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Abstract—In this paper, a multiprocessor architecture is presented
which is suited for the customized and automated VLSI realization of
complex low- to medium-speed DSP applications. The proposed archi-
tecture is constructed from a set of flexible and parameterizable data
paths, a selection of powerful control units (for decision-making tasks),
and a number of protocols for fast interprocessor communication. The
flexible nature of this system allows for an efficient hardware realiza-
tion, exploiting the inherent parallelism of a particular application.
The effectiveness of the approach is substantiated with the synthesis of
several test vehicles, such as a pitch-extraction algorithm for speech,
in terms of the defined architecture.

I. INTRODUCTION AND GOAL OF THE MULTIPROCESSOR
SYSTEM
OWADAYS, an increasing number of DSP applica-
tions are emerging, with low to medium throughput
requirements, where the data rates are situated between 1
kHz and 1 MHz. Hereby, a rapidly increasing arithmetic
complexity has to be combined with a need for flexible
and powerful decison-making operations. These applica-
tions belong to the class of the so-called ‘‘second and third
generation’’ signal processing algorithms, which are not
only addressing word-oriented applications but also em-
ploy advanced vector and matrix operations [1].
Commodity (general-purpose) DSP processors are usu-
ally not powerful enough to handle these complex algo-
rithms. Moreover, they cannot be parameterized accord-
ing to the designer’s needs such as memory and word-
length requirements. In contrast, the necessary computa-
tion rate and customization can be achieved by semicus-
tom gate-array or standard-cell approaches, but these re-
quire too much chip area. So, for both of these
alternatives, too many chips would have to be provided
leading to an unacceptable system cost.
On the other hand, the speed achievable with a full-
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custom hard-wired bit-parallel bit-slice approach (see,
e.g., [4]) cannot be fully exploited, as the area-time
tradeoff becomes only favorable for the type of architec-
tures in the range of high-speed applications (around 10
MHz). Moreover, for the applications envisioned, the in-
volved cost overhead due to the excessive design time of
a full-custom design is seldom justified.

Hence, it seems appropriate to look into a more custom-
ized type of (multi)processor architecture [3], [4], where
both speed and area efficiency are improved over the con-
ventional programmable DSP processors. This can be
achieved by exploiting the specific properties of the im-
plemented algorithms, such as, for instance, the inherent
parallelism, and by matching the hardware to the algo-
rithmic complexity. The new architecture methodology
which will be proposed also features the additional flexi-
bility to largely avoid the traditional bottlenecks of the
general-purpose signal processors, especially with respect
to the available data transfers and controller constructs.
In this tradeoff, some additional hardware will have to be
sacrificed, but this overhead can be reduced by selecting
the best-suited realization alternatives from the ones pro-
vided in this paper.

As the architectures can become fairly complex, the
process of mapping a particular DSP algorithm onto them
has to be supported by a set of synthesis, optimization,
and verification CAD tools, collected in the CATHE-
DRAL-II environment, which are currently being devel-
oped at our laboratory [8], [9], [16], [32]. So far, a large
number of other ‘‘silicon compilation’’ environments em-
ploying (multi)processors to implement application-spe-
cific IC’s tuned for digital signal processing have been
published. Examples are found in SILC [12], Apollon
[14], ALGIC [15], MIMOLA [21], S(P)LICER [25],
HAL [27], CMAD [28], LAGER [30], [36], MacPitts
[40], and CMU-DA [41]. But the authors believe that the
efficiency in terms of density and achievable throughput
can be substantially elevated by means of the concepts
applied in their ‘““CATHEDRAL-II"’ CAD-system [9].

The ultimate goal is to provide an automated strategy
whereby the system engineer has to specify a high-level
behavioral (applicative) description of the algorithm,
which is then gradually refined and transformed into a
low-level functional description in terms of a number of
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prespecified primitive building blocks. The latter are then
composed out of the parameterizable basic cells of a li-
brary (meet-in-the-middle strategy [7]). Finally, the floor
plan of the entire chip is assembled and a last verification
step (on the logical and the timing level) ensures that all
connections operate correctly. The masks can then be fab-
ricated, sent to the silicon foundry, and tested.

