package, the DSP56000 supports such expanded systems.

DSP56000 architecture
A block diagram of the DSP56000 architecture is shown

in Figure 2. The architecture consists of a core processor
that executes the DSP56000 instruction set and other on-
chip resources such as memory and peripherals that provide
storage and I/O capability to the core processor. On-chip
memory and peripherals are not considered part of the core
and may vary from one device family member to another.
The chip's pins interface both the core processor and on-
chip peripherals to external devices.

Core processor. The core processor consists of three
separate execution units-the data ALU, the address ALU,
and the program controller-connected by multiple buses.
These units operate in a parallel rather than in a pipelined
fashion; i.e., each execution unit works on the same instruc-
tion at the same time. This is in contrast to heavily pipelined
processors, which work on a large number of different in-
structions at the same time. 9,10 Working in parallel to
minimize latency, the three execution units provide all the
resources the DSP56000 needs to execute instructions in a
single instruction cycle. Here, I define an instruction cycle
as two clock cycles; thus, an instruction cycle is 97.5 ns with
a 20.5-MHz processor clock. Each execution unit is itself
single-cycle and nonpipelined. The architecture of each exe-
cution unit is different, being optimized to support its role
in instruction execution. Each unit contains a set of regis-
ters, arithmetic elements, and executable operations. These
operations are register-oriented rather than memory-
oriented. Each execution unit operates on its own local
registers-source operands are read from registers within
the execution unit and modified by arithmetic element
operations, and the results are stored in registers within the
same execution unit. Data transfers between execution units
or between execution units and memory occur in parallel
with internal execution unit operations. The single-cycle,
register-oriented execution units are key to DSP56000 per-
formance because they do not impose pipelining latency re-
strictions on the user.

Programming model
The DSP56000 user programming model is shown in

Figure 3. It provides numerous register resources that are
partitioned into the three execution units of the processor.
The instruction set is designed to allow flexible control of
these parallel processing resources. Many instructions allow
the programmer to keep each execution unit busy, thus
enhancing program execution speed. The user can easily
program the DSP56000 from the programming model
without needing to refer to a complicated hardware block
diagram. Providing this capability to the user is a significant
achievement, since typical DSP IC programming resembles
writing microcode for a bit-slice architecture. With a typical
DSP IC, the user is often burdened with difficult program-
ming resulting from the timing complexities of pipelined
data paths. The DSP56000 takes a different approach.
Because of its nonpipelined execution units, timing com-
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Figure 2. DSP56000 block diagram.

plexity is hidden from the user. No microcode is required
and a conventional programming model, instruction set,
and addressing mode definition can be used. Thus,
DSP56000 programming resembles assembly language pro-
gramming. The regularity of the programming model also
makes possible high-level-language programming of the
DSP56000.
The status register (SR) format is shown in Figure 4. The

condition code register (CCR) portion indicates the results
of operations on data operands. The mode register (MR)
portion contains information about the system state of the
processor.

The instruction set defines three separate memory spaces,
x data, y data, and p program, which are each 65,536 loca-
tions by 24 bits wide. The total addressing capability is
196,608 24-bit words, or 589,824 bytes. All three memory
spaces can be accessed in parallel in the same instruction cy-
cle. The memory maps of these spaces are shown in Figure 5
for the normal expanded operating mode. (One obtains
other memory maps by changing the operating mode
register, OMR.) Noncore resources (memory and peripher-
als) are memory-mapped into these memory spaces to pro-
vide a clean hardware and software interface with the core
processor.
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Figure 4. DSP56000
status register.

Data ALU
The data ALU execution unit performs arithmetic and

logical operations on data operands. It consists of 10 local
registers, two shifter/limiter blocks, an accumulator shifter,
and a multifunction multiplier/accumulator (MAC) ALU
that has two 56-bit inputs and one 56-bit output. II The two
56-bit inputs can be used for operations such- as addition,
subtraction, and comparison on 24-, 48-, or 56-bit numbers.
During multiply and mnultiply/accumrulate operations, one

of the 56-bit inputs serves as the accumulator input while
the other 56-bit input is reconfigured as a 24-bit multipli-
cand and 24-bit multiplier input. The MAC ALU contains a

24 x 24-bit parallel hardware multiplier/accumulator cir-

cuit that provides 56-bit accumulation. The MAC ALU is
not pipelined and performs all operations in a single 97.5-ns
instruction cycle. This is in contrast to common two-stage
pipelined architectures employing a multiplier separated
from an adder by a product pipeline register. The product
pipeline register adds an extra cycle of delay before the
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Figure 5. DSP56000
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multiplier output is available. Since the MAC ALU has no

product pipeline register, it exhibits no delay and executes
many algorithms faster.
The data ALU has four 24-bit general-purpose input

registers and six special output registers organized as two

56-bit (8 + 24 + 24-bit) accumulators. The input registers can
be read or written as 24- or 48-bit data. The two 56-bit ac-
cumulator registers can be accessed in numerous ways as
24-, 48-, or 56-bit data. The MAC ALU output is always
stored in an accumulator register. Data ALU operations
support several different levels of precision, as indicated in
Figure 6. Word operands are 24 bits long, long word
operands are 48 bits long, and accumulator operands are 56
bits long. The MAC ALU supports the signed, two's-com-
plement fractional data representation commonly used in
digital signal processing algorithms. Fractional data, d, has
a range of - 1.0 c d < + 1.0 and is identical to signed in-
teger data except for the placement of the binary radix
point. In practice, fractional and integer arithmetic are
equivalent for all operations except multiply and divide. An
integer multiplication product can be formed by a one-bit
right shift of a fractional product, for example.
The data ALU provides the standard microprocessor set

of logical and shifting operations to support a variety of
algorithms. Logical operations are performed in the MAC
ALU. A 56-bit accumulator shifter is included on one of the
56-bit MAC ALU inputs for one-bit left or right shifts. The
data ALU does not contain a barrel shifter, but the MAC
ALU can be used for multibit shifting operations. By
multiplying the 24-bit data by a constant or variable, the
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MAC ALU can perform left or right shifts of from I to 23
bits in a single instruction. The left-shifted result is available
in the least significant portion of the accumulator and the
right-shifted result is available in the most significant por-
tion of the accumulator. This method is efficiently used by
the instruction set to provide data normalization and denor-
malization as well as bit-field insertion and extraction.