It should be noted that if desired, the designer will also
be able to influence the final results in a positive way by
feeding his/her experience into the ‘‘open’ system at
some specific entry points [16], [32] in order to arrive at
a more optimal implementation.

In order to set up an automated CAD system which sup-
ports such a methodology, it is necesssary to fully define
the architectural strategy first. Otherwise, when the sys-
tem approach is too general, the tools in the silicon com-
pilation environment cannot handle unlimited flexibility
in an efficient way. Therefore, a set of ‘‘constraints’’ has
been incorporated, such as the fact that all modules have
to operate in a synchronous way. Also, the application of
the dedicated processor concept imposes constraints.
However, these limitations will not significantly reduce
the intended application domain in the DSP area; they will
only influence the achievable throughput and the area ef-
ficiency, and the latter are still far better than the general-
purpose approach.

The architecture which will be presented in this paper
forms the core around which the high-level synthesis tools
[17], [32] have been developed. Obviously, its definition
will have to be based on manual design experience. For
our purposes, a monolithic pitch-extraction system for
speech coding [39] has served as a primary test vehicle
[8], [16] during the definition phase (see also Section V).
The set of typical operations which have to be performed
in this algorithm indicates the need for a limited number
of “‘execution-units’’ (EXU’s) such as some powerful
arithmetic units with a quite general behavior, as dis-
cussed in Section III. Experiments [4] have shown that
these EXU’s can be used in a straightforward way to re-
alize other speech- and audio-domain systems as well.
Moreover, due to the inherent speed advantage of our cus-
tomized approach, the operation rates which can be main-
tained should be high enough to tackle automation, tele-
communication, and back-end (100 kHz-1 MHz) image-
processing applications too, such as, for instance, intel-
ligent controllers for robots, high-speed modems, and
pattern recognition or classification algorithms.

In order to minimize the area cost during the actual im-
plementation phase, a semicustom silicon integration will
be envisioned, making use of a set of fully characterized,
predefined primitive cells, stored in a technology inde-
pendent way in a library. These cells can then be assem-
bled into a limited set of parameterizable ‘‘functional
building blocks.”” This approach fits into the ‘‘third gen-
eration custom-design methodology’’ as advocated in [7].
The selection of this set of essential FBB’s, such as an
adder/subtractor, a register-file, and so on, in the EXU’s
has to be carefully investigated, with the common prop-

erties of the target applications in mind. Indeed, for the
realizability in a VLSI design process, it is necessary to
increase the modularity and hence to keep the number of
primitive cells as low as possible.

In this paper, only the architectural methodologies for
the DSP synthesis environment will be covered, and not
the CAD aspects which constitute the topic of other pub-
lications [9], [16}, [32]. The paper is organized as fol-
lows. In Section II, a general view and the hierarchy of
the strategy will be presented. The main modules, namely,
the processors, will be decomposed into parameterizable
“‘execution unit’’-data paths (Section III) and controllers
(Section 1V). For both of them, several alternatives will
be compared from which a few prototypes will be with-
held in the first version of the silicon compiler. Also, the
necessary communication between the building blocks
will be handled (topic of Subsections II-C and 1II-E). Fi-
nally, in Section V, some selected test vehicles will dem-
onstrate the power of the outlined strategy.

II. SURVEY OF THE ARCHITECTURAL STRATEGY

In this section, the general concepts of our architectural
approach will be introduced. The class of DSP algorithms
which is addressed (see Section I above) is typically con-
structed from a combined set of complex arithmetic and
decision-making subtasks. In these target applications, the
considered sample rates also remain at least an order of
magnitude below the achievable clock frequencies (of
about 10 MHz in a 3 um CMOS technology). For these
two reasons, a flexible data path in combination with a
controller is to be preferred over a presumably underem-
ployed fully hard-wired design. Such a “‘processor’’ ap-
proach is particularly suited for the conditional type of
operations as required in the ubiquitous decision making
which is part of most complete DSP systems.

A. System Hierarchy

In order to cope with the complexity of present-day
VLSI realizations, it is essential to construct the architec-
ture following a modular, hierarchical approach. Such a
partitioning will not only reduce the implementation time
in a substantial way, but it will also simplify the task of
the synthesis tools which have to translate the algorithmic
description into a suited architecture.

A decomposition of the system also requires the defi-
nition of a variety of adequate communication and inter-
facing protocols between the different modules at each hi-
erarchical level. The appropriate choice will then depend
on the amount and the type of the data to be transferred.

It has to be stressed too that it is vital to make the cor-
rect choice for the boundaries between the levels. Other-
wise, an inefficient and inflexible methodology will re-
sult. A wrong decision would also have a devastating
effect on the load balancing between the respective oper-
ational modules: some of them will become occupied only
very infrequently because of mismatches in the achiev-
able data throughput which does not meet the require-
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ments, and this cannot be tolerated due to the waste of
valuable chip area.

For these reasons, the following hierarchy is adopted
in our system (Fig. 1): the chip itself is considered at the
root, containing a number of processor modules which are
operating relatively independently of each other. In fact,
only global variables are interchanged by means of buffer
units containing enough memory to handle the data ex-
changes (Subsection II-C). This will allow us to decouple
the design task so that, in principle, only the programs on
the individual processors have to be tackled. Afterwards,
a separate tool will then take care of the required data flow
between the processors. On the next lower level, each
processor contains a controller (Section IV) which steers
a cluster of ‘‘strongly connected execution units’’ (Sec-
tion III). The latter are communicating with each other
over a restricted number of dedicated busses. In this way,
contention as occurring in the case of a dual-bus architec-
ture is largely avoided. Each EXU is assembled out of a
data path and possibly a local controller. These powerful
modules will handle the arithmetic complexity and the de-
cision making required by the algorithm.

Each EXU data path consists of a set of predominantly
abutting *‘functional building blocks’’ (FBB’s), with cus-
tomized connections. The FBB’s are groups of primitive
cells performing an elementary arithmetic or logical op-
eration. Examples are an adder/subtractor, a multiplier, a
comparator, and so on. These parameterizable building
blocks have to be provided by a set of module-generator
programs, using the predefined (bit-level) cells stored in
a library [9]. The compacted stick diagrams employed in
this symbolic layout approach will allow a smooth update
when the technology has to be scaled. Afterwards, the
module generators for the complete EXU’s are con-
structed from the appropriate FBB descriptions. A similar
assembly strategy can be employed for some of the con-
trol structures which are investigated, and which are mod-
ular enough to be constructed from more basic primitives,
such as, for example, in a PLA which is generated from
OR, AND, load, buffer, and glue cells [2].

In order to communicate with systems on other chips,
external 1/0 devices have to be provided in the periphery.
For this purpose, the following strategy will be applied:
data are exchanged at the external interface by means of
an asynchronous protocol which employs FIFO’s to buffer
the information. Because of this buffering, it is possible
to allow a small skew in the time references between the
on-chip and off-chip circuitry without causing conflicts.

The control of this entire I/O operation is distributed
over 2 levels. A fully synchronous protocol with *‘ready”’
and ‘‘acknowledge’’ signals is used for steering the com-
munication between the FIFO’s and the external devices.
Also, “‘empty’’ and ‘‘full’’ flags have to be provided in
the buffers in order to exchange the status. On chip, data
can be transferred from the FIFO’s to the processors and
vice versa in a synchronous way with read- or write-en-
able signals, similar to the interprocessor communication
described in Subsection II-C.
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Fig. 1. Definition of the system hierarchy. Illustration of the levels which
have been identified in the architecture definition.
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B. Hierarchical Processor Control

As already mentioned in Subsection II-A above, in or-
der to decrease the complexity of the overall design, a
modular approach has to be adopted, which allows us to
identify several levels in the system hierarchy (Fig. 1).
The same partitioning will now be applied for the design
of the controllers.

First of all, some of the FBB’s themselves require a
reasonably large set of control signals which can be
grouped and coded with a reduced amount of instruction
bits. This approach requires a local decoder to be stacked
on top of the bit slices in the data path. This hardware
tradeoff will usually be favorable due to the decrease in
microinstruction word length, and more importantly even,
the reduced number of wires carrying the control signals
to the data path.