Accumulator extension. The 56-bit accumulators store a
complete 48-bit multiplication product plus eight bits of in-
teger data called an accumulator extension. The extension
portion of the 56-bit accumulator provides eight bits of pro-
tection against overflow during intermediate calculations
and allows at least 256 repetitive multiply/accumulate
operations before an overflow can occur. The extension bits
eliminate the need to scale down the input data to avoid ac-
cumulator overflows arising from word growth in repetitive
calculations. This is true because the fractional product, p,
has a range of -1.0 c p < + 1.0 and the 56-bit ac-
cumulator, a, has a range of - 256.0 c a < + 256.0.

When word or long word data are written to an ac-
cumulator register, the programmer may sign-extend its ex-
tension portion and zero its least significant portion to form
a valid 56-bit signed number. When 56-bit accumulator data
are read out of the data ALU, the programmer may post-
process the data by enabling two special shifter/limiter cir-
cuits located between the accumulator registers and the data
ALU outputs. In operation, a copy of the accumulator data
is shifted left or right one bit if it has been enabled by the
scaling mode bits in the status register. This allows block
floating-point algorithms to be implemented for fast Fourier
transforms and matrix manipulation. After shifting, the
data are passed through an overflow protection circuit called
a limiter. If the accumulator data can be stored in the
destination without overflow, the limiter is disabled and the
data are not modified. If the accumulator data cannot be
stored in the destination without overflow (because the ex-
tension portion of the accumulator is in use), the limiter is
enabled and substitutes the maximum data value (having the
same sign) that the destination can store without overflow.
This technique, called saturation arithmetic, minimizes the
overflow error by avoiding the sign change usually asso-
ciated with binary overflow.

Rounding. For many DSP algorithms, single-precision
(24-bit) data ALU results are needed to minimize data
storage requirements or to provide data for subsequent use
as a multiplier input. Rounding the least significant portion
of the accumulator into the most significant portion is bet-
ter than truncation for maintaining maximum precision and
avoiding introduction of a negative bias error. The
DSP56000 provides "round to nearest even," or RN,
rounding, which is performed during multiply and round
(MPYR), multiply/accumulate and round (MACR), and
round (RND) instructions.

Address ALU
The address ALU execution unit calculates addresses to

locate data operands in memory. Two multiply/accumulate
input operands are typically required by the data ALU at
each instruction cycle. Data ALU results must be stored at a
less frequent rate. The address ALU provides a flexible ad-
dressing capability through a large address register set, 14
addressing modes, and three types of address arithmetic. It
consists of twenty-four 16-bit address registers, two 16-bit
address arithmetic units, and an address output multiplexer.
The address ALU can provide two independent memory ad-
dresses at each instruction cycle and update them with two
address register indirect addressing modes. A summary of
the addressing modes and their assembler syntax is given in
Table 1.
The 24 address registers are organized into three sets of

eight registers. The eight address registers Rn (n = 0 to 7)
are used as address pointers to locate data operands in
memory. The eight offset registers Nn are used as optional
offset values to update the address registers. The offset
registers may contain signed or unsigned data. The eight
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modifier registers Mn select the type of address arithmetic
to be performed when an address register Rn is to be up-
dated. As shown in Table 2, the contents of the modifier
registers are encoded to select the type of address
arithmetic-linear, modulo, or reverse carry. The type of
address arithmetic defines the type of data structure (array,
sample shift register, or queue) being accessed in memory.
Each address register Rn is assigned an offset register Nn
and a modifier register Mn having the same register number
for use in address calculations. For example, the address
calculation (RO) + NO postincrements the contents of ad-
dress register RO by the contents of offset register NO using
:he type of address arithmetic specified by the contents of
modifier register MO.
The address ALU output multiplexer allows any address

register Rn to be used as a pointer to any memory space.
This must be done so that pointers will not be duplicated in
multiple registers when multiple memory spaces are ac-
cessed. For example, complex data pairs are typically stored
in two data memory spaces (real part in x memory and
imaginary part in y memory) at the same address. Efficient
access to complex data pairs requires each pointer to be able
to access both the x and y data memory spaces.

Address modifiers. During an address calculation, a set
of three registers Rn, Nn, and Mn are accessed by the ap-
propriate address arithmetic unit. The contents of the
selected modifier register are decoded by the address
arithmetic unit so it can determine the type of address
arithmetic it should perform on the selected address pointer
Rn. To understand the role of the address modifiers in
creating data structures in memory, consider the examples
of eight-bit address arithmetic shown in Figure 7.

The linear address modifier example is identical to con-
ventional microprocessor address calculations, in which ad-
dress updating is performed by a conventional adder. The
example shows the postincrement by the offset Nn address-
ing mode, where the offset register contains the value 5.
Linear addressing is most useful for addressing arrays of
data.
The reverse-carry address modifier example is performed

through the propagation of the adder carry in the reverse
direction, i.e., from the most significant bit to the least
significant bit of the adder. A characteristic of typical fast
Fourier transform algorithms is that the data and coeffi-
cients may be stored in a nonsequential order called bit-
reversed order. Reverse-carry addressing can calculate bit-
reversed addresses for sequential access of FFT data and
coefficients. For a 2k-point FFT, a postincrement by 2k- I

using reverse-carry address arithmetic will generate the bit-
reversed address sequence. The example shown generates
the bit-reversed address sequence for a 16-point FFT buffer
starting at address 64. Reverse-carry addressing is equivalent
to doing bit-reversed addressing with simpler hardware.
The modulo address modifier example creates a circular

(modulo) address region in memory with a lower boundary
and an upper boundary. Modulo arithmetic keeps the ad-
dress register pointing to a location within the modulo
region by automatic wraparound if the pointer increments
or decrements out of the modulo region. The modulo size-
i.e., the length of the modulo region-is specified by the
contents of the modifier register plus one. (The size is 20 in
the example.) The modulo size can be any number from 2
to 32768. The lower-boundary address and upper-boundary
address of the modulo region need not be directly specified,
since the modulo size implicitly defines all possible modulo
region boundaries. The lower-boundary address must have
as many least significant zeroes as the modifier value has
significant bits (five bits for Mn = 19). For example, a
modulo region of size 20 (Mn = 19) can have a lower-
boundary address at any integer multiple of 32 (0, 32, 64,
96, 128, 160, and so on). The upper-boundary address is the
lower-boundary address plus the modulo size minus one.
One of the possible modulo regions is selected implicitly by
loading the address register Rn pointing to a location within
a valid modulo region. (RO = 75 selects the modulo region
from 64 to 83 in the example.) Modulo address arithmetic
simulates a shift register in memory by simply updating an
address pointer and eliminates the need to move data to per-
form time-shift functions. Modulo address modifiers can
create FIFO queues, delay lines, and sample shift registers
in memory. They are also useful for interpolating and
decimating filters and for generating periodic waveforms.