Internally, the processors contain a set of EXU’s and a
single controller. The latter restriction has been made to
simplify the synthesis task. At this level, a microcode-
ROM, as the one of Subsection IV-A, could turn out to
be the most attractive option. Sometimes a particular EXU
can contain a local controller which acts as a slave to the
processor controller. The response of such a local se-
quencer is faster than for the pipelined microcode con-
troller. This will allow us to feed the decisions immedi-
ately back to the EXU without losing cycles due to
pipeline delays. An example can be found in the divider
of Subsection III-C-3).

Finally, entire processors which are performing related
tasks can be located at the same level in the hierarchy.
The intercommunication then has to be synchronized by
a common supervising control unit. Since the number of
processors is limited due to chip-area considerations, usu-
ally a single top level suffices. Essentially, from this point
of view, the processors can be regarded as black boxes.
After transmission of the START pulses, only the speci-
fication for the relative timing of the exchanged input and
output signal(s) has to be taken into account.

C. Interprocessor Communication
In this subsection, a number of efficient interprocessor
communication strategies will be discussed [4]. The
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choice between the options for a particular case will be
determined by the properties of the required transfers: the
number of sources and destinations, the required transfer
capacity, synchronism, matching of data rates, the con-
tention characteristics in the communication network, and
whether or not to include handshaking.

The routing and placement task for the processor mod-
ules has to be performed by a floor-planner. The connec-
tions will be routed in channels in between the function
blocks. Due to the usually very long communication tracks
between the processors, the capacitive load of the buffers
can become large (several pF). Therefore, these transfers
are latched (with a full register) and consume at least one
clock cycle.

Throughout this subsection, contention of the commu-
nication networks is, in general, considered as unaccept-
able. Indeed, in that case, part of the synchronism is lost
and the concepts of self-timed and asynchronous systems
(handshaking protocols) would have to be introduced
(which will be avoided for the time being). In most cases,
it appears to be more efficient to avoid the contention by
extending the number of independent communication
paths up to the number which is required in the algorithm
to be mapped.

A restriction also applies for the scheduling of condi-
tional jumps. If the actual times for the data transfers be-
tween the communicating processors are already known
at compile time [17], [32], they are available to compute
the skewing of the time reference for the processors in
advance. However, if data-dependent transfers between
the processors would be allowed too, the interprocessor
communication would become much more complicated as,
in that case, a full 2-way handshake protocol cannot be
avoided. Therefore, the latter option is not considered for
the time being.

However, the extension for allowing WHILE constructs
or FOR loops with variable indexes is not too complex and
is supported.

In the subsequent Subsections II-C-1)-3), several types
of intercommunication networks are discussed for multi-
processor architectures. They are classified based on the
rates of the two processors which have to be matched and
on the compatibility of the order of the data transfer.

In Subsection II-C-4), the hardware involved for the
components of the communication system (link, switches,
storage) is discussed more elaborately.

1) Processors with Matched Rates: In this simple case,
both processors can be directly connected to each other
without spending additional hardware, but in view of the
buffering latch, a separate clock cycle is necessary for the
transfer. In the most general case, multiple sources and/
or destinations have to be considered. So for establishing
a link, the introduction of a multiplexer is required to se-
lect one of the sources and a demultiplexer to distribute
the data to the correct destination(s) (Fig. 2). Both
switches can be directly driven with signals generated in
the master controller at the processor level.

In order to avoid the loss of information, an appropriate
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Fig. 2. Most simple interprocessor communication. Hardware for matched
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skewing of the data generation in the sources is necessary
[17]. Unfortunately, this approach usually implies a cor-
rection between the instruction sequences of the respec-
tive processors. Independent design of the processors then
becomes impossible. Hence, this option should be
avoided, unless it is verified that no collisions are intro-
duced. This could, for instance, occur if the global com-
munication happens very infrequently. In that case, the
tolerance on the absolute cycle time of the transfer will
be relatively large so that it can be matched between the
processors.

2) Processor Rates not Matched, But in Sequence: If
the source and the destination processor(s) are commu-
nicating the data in the same order, the only addition com-
pared to the previous subsection consists of a dual-port
FIFO-buffer which has to be introduced in between the
processors (Fig. 3). The number of registers has to exceed
the maximal skew (in terms of the number of interleaving
data) which is expected between reading and writing a
specific value. In principle, the destination processor can
read the data only once but, if necessary, this restriction
can be relaxed if the same sequence has to be repeated a
number of times. For this purpose, a cyclic FIFO should
be provided which keeps on generating the entire block
of stored data until its content is overwritten with new
data from the source. This action is obtained by means of
a two-way switch (see, e.g., [39]).

An easy way to solve the control requires only two
modulo counters, with one of them always indicating the
last item which has been entered, and the other pointing
at the oldest value stored in the buffer. So no complicated
address calculation unit (ACU) is necessary. The imple-
mentation as a feedback shift register with a unique “‘trav-
eling 1’ is even more efficient when special hardware can

‘be employed.

3) Processors with an Imcompatible Sequence of Data
Transfers: In order to avoid access conflicts in this most
general case, a double buffering of the source and desti-
nation data is necessary. This can be achieved by provid-
ing two separate memory sections which are alternatingly
addressed during two successive sample or frame periods.
One of the sections has to be assigned for the write op-
eration from the source processor. Simultaneously, the
designation processor can read the data from the other
section, updated there during the previous period. For this
purpose, a dual-port RAM is more generally suited than
a single port.
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Fig. 3. FIFO-based interprocessor communication. A dual-port first-in
first-out buffer is most appropriate if the data sent by the source are read
into the destination processor(s) in the same order. The control signals
CAdvWr and CAdvRd are used to advance, respectively, the read and
write pointers. The status signals SEmpty and SFull notify whether the
buffer is empty or full.

Such an organization, with two data ports, is required
to ensure that bus-collisions are avoided under all circum-
stances. However, as each of the variables which have to
be exchanged has to be stored twice anyway, the dual-
port memory can be more efficiently ‘‘modeled’’ by means
of two switched single-port memories (Fig. 4), occupying
a smaller area per cell. The switching of the data and the
addresses happens by means of a two-way multiplexer and
a demultiplexer controlling the link between the two com-
municating processors and the I/O and address ports of
both RAM’s.

In general, two separate address calculation units
(ACU’s) have to be provided. However, as the data are
not overwritten during one ‘‘block period,”” write ad-
dresses can be obtained with a modulo counter (i.e., in a
linear order). Hence, only the read addresses have to be
generated with a full ACU. Alternatively, if the size of
the RAM is not very large, the required address bits can
be coded directly into the ROM of the supervising con-
troller. In cases with lower data-transfer rates, it is also
possible that a single memory with only one port and one
ACU will suffice.

4) Implementation Considerations: It is important to
note that the proposed alternatives can be tuned further to
the algorithm under consideration by stripping any FBB’s
which are not strictly required. Furthermore, this com-
munication hardware can be repeated as often as desired
when a lot of data have to be transferred, but this will
rarely occur for the medium-speed applications.

The transfers themselves can happen in a parallel, a se-
rial, or an intermediate (hybrid) way. So they can be op-

" timally matched with the required frequency of exchange.

III. DEerFiNITION OF THE ExEcuTioN UNITS

According to our architectural approach, which has
been defined in the previous sections, each processor con-
sists of a controller steering a set of ‘‘strongly connected”’
execution units (EXU’s) [4]. In its turn, each EXU is
composed of a data path, which is possibly extended with
a local controller, and communicates with the others over
a network of customized busses. In this way, a very pow-
erful customized data path is constructed which is fully
tuned to the task to be performed.
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Fig. 4. Most general synchronous interprocessor communication. Two
switched single-port RAM’s with separate data and address busses are
alternatingly read and written over successive sample periods.