Program controller
The program controller execution unit performs instruc-

tion flow control, instruction decoding, and exception pro-
cessing. It consists of a program address generator, or PAG,
an instruction decoder, an interrupt controller, and a bus
controller. The PAG is nonpipelined and calculates a new
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Figure 7. DSP56000 address
arithmetic (8-bit examples).

instruction address every instruction cycle. Instruction
prefetching is used to form a two-stage instruction pipeline
having the basic timing shown in Table 3. One instruction
cycle is used for the fetch operation, one for the decode
operation, and one for the execute operation. During nor-

mal instruction execution, the PAG is responsible for fetch-
ing the instruction word two locations ahead of the current-
ly executing instruction. The instruction fetch and decode
operations overlap with instruction execution and take no
execution time, with the exception of change-of-flow in-
structions and possibly PAG bus accesses. Change-of-flow
instructions must fetch two instruction words to refill the in-
struction pipe. The PAG may not have immediate access to
on-chip program memory if the currently executing instruc-
tion is accessing a data operand in on-chip program

memory. The PAG may also introduce wait states during ex-

ternal instruction fetches because of slow off-chip program
memory or because the currently executing instruction is
using the memory expansion port. During a resource con-

flict, instruction fetches have lower priority than data ac-

cesses, since the currently executing instruction has the
highest priority for use of chip resources.

Hardware DO loops. Many DSP programs spend 90 per-
cent of the time executing in 10 percent of the program
code. Digital filtering routines usually consist of a small

code kernel that is executed many times. The DSP56000

provides hardware DO loop control to replace the software

"decrement counter and branch" instruction normally

associated with DO loops. Straight-line coding is not needed
to maximize speed since compact, looped code runs at the
same speed as straight-line code. When executing DO loops,
the DSP56000 eliminates the usual change-of-flow overhead
by modifying the PAG instruction fetch sequence. It initi-
ates a hardware DO loop by executing the DO instruction.
The hardware DO loop mechanism stores the loop count
(LC), loop starting address, and loop ending address (LA)
in special registers and processes them in parallel with the
executing program. Inside the DO loop, the instruction
fetch address is compared to the loop ending address. When
the end of the loop is detected, the loop count is tested for
one. If the loop count is not one, it is decremented and the
instruction word at the loop starting address is fetched. If
the loop count is one, the DO loop execution is complete
and normal sequential instruction fetches resume. The sav-

ing and restoring of the previous hardware DO loop
registers on a stack makes it possible to nest hardware DO
loops with minimal overhead. A separate system stack is
used to minimize overhead during nested hardware DO
loops and multilevel interrupts. This hardware stack is 32
bits wide and 15 locations deep. The double width allows
two registers to be transferred to/from the system stack
every instruction cycle. One can extend the system stack to
any depth by moving the stack data to/from memory using
software stacking techniques.

Exception processing. Exception processing in a DSP en-

vironment is primarily associated with the transfer of data

December 1986

Linear address modifier
90

M0 = 255 = 1111 1111 for linear addressing with R.
85

Original registers: NO = 5, RO = 75= 01001011

Postincrement by offset NO: RO = 80 = 0101 0000 80

Postincrement by offset NO: RO = 85 = 0101 0101 RO - - 75

Postincrement by offset NO: RO = 90 = 0101 1010

Reverse-carry address modifier
v.- 76

MO = 0 = 0000 0000 for reverse-carry addressing with Rb.
72

Original registers: NO = 8, RO = 64 = 0100 0000
68

Postincrement by offset NO: RO = 72 = 0100 1000
RO04 64

Postincrement by offset NO: RO = 68 = 0100 0100

Postincrement by offset NO: RO = 76 = 0100 1100 Upper
boundary

Modulo address modifier 83

MO = 19 = 0001 0011 for modulo 20 addressing with RO. 80

C.iginal registers: NO = 5, RO = 75 = 0100 1011 RO = 75

Postincrement by offset NO: RO = 80 = 0101 0000 70

Postincrement by offset NO: RO = 65 = 0100 0001 L 65

Postincrement by offset NO: RO = 70 - 0100 0110 Lower 64

boundary
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between processor memory or registers and a peripheral
device. When an interrupt occurs, a limited context switch
must be performed with minimum overhead. Saving all of
the machine state is too time consuming and usually not
necessary. The DSP56000 provides a sophisticated interrupt
structure which reduces the timing overhead associated with
servicing interrupts. Each peripheral device and external in-
terrupt pin may be programmed to one of three interrupt
priority levels (IPLs) so that time-critical interrupts are
always serviced first. When more than one interrupt is
pending within the same IPL, a fixed priority table deter-

mines the secondary priority level within that IPL. Most on-
chip peripherals have separate interrupt vectors for each in-
terrupting condition so the cause of the interrupt will be
known before the interrupt service routine is entered. There
is no need to poll devices or test status bits to determine the
interrupting condition. An interrupt vector may be error-
free or not error-free. If it is error-free, no error conditions
are associated with the interrupt request, and a data transfer
can service the request immediately without checking error
flags. If the interrupt vector is not error-free, error condi-
tions are associated with the interrupt request, and the inter-
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rupt service routine must first check the error flags. As can
be seen from Table 4, 18 out of 32 possible interrupt vectors
are used. The two external interrupt pins, IRQA and IRQB,
may be programmed as level-sensitive or negative-edge
triggered.
The timing of the interrupt controller is shown in Table 3.