A. Introduction of the Five Prototype Data Paths

With the experience collected from a number of typical
design exercises, it has been found that a limited but weil-
chosen set of six prototype data path configurations suf-
fices to span most of the target applications. This selec-
tion consists of: a static RAM/ROM with the correspond-
ing address calculation unit. (ACU), a hard-wired
multiplier-accumulator, an iterative software-controlled
divider (cf. long-hand division), a comparator unit with a
MIN/MAX block for decision making (comparison of two
operands), a normalizer supporting the use of floating-
point operations, and finally, an add-shift-based AU. In
the latter, most general EXU, the adder can be possibly
exchanged with a more general ALU (as described in [22]
and already applied in [43]) which allows us to execute
several logical operations and some more advanced add-
subtract variants. These data paths have emerged as im-
portant building blocks during the architecture synthesis
phase in the design of several test vehicles (Section V).

Their general usefulness and applicability is evident.
Data memory is always required; the multiplier, the di-
vider, the comparator, and the ALU perform basic arith-
metic operations common to many DSP algorithms,
whereas the last two EXU’s are also suitable for decision-
making tasks (such as the evaluation of conditional
expressions in branches). Finally, the normalizer per-
forms scaling operations and supports the conversion be-
tween fixed- and floating-point formats, as required in ap-
plications with a very large dynamic range.

It should be noted that this choice has been made with
the intention to make a tradeoff between flexibility plus
efficiency, and the need to simplify the automated synthe-
sis of the processor architectures [32].

The main advantage of these EXU’s is situated in their
flexibility. If, for instance, a multiplication has to be per-
formed, a variety of realizations are available: either the
hard-wired multiplier is selected, or a shift-add-based it-
erative algorithm is executed on the AU or on the divider
data path. This type of flexibility helps to support the fol-
lowing strategy during the mapping of an algorithm to the
architecture: operations which occur very frequently, and
are correspondingly also time-critical, obtain a ‘‘re-
served’’ and ‘‘more optimally suited’” EXU. The crite-
rion for the optimality depends on the algorithm specifi-
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cations. So for low-speed audio and speech systems, an
attempt will be made to save area by selecting the most
flexible EXU’s (such as the ACU or the add-shift AU with
an adder/subtractor or with the general ALU) which can
cover a broad range of different operations. In this way,
a restricted number of EXU’s can handle the entire algo-
rithm. At the upper edge of the addressed spectrum, how-
ever, the speed rather than the area becomes the domi-
nating factor. So then also the ‘‘accelerators,’’ namely.
the hard-wired multiplier-accumulator, the comparator,
and the fast iterative divider will be required occasion-
ally.

Next, an attempt is made to map also the other, less
frequently occurring types of operations on the EXU’s
which have already been selected. Sometimes an addi-
tional EXU will have to be included, namely, when the
specified seed requirement cannot be met by the ones al-
ready available. In this way, the instructions can be evenly
distributed over the EXU’s, and the number of idle cycles
introduced during the microcode sequencing [17], [32] can
be minimized. Consequently, the inherent parallelism
available in the algorithm is fully exploited by means of
the concurrently operating EXU’s.

In order to further increase the area efficiency, the data
paths are kept parameterizable: both structural (word-
lengths, reg-file size, shift-factors) and electrical param-
eters (load capacitance of the buffer-drivers) can be as-
signed in discrete steps. Also, the basic circuits as used
in some of the FBB’s can be adapted to match the speed
requirements: an adder/subtractor can operate linear in
terms of the signal word-length (Manchester carry-chain,
carry bypass, etc.) or sublinear (carry select or look-
ahead). Finally, also the degree of pipelining can be a
parameter, such as in the multiplier/accumulator unit.

Along with the modifications already mentioned, also
the construction of the EXU’s themselves can be slightly
varied according to the specifications, in the sense that
idle operators are skipped. If, for instance, the final ac-
cumulation is not required in the multiplier-accumulator,
it could be left out of the prototype-EXU configuration in
order to save area. Furthermore, also another cell type can
be selected: not all latches have to be externally con-
trolled or statically store the information; and sometimes
it is better to exchange a register file with a single dy-
namic register.