First, the interrupt controller synchronizes and prioritizes
pending interrupts to determine the highest-priority, un-
masked interrupt request. Second, the instruction fetch
stream is temporarily redirected to fetch two interrupt in-
struction words (ivl and iv2) at the interrupt vector ad-
dresses. The two interrupt instruction words at the interrupt
vector addresses are fetched into the instruction pipeline
without waiting for the current instruction to finish execu-
tion. The program counter is held constant since the inter-
rupt controller provides the two interrupt vector addresses.
Finally, normal instruction fetches (n5, n6, and so on, ac-
cording to the program counter's contents) resume im-
mediately after the two interrupt instruction words have
been fetched. The usual interrupt vector change-of-flow is
avoided and the extra cycles required to empty the instruc-
tion pipeline and refill it are eliminated. However, if instruc-
tion word n4 is the first word of a two-word instruction, the
execution of n4 is aborted and n4 is refetched in place of
n5. Since most instructions are one word long, this occurs
infrequently. The two interrupt instruction words ivl and
iv2 are decoded and executed. They may be two single-word
instructions or one two-word instruction.

Fast interrupts. If execution of the two interrupt instruc-
tion words does not cause a change of flow, the interrupt
routine is called a fast interrupt. In a fast interrupt, normal
instruction execution continues without delay following the
execution of the two interrupt instruction words ivl and iv2.
Fast interrupts do not save the machine state, so instruc-
tions that modify the machine state should not be used. Fast
interrupts do not require a return from interrupt (RTI) in-
struction, since no context switch is performed. Although
any non-change-of-flow instruction can be used, a special
move peripheral (MOVEP) instruction has been provided to
support fast interrupts with a memory-to-memory data
transfer between memory-mapped peripheral devices and
any memory space. Fast interrupts can process up to 1.7
million interrupts (or 10.25 million bytes) per second, yet
they consume only 33 percent of the total execution time.
This performance level rivals that of dedicated direct
memory access hardware. Fast interrupts are a software
alternative to DMA that provides several advantages.
Unlike DMA, fast interrupts can service peripheral devices
with the flexibility that only software can offer. Fast inter-
rupts can use any addressing mode with linear, modulo, or
reverse-carry address arithmetic. They can service on-chip as
well as off-chip peripherals and memory using minimal
hardware. Fast interrupts can also handle peripheral errors
by vectoring to different interrupt service routines and can
support termination conditions other than the traditional
word count.

Long interrupts. If either of the two interrupt instruction
words is a jump to subroutine (JSR) instruction, the inter-
rupt routine is called a long interrupt. Programming a JSR
instruction at the interrupt vector addresses ivl or iv2 causes
a long interrupt routine. When the JSR instruction is de-
coded, the DSP56000 performs a context switch by saving
the current program counter and status register on the stack
and updating the interrupt mask in the status register. The
program counter is loaded with the JSR destination address
and the long interrupt routine (il, i2, and so on) begins exe-
cution. If he desires it, the programmer can save more of
the machine state by using software stacking operations.
The long interrupt routine is terminated by the usual RTI
instruction (located at i2 in this example). As shown in
Table 3, this mechanism allows long interrupts to be vec-
tored via the JSR destination address with a minimum of
timing overhead. This change of flow is as fast as conven-
tional vectored interrupts and is a natural extension of the
fast interrupt mechanism.

Multiple-bus architecture
The internal multiple-bus architecture of the DSP56000

consists of four data buses and three address buses connect-
ing the various resources on the chip. Support of the fast
multiplier/accumulator requires two multiplier input
operands to be transferred between memory and the data
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tX;:g:0Ef>X\\~~~~~~~~~~~~~~~~~, 7Table 5. $ W
DSP56000instrucion set

Prga conro instrcin

Jcc Jump conditio

Bit manipulation instruction

JCLR Jump if bit clearXA0:0f S:

JST Jm fbit set0X

JSCL~Jump to subroutine fbitncear
JSSE Jum tosubrutie it

ALU upon each instruction cycle. Instruction fetches must
also be done at the same rate. This translates to three data
transfers (two data and one instruction) every instruction
cycle. The bus structure supports general register-to-register,
register-to-memory, and memory-to-register data movement
and can transfer up to three 24-bit words at the same time.
The resources connected to a bus define its primary data -

transport function (see Figure 2 again). One address and
data bus is associated with each of the three memory spaces
(x data, y data, and p program), whereas a fourth data bus,
called the global data bus, is shared by all three memory
spaces. The role of the global data bus is to physically ex-
tend the x, y, and p data buses so they can be connected to
remote chip resources while keeping these buses as short as
possible. Keeping the buses local enhances the speed of the
device.

Internal bus switch. Communication between the buses in
the multiple-bus structure takes place in an internal bus
switch. The internal bus switch is similar to a switch matrix
and can connect any two internal buses without adding any
pipeline delays. This flexibility allows a general data move
capability for easier programming. Since the internal data
bus switch can access each memory space, the bit manipula-
tion unit is physically located in this block.
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DSP56000 instruction set
The DSP56000 has an easy to learn, microprocessor-style

instruction set that is efficient for many different algo-
rithms. Its instruction set has some characteristics of a
reduced-instruction-set computer because of its register-
based (load/store) orientation and because most of the in-
structions are executed in a single cycle. However, enough
complex-instruction-set computer functionality is built into
each instruction that the DSP56000 achieves the high per-
formance needed for small code loops typically consisting of
only two to five instructions. Lack of data pipelining con-
tributes to the ease of programming and eliminates any ar-
chitectural bias against an algorithm. During development
of the DSP56000, its designers used a set of 15 common
DSP benchmarks to test the speed and coding efficiency of
the instruction set whenever they made changes to it. These
benchmarks included digital filters and fast Fourier trans-
forms for real and complex data. (The benchmarks are
listed in an appendix to the DSP56000 manual.12) The de-
signers used other benchmarks to measure performance for
two-dimensional problems such as matrix manipulation and
image processing. Many algorithms achieve high perfor-
mance on the general-purpose DSP56000. A list of
DSP56000 opcodes is shown in Table 5.