B. Timing Considerations

Throughout this paper, a clock period of 100 ns will be
assumed for the synchronous operations, evenly distrib-
uted over two nonoverlapping clocks Phil and Phi2. All
input(s) to the EXU’s are conditionally read into a mas-
ter-slave type of register (which combines two latches
controlled by Phil, respectively, Phi2). A full register file
with up to eight words is located at both EXU inputs,
to be used as ‘‘foreground memory,’’ which can be ad-
dressed in the same cycle as the other operations (this in
contrast with a RAM). The use of these distributed reg-
ister files helps to solve the data communication and

memory access bottlenecks by keeping temporary vari-
ables local. After the computation is finished, a tristate
buffer conditionally drives the output bus of the EXU.

For all the EXU prototypes, only the minimal level of
pipelining has been introduced so far, namely, one stage
in each EXU except for the multiplier-accumulator where
a second stage has to be foreseen if the word length of the
multiplicand exceeds 10 bits.

C. Detailed Discussion of the Six Data Paths

In the next subsections, each of the identified EXU’s
will be discussed in more detail. The nomenclature for the
signals in the figures has been standardized in the follow-
ing way: names of signal-nodes begin with the letter “‘N,”’
control signals start with ‘‘C,”” and ‘‘status signals’’ or
flags (e.g., sign of adder/subtractor result) are preceded
with ““S.”” The latter are routed to the control unit (see
Section IV) in order to evaluate the decisions.

1) Static RAM: The static RAM will be used as ‘‘back-
ground memory’’ in the processors, but can also be lo-
cated in between the processors to control the intercom-
munication (Subsection II-C). As already mentioned, a
dual-port type is not strictly required for this task. The
addresses are computed in an address calculation unit
(ACU) which supports indexing (addition of base-address
and offset) and modulo-counting facilities. Indeed, when
reading, for instance, a table over and over again, it is
interesting to use a programmable modulo-block for de-
termining whether the offset within a table reaches a spe-
cific maximum after which it is reset to zero. The pro-
posed ACU-design of Fig. 5 (similar to the one in [43])
is both compact and powerful. In addition to address com-
putations, this ACU will be used for evaluating the index
counter of FOR loops by means of the dedicated compar-
ator blocks.

2) Multiplier-Accumulator: Most currently available
DSP’s (e.g., [10] and [20]) contain a parallel multiplier
(Fig. 6) combined with a slightly wider accumulator on
chip. When many variable-by-variable multiplications
have to be implemented, this approach is the most attrac-
tive. Both inputs in Fig. 6 can be read from the same
(when squaring is necessary) or different busses. More-
over, the data width at the accumulator is larger than the
word length at the inputs. This extended signal range is
only reduced again when the product has to be written
onto the output bus. A special format block (program-
mable shifter) is introduced for this purpose. Another
structural parameter is available in the accumulator where
either an adder or an adder/subtractor is placed.

3) Iterative Divider: In Fig. 7, a very effective, itera-
tive divider EXU is shown. The detailed operation of this
software-controlled unit is discussed in the appendix. This
EXU allows to compute efficiently the quotient of two
positive or negative two’s-complement numbers, gener-
ating 1 bit each cycle. The numerator (N ) and the denom-
inator (D) are initially read into Regl and Reg3, respec-
tively. Next, the quotient (Q) is bitwise assembled in
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Fig. 6. Hard-wired multiplier-accumulator. At both inputs of this EXU, a
register file with appropriate read and write addresses is available. The

accumulator has both add and subtract capabilities. The feedback input
can be disabled by the CACC signal for initialization purposes.

Fig. 7. Divider EXU. Flexible and powerful iterative software-controlled
divider unit. Essentially, three parts can be identified in the data path.
They are steered by means of a local controller (see the appendix).

Reg4 which is essentially a serial shift register when com-
bined with the up-shifter Sh4. When the desired accuracy
has been obtained, Q can be read out from Reg4 to an-
other module over a dedicated bus. As opposed to con-
ventional designs, the correct alignment between N and
D is taken into account automatically, so no scaling has
to precede this division.