In addition to the usual set of microprocessor opcodes,
the DSP56000 instruction set provides a powerful set of
multiply and multiply/accumulate instructions with options
for rounding and positive or negative product accumula-

tion. Other opcode additions include absolute value, shift
left or right then add or subtract, compare magnitude, nor-
malize, round, and transfer conditional instructions. When
used after a compare or compare magnitude instruction, the
transfer conditional (Tcc) instruction can perform maxi-
mum value, minimum value, maximum absolute value,
minimum absolute value, and other functions.

Parallel move operations. Most arithmetic and logical in-
structions can specify up to two data transfers in the same
instruction. These data transfers are called parallel move
operations and are executed in one instruction cycle in
parallel with the instruction opcode. This allows two or
three conventional instructions to be combined into one
parallel instruction, with corresponding gains in speed and
coding efficiency. Parallel move operations allow the
register-based execution units to be kept busy by concur-
rently preloading new input operands and storing previous
results. They also provide concurrent communications be-
tween execution units. Used with the local registers in each
execution unit, the parallel move operations provide "soft-
ware pipelining" controlled by the user. Thus, the user can
adapt the DSP56000's parallel architecture to his applica-
tion. The parallel move operations are shown in Table 6.
The assembler syntax samples illustrate the different parallel
move operations that can be specified with the same ADD
XO,A instruction. Note that the same register may be a
source operand more than once in the same instruction.
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23 87 0
Data bus movement Opcode
Optional effective address extension

Figure 8. DSP56000 instruction encoding format.

However, no register may be specified as a destination
operand more than once in the same instruction.
The general instruction encoding format is shown in

Figure 8. All instructions are one or two 24-bit words in
length. The first word generally contains an 8-bit opcode
field and a 16-bit data bus movement field. The opcode
field includes the instruction opcode with its source and
destination register operands. The data bus movement field
specifies source and destination operands for parallel move
operations over the x data and y data bus. For address
register indirect addressing modes, the data bus movement
field specifies up to two address registers and associated ad-
dressing modes. As shown earlier in Table 1, the DSP56000
provides a set of 14 addressing modes to minimize address
generation overhead. Both register direct and address
register indirect (pointer) addressing modes are available as
one-word instructions. Absolute short, I/O short, and short
jump addresses and immediate short data addressing

modes are also provided, being encoded into the data bus
movement field for fast, one-word instructions. Absolute
address and immediate data addressing modes are encoded
in the second optional effective address extension word to
provide full 16-bit addresses and 24-bit data.

On-chip resources
The DSP56000 provides a large set of on-chip memory

and I/O peripheral resources to support the core processor.
The on-chip memories include two 256 x 24-bit data
RAMs, two 256 x 24-bit data ROMs and one 2048 x
24-bit program ROM. Data or program code can be moved
from any memory space to another, whether on-chip or off-
chip. Microcomputer-style I/O capability is provided by
three on-chip peripherals-the parallel host MPU/DMA in-
terface (host), the asynchronous serial communications in-
terface (SCI), and the synchronous serial interface
(SSI)-on 24 programmable, general-purpose port pins.
Noncore resources are supported by standard move and bit
manipulation instructions. This avoids irregular I/O instruc-
tions and will allow Motorola to easily change noncore
resources in future DSP56000 family members without af-
fecting the instruction set.

Memory expansion port. The DSP56000 chip pinout is
shown in Figure 9. Memory expansion off-chip is provided
by a memory expansion interface called Port A. External

Port A -

Address bus 16
AO-A15 4-* -f

Data bus
DO-D23

Bus controll

24
of I

n -
T -
WA4-
Xs 4-

IM -o

Interrupt and jMODA/ITR -*
mode control MODB/IRQB-4

L RESET - .

XTAL 4-
EXTAL -0

V0c VSS

PBO-PB7

000
(0
CD
U)
0c

PB8
PB9

PB1 0
PB11
PB12
PB13
PB14

PCO
PC1
PC2

PC3
PC4
PC5
PC6
PC7
PC8

8 Host data bus
*-7f--l HO-H 7

or Port B I/O
4-- HAO
4- HAl
4- HA2
4- HR/W Host control

TMH EN or Port B l/O

4- HACK_

4- RXD
*-, TXD SCI serial

*-* SCLK orPortC I/O

4-* S00
4- SC1
4- * SC2 SSI serial
4-_ SCK or Port Cl/O
*- SRD

* STD

Figure 9. DSP56000 pinout.
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peripherals and slave processors (microprocessors or
another DSP IC) may also be accessed through this port.
Separate 16-bit address and 24-bit data buses are used to
multiplex the three internal address buses and four internal
data buses off-chip, respectively. Off-chip (external)
memory spaces are a logical extension of on-chip (internal)
memory spaces. The bus controller determines, from the
value of the address, whether a memory access is external or
internal and schedules the bus activity to optimally use the
memory expansion bus. If only one external memory access
is requested per instruction cycle, the request is granted im-
mediately and no extra clock cycles are required. If two or
three external memory accesses are requested in a given in-
struction cycle, a minimum of one or two extra instruction
cycles, respectively, are required to complete the instruction.
The seven bus control signals create a synchronous bus that
can perform 10.25 million accesses per second. Full-speed
operation with no wait states requires a memory access time
of 55 ns. The bus controller can be programmed to insert 0
to 15 wait states for four types of external memory access.
Each wait state is one clock cycle (or 48.75 ns) long with a
20.5-MHz processor clock. This allows fast and slow exter-
nal devices to be mixed on the memory expansion bus. An
external device can also gain control of the memory expan-
sion bus by asserting the bus request (BR) control input. In
response to a BR, the DSP56000 releases control of the bus
and asserts the bus grant (BG) control output at the end of
the current bus access.

General-purpose I/O pins. On the DSP56000, 24 pins can
be programmed to be general-purpose I/O pins; these pins
are called Port B and Port C (see Figure 9 again). When
they are programmed in this way, they can be used as I/O
flags for synchronization and control purposes. Individual
pin control, data direction, and data transfer functions are
provided by six internal memory-mapped registers. The
user can change or test these registers using standard bit
manipulation and jump-on-bit-condition instructions. Each
port pin can also be programmed to serve as a dedicated pin
for one of the three on-chip peripherals.

Host processor interface. Although the DSP56000 can
operate as a stand-alone processor, in many systems it is ac-
companied by a host microprocessor. The host processor
functions as the system controller and user interface, while
the DSP56000 handles the real-time digital signal process-
ing. To support its use in such multiple-processor systems,
the DSP56000 includes an on-chip host processor interface.
The host interface is a byte-wide, full-duplex parallel port
that can be connected directly to the data bus of a host pro-
cessor. The host processor may be any of a number of
industry-standard microcomputers or microprocessors,
another DSP IC, or DMA hardware. The host interface ap-
pears as a memory-mapped peripheral occupying eight bytes
in the host processor address space. It gives the host pro-
cessor an eight-bit bidirectional data bus and seven control
lines to use to control data transfers. It provides 14 internal
registers to support double-buffered data transfers between

the host processor and the core processor by means of asyn-
chronous polling or interrupts. In DMA mode, the host in-
terface allows an external DMA controller to perform DMA
transfers between an external memory or device and the
host interface's registers using the host request (HREQ) and
host acknowledge (HACK) handshake lines. From the
DSP56000's perspective, the DMA data can be transferred
between the host interface registers and any DSP56000
register or memory location (internal or external) by means
of the standard instruction set. The fast interrupt mecha-
nism can be used to minimize the data transfer overhead.

A major accomplishment
of the DSP56000 design was

low power consumption in both
active and standby modes.

The host interface provides DMA initialization commands
that are used to set up the host interface DMA channel. It
also has a special host command feature that allows the
host processor to issue a vectored interrupt request to a
DSP56000 program. The host processor may select one of
32 DSP56000 host command interrupts by writing a vector
address register. Host commands are useful for debugging,
performing on-line diagnostics, implementing control proto-
cols, and setting up DMA.

Serial communications interface. The serial communica-
tions interface, or SCI, provides full-duplex serial com-
munications with a variety of serial devices-including
microprocessors, other DSP ICs, terminals, and modems-
either directly or via RS-232 lines. The SCI supports
industry-standard asynchronous character modes and allows
parity and multidrop options. The multidrop option in-
cludes wake-up-on-idle-line and wake-up-on-address-bit
capabilities. A synchronous shift register mode allows I/O
expansion and high-speed, synchronous data transmission.
The SCI consists of separate transmit and receive sections
and a programmable baud-rate generator. Seven internal
registers provide doubled-buffered data transfer and control
functions. Three I/O pins are used for transmit data, re-
ceive data, and baud-rate clock functions. The baud rate
can be internally or externally generated for asynchronous
rates of up to 320K bits per second and synchronous rates
of up to 2.5M bits per second. The internal baud-rate gener-
ator can function-as a periodic interrupt timer when it is not
being used by the transmit and receive sections.

Synchronous serial interface. The synchronous serial in-
terface, or SSI, provides a full-duplex, double-buffered
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Figure 10. DSP56000 finite impulse response (FIR)
filter-data memory organization (top) and program
(bottom).

serial port that allows the DSP56000 to communicate with a
variety of serial devices. These include one or more
industry-standard codec A/D and D/A converters, other
DSP ICs, microprocessors, and serial peripheral devices.
The SSI consists of separate transmit and receive sections
and an SSI clock generator. The clock generator defines the
serial bit rate, the serial word size, and the number of serial
words per frame. The data in each serial frame are con-
trolled by software, allowing any user protocol to be imple-
mented. Several clock and frame sync timing options pro-
vide flexible, synchronous, serial communications at rates
of up to 5M bits per second. The SSI uses three to six I/O
pins, depending on the operating mode; it has eight internal
registers.
Three SSI operating modes support the requirements of

different serial devices. The normal operating mode is used
for periodic devices that transmit or receive one data word
with each serial frame. One time slot is defined for data
transmission at the start of each serial frame. A codec A/D
or D/A converter is an example of such a periodic device.
The on-demand operating mode is for nonperiodic com-
munications such as those from one DSP56000 to another.
No time slots are defined for transmission and data are
transmitted as soon as they are available. The network
operating mode defines from 2 to 32 time slots per serial
frame which can be used for creating a network of com-
municating serial devices. Each device can transmit or
receive during one or more assigned time slots. The time slot
assignments for each serial device are determined by the
user's software. In network mode, multiple DSP56000s can
communicate without needing glue chips to do so. In net-
work mode, the DSP56000 can also be interfaced directly to
the time-division-multiplexed, serial I/O channels used in
telecommunications applications.

DSP56000 implementation
The DSP56000 is implemented in a 1.5-Am, double-level

metal, N-well, high-density CMOS process. It is an 88-pin
integrated circuit available in pin-grid-array or surface-
mount packaging. Its maximum clock rate is currently 20.5
MHz and is provided by an on-chip crystal oscillator or an
external clock. One of the major design accomplishments
was low power consumption in both active and standby
modes. Because of the DSP56000's full CMOS design, its
power consumption scales down linearly with clock frequen-
cy, allowing the user to reduce processor speed to save
power. Since the DSP56000 contains substantial on-chip
memory, the user can locate program and data sections with
high dynamic frequency in on-chip memory to avoid driving
the memory expansion port. The DSP56000's bus controller
does not toggle the external address and data bus pins
unless an external access is made. The DSP56000 deselects
all external devices to their low-power standby modes when
they are not being accessed. It also saves power by using
STOP and WAIT low-power standby modes. Execution of
a STOP or WAIT instruction puts the DSP56000 into a
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low-power standby mode while the DSP system is off-line
or waiting for an interrupt to occur, respectively. This "soft-
ware power control" technique is popular in the MC146805
and MC68HC1 1 microcomputer families. Biquad IIR digital filter

Software examples and
performance analysis

The DSP56000's performance of some common DSP
benchmarks is summarized in Table 7. However, the perfor-
mance and software features of the DSP56000 can best be
demonstrated by several typical DSP software examples.

Finite impulse response filter. The sample FIR digital
filtering application of Figure 1 is caled an Nth-order real
filter, where N is the number of coefficients and "real"
means that the data and coefficients are real numbers. The
DSP56000 assembler source program and memory organiza-
tion for this system are shown in Figure 10. The N data
samples are stored in x data memory and theN filter coeffi-
cients are stored in y data memory. This natural partitioning
is desirable since both x memory and y memory space can
be accessed in the same instruction cycle. Both the data and
coefficients are stored in modulo N buffers, but for dif-
ferent reasons. Modulo N data addressing is used to time-
shift the simulated shift register by an incrementing of RO
by 1 after the FIR calculation. Modulo N coefficient ad-
dressing is used for convenience for automatically wrapping
around, at each sampling period, the address pointer R4 to
the first coefficient. The four instructions at START are
used to set up the two modulo N address pointers RO and
R4. The seven instructions at FIR form a simple loop to get
an "input" sample, perform the FIR filtering operation,
and store the filter "output." The first data and coefficient
are preloaded into the data ALU while the accumulator is
cleared (CLR). The actual filtering operation is performed
by repeating (REP) the multiply/accumulate (MAC) in-
struction. The last tap of the filter is performed by a
multiply/accumulate and round (MACR) instruction to
form a single-precision, rounded result. All calculations are
performed to 56-bit precision and no intermediate data are
lost. The accumulator extension register protects against
overflows for large N. The FIR filtering kernel is performed
in one instruction cycle per tap. A complete Nth-order, real
FIR filter executes in N+ 3 instruction cycles. For a 32nd-
order filter, a 20.5-MHz DSP56000 can process a sample
frequency (s) as high as 250 kHz in real time.

Infinite impulse response filter. An IIR filter employs
feedback paths to achieve an infinite impulse response and
generally provides the most filtering capability for a given
computational load and storage. One of the most popular
IIR filters is the second-order section, or real biquad, filter.
The biquad filter has two poles and two zeroes in its trans-
fer function and is the digital equivalent of a two-pole
analog filter. The biquad filter is often connected in series
(cascaded) to form higher-order digital filters. Figure 11
shows the biquad filter's block diagram, its data memory

N-cascaded biquad IIR digital filters
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input filter 1 filter 2

RO _

x data

Linear

wwN(n- 2)

.w1(n- 1)'
.iw1(n-2)~

Data+ 2N-1

R4 --

Data

tBiquad7 . Digital
filter n output

ydata

Linear

b2N

a2N

aS b i 1 ->b2l
b21

>a21

Coef. + 4N- 1

Coef.

start move #$ffff,mO
move mO,m4

hr move
move
movep
move

do
mac
macr
mac
mac

end iir
rnd
movep
jmp

#data,rO
#coef,r4

#N,end_iir
-xO,yO,a
-xl,yO,a
xO,yO,a
xl,yO,a

a

iir

x: input, a
x: (rO)+,xO

x:(rO)-,xl
xl,x: (rO)+
a,x: (rO)+
x: (rO)+,xO

y: (r4)+,yO

y: (r4)+,yO
y: (r4)+,yO
y: (r4)+,yO
y: (r4)+,yO

a, x: output

Figure 11. DSP56000 infinite impulse response (IIR) filter-
biquad IIR filter diagrams (top), data memory organization
(middle), and program (bottom).
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Radix-2, decimation-in-time, complex FFT butterfly

A

B

A' = A + BC

B' = A - BC

Note: All variables and arithmetic are complex.

organization, and the DSP56000 assembler source program
needed to implement N cascaded biquad digital filters. The
memory is organized to store the filter storage w(n - 1) and
w(n - 2) in x data memory and the filter coefficients al, a2,
bl, and b2 in y data memory. In this example, the time-shift
function is performed by parallel move operations instead
of by modulo addressing. The two instructions at START
set up data pointer RO and coefficient pointer R4 for linear
arithmetic. The program loop at IIR loads a digital
"input," performs N cascaded biquad filters, and stores the
filter "output." The actual biquad filter program consists
of only four multiply/accumulate instructions located
within a hardware DO loop. The DO instruction initiates
the hardware DO loop with the instruction following the
DO instruction and ends it with the instruction before the
label END_IIR. The digital output is rounded (RND) to
single precision after the hardware DO loop has executed.
The four-coefficient, biquad filter kernel executes in only
four instructions, i.e., in 390 ns per biquad filter. Similar
five-coefficient biquad filter kernels execute in five instruc-
tions, or 487.5 ns. For typical voiceband processing with an
8-kHz sampling rate, the DSP56000 can implement over 300
biquad digital filters in real time.

fft macro points,data,coef
move #points/2,nO
move #1,n2
move #points/4,n6
move #-l,mO
move mO,ml
move mO,m4
move mO,m5
move #O,m6

Perform all FFT passes with triple nested DO loop

do #@cvi(@log(points)/@log(2)+.5), _end_pass
move #data,rO
move rO,r4
lua (rO)+nO,rl
move #coef,r6
lua (rl)-,r5
move nO,nl
move nO,n4
move nO,n5

do
move
move
move

n2,_end_grp
x: (rl) xl
x: (r5) ,a
x: (r6) +n6, xO

y: (r6) ,yO
y: (rO) ,b

Radix 2, decimation in time, complex FFT butterfly kernel

do
mac
macr
subl
mac
macr
subl

_end_bfy
move
move

_end_grp
move
lsr
lsl
move

end pass
endm

nO,,end bfy
xl,yO,b
-xO,yl,b
b,a
-xl,xO,b
-yl,yO,b
b,a

a,x: (r5)+
x: (rO) ,b
x: (rO)+,a
x: (rl) ,xl
b,x: (r4)+

y: (rl)+,yl
y: (rO) ,a
b,y: (r4)
a,y: (r5)

y: (rO) ,b

a,x:(r5)+n5 y:(rl)+nl,yl
x:(rO)+nO,xl y:(r4)+n4,yl

nO,bl
b
a
al,n2

n2,al
bl, nO

Figure 12. DSP56000 fast Fourier transform (FFT)-
diagram of the "butterfly" kernel (top) and program
(bottom).

Fast Fourier transform. The fast Fourier transform, or
FFT, is widely used in signal processing to perform spectral
analysis of time-domain data. Most FFTs operate on com-
plex data having real and imaginary components and hence
must use complex arithmetic. The DSP56000 is very effi-
cient at complex arithmetic. Complex arithmetic generally
requires at least four multiplier input registers to store two
complex inputs, two accumulators to store the real and im-
aginary parts of the complex result, and address pointers
that can access complex data pairs. A large number of FFT
algorithms exist, but here we will demonstrate only the sim-
ple, radix-2, decimation-in-time, in-place complex FFT. The
heart of the radix-2 FFT is a complex "butterfly" kernel,
which is shown in Figure 12. Note that all data paths and
calculations are done in complex arithmetic. This butterfly
kernel is executed many times to calculate a complete FFT.
The complete DSP56000 macro program for a radix-2,
decimation-in-time, in-place complex FFT is also shown in
Figure 12. This macro may be called to perform an FFT of
any size from 2 to 32,768 points. The example uses three
nested hardware DO loops to compact the complete FFT
program into only 40 words of program memory. The but-
terfly kernel routine inside the innermost DO loop requires
only six instructions, or 585 ns, to perform one butterfly
calculation on two complex data points A and B. The single
complex multiplication (B x C) is implemented as four real
multiplies. The inner, middle, and outer DO loops build on
the kernel routine to process one butterfly group, one
butterfly pass, and the complete FFT transform, respective-
ly. This radix-2 FFT using looped code executes a 256-point
complex FFT in 814 ,us and a 1024-point complex FFT in
6.41 ms. Other variations achieve even higher performance.
For instance, modified versions of the code in the example
execute a 1024-point complex FFT in less than 5 ms.
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Since the FFT data are stored in 24-bit words, little or no
scaling is required with typical 12-to-16-bit input data. The
DSP56000 scaling modes can be used to scale the data of
each FFT pass one bit left or right with minimum overhead.
This can add 20 more bits of dynamic range to a 1024-point
FFT while still maintaining full FFT speed.

DSP56000 design tools
The DSP56000 is supported by a software development

package consisting of a full-featured macro cross assembler,
ASM56000, a software simulator, SIM56000, and associated
documentation. The package is available for the IBM
PC/MS-DOS, VAX/VMS, and Unix environments.
ASM56000 offers the usual complement of features found
in modern assemblers, such as extensive error reporting,
conditional assembly, file inclusion, nested macros with
macro library support, local labels, sections, and external

an instruction or clock cycle basis, single stepping or tracing
with multilevel conditional or unconditional breakpoints. It
provides instruction and clock cycle counts and generates
histograms of those counts to support the analysis of pro-
gram execution time. It displays the enabled set of registers
and memory, highlights the write operations, and provides
options for displaying upon a read, write, or other access.
Of particular note are SIM56000's input and output com-
mands, which assign the simulator's I/O, with a device pin,
memory location, or on-chip peripheral, to a terminal or a
disk file. Its I/O data format can be untimed or "time
stamped," and nested repeat directives can be used to
generate arbitrary input data sequences. Besides being an
accurate simulator of the DSP56000, SIM56000 is very easy
to use. Help files describe each simulator command and a
help line on the display indicates the command line syntax
as commands are entered. A symbolic calculator assists the
programmer with hexadecimal, decimal, and binary calcula-

Digital signal processors are transforming analog circuits into software in the 1980's in
the same way microprocessors transformed digital control logic into software in the 1970's.

definition/reference directives. It also provides arbitrary ex-
pression evaluation with Boolean operators and built-in
functions for data type conversion, string comparison, and
common transcendental functions such as sine, cosine, loga-
rithm, exponent, and square root. These functions allow
constants and lookup tables for DSP algorithms to be
parameterized by macro arguments and dynamically
generated at assembly time. ASM56000 also provides assem-
bler output listings with instruction cycle counts, cross
reference tables, and memory utilization reports. The
memory utilization reports provide a global view of the
allocated and free space in the DSP56000 memory map,
which can become fragmented by inefficient placement of
modulo and reverse-carry (bit-reversed) storage regions. A
report identifies the free space available for additional
storage in each memory map.

The SIM56000 software simulator emulates, on a clock
cycle basis, the functions of the DSP56000, including on-
chip peripheral activity and external I/O pin activity.
SIM56000 enables the software developer to execute
DSP56000 object code generated from ASM56000 or from
SIM56000's own single-line assembler. Throughout the
DSP56000 chip design, SIM56000 was used to compare
against the chip data base simulations by running the same
DSP56000 programs through both simulations. Both the
chip design and the software products were debugged rapid-
ly through this comparison testing. SIM56000 performs, on

tions. The programmer may define, store, and execute
simulator command macros. He can also do program
patching by using SIM56000's single-line assembler/disas-
sembler. He can log all simulator activity to disk files for
future atialysis, and he can save the simulator state so he
can resume the simulation later. SIM56000 uses ASCII disk
files for all of its I/O (but not for saving the simulator
state), enhancing access by other programs and utilities.

Motorola is developing a DSP56000 evaluation module,
or EVM, to serve as a low-cost design tool. The EVM con-
sists of an evaluation board, or EVB, an interface card for
the IBM PC bus, and a user interface software package,
EVM56000. The EVB contains a full-speed 20.5-MHz
DSP56000, 8192 x 24 bits of external program/data RAM,
an expansion connector for adding prototype hardware, and
a monitor ROM. It is controlled by the EVM56000 software
running in the PC environment, which presents a user inter-
face similar to that of the SIM56000 software simulator.
EVM56000 retains many of SIM56000's features and adds
commands to support up to eight EVBs on the same host
with foreground/background access to the user interface.
The EVB can be used as a hardware accelerator for
speeding up simulations or as a prototype board for
developing target applications.

Additional software support includes software source
libraries, application notes, and a high-level-language com-
piler. Moreover, Motorola supports the user with training
seminars, video classes, and an electronic bulletin board.
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THE DsP56000

T he DSP56000 is a state-of-the-art, high-performance
digital signal processor. The similarities between it

T and other Motorola microprocessors make it easy
to learn and easy to program, yet the differences open up
new user applications. The future for programmable digital
signal processors looks extremely bright. Digital signal pro-
cessors are transforming analog circuits into software in the
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