During its operations, this EXU should be steered by a
““slave controller,”” which is initiated with a START pulse
from the supervising controller at the moment when the
division is scheduled. In this way, the divider becomes a
self-contained EXU module. The wide range of purposes
for this module can be illustrated by the fact that the in-
troduction of another simple slave controller also allows
to perform, for instance, a parallel-serial multiplication in
as many cycles as the coefficient word length.

4) Comparator Unit: In the fourth EXU, decision op-
erations (comparison) are supported (Fig. 8). The status
information available in the STH and STD signals indi-
cates which of the two operands is the largest and whether
they differ or not. This unit is suited to determine the min-
imum or maximum of a (long) sequence of data, or for the
efficient evaluation of expressions of the type A = B or
A > B (where 4 and B are variables) as occurring in con-
ditional branches.

5) Normalizer Unit for Floating-Point Conver-
sion: When floating-point operations have to be sup-
ported, they usually can be restricted to a critical but small
part of the algorithm. Therefore, it is interesting to allow
mixing them with conventional fixed-point operations. For
this purpose, a normalizer unit for the conversion in both
directions is required. Such an EXU is proposed in Fig.
9. For the conversion of a fixed-point number into a float-
ing-point format, a unit to extract the most significant
nonzero bit can steer a variable shifter. This results in a
correctly scaled mantissa and an exponent. In the other
direction, the floating-point number can control the vari-
able shifter to produce a fixed-point equivalent. It should
be remarked that this unit is also useful as a data program-
mable shifter, for instance, in block floating-point appli-
cations.

6) General Add/Shift Arithmetic and Logic Unit: The
majority of the applications require a variety of logical
and arithmetic operations. Most of the time, the number
of required cycles per instruction is of less importance,
and it would be unreasonable to include special-purpose
FBB’s for all the conceivable operations. A more inter-
esting strategy consists of providing a programmable
multipurpose type of ALU (Fig. 10). In this last EXU,
both arithmetic operations (add/subtract-shift) and logic
operations (AND-OR-EXOR) are combined. The main
part of this EXU consists either of a fast adder/subtractor
or a general ALU of the type described by Mead and Con-
way [22]. The latter module contains a carry block in
combination with three fully programmable general func-
tion blocks (GFB’s), namely, Kill, Propagate, and Result
(Fig. 11) which require each four control signals. Most
common special DSP functions can then be ‘‘modeled’’
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by means of a concatenation of operations selected from
the 16 basic ones in each GFB.

This FBB is potentially followed by a saturation unit
which is very useful for overflow protection purposes. Af-
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Fig. 11. Mead-Conway ALU. General arithmetic and logic unit with three
general function blocks [{22] each steered by a set of four control signals.

terwards, the result can be scaled by means of a logarith-
mic shifter. The arithmetic part of the data path can also
be applied for a shift-add-based multiplication with a fixed
or variable coefficient in binary or canonical-signed-digit
(CSD) code [37]. An iterative division of two positive
numbers with two cycles per quotient bit can be scheduled
too. Apparently, this EXU is very powerful and all arith-
metic operations which can be expanded into a combina-
tion of adds, shifts, and logical operations can be accom-
modated on it, even though it can cost a lot of cycles. In
this way, it will become the ‘‘work horse’’ of the archi-
tecture, and only when the specific operations are per-
formed too slowly with regard to the throughput specifi-
cation, the other accelerator EXU’s will be added.

It should be noted that variable shifters could be in-
cluded in both of the branches before the ALU [4]. This
would allow for a cycle reduction in many applications.
However, the increased flexibility complicates the auto-
mated data path synthesis task considerably, and this op-
tion has therefore been omitted at present.

D. Layout Generation

As already pointed out in Section III-A, the described
EXU’s are parameterizable and, moreover, it should be
possible to skip idle FBB’s. Therefore, the module gen-
erators which provide the layout view of the FBB’s in
conjunction with the functional, circuit, and other level
models, have to be powerful enough to support this flex-
ibility. In order to reduce the area dedicated to intercon-
nect, a following floor-planning technique has been
adopted where the FBB’s are connected to each other al-
most entirely by abutment (or fitting) [4]. The inter-FBB
and even some of the inter-EXU connections will be ac-
commodated in free tracks running over the cells (Fig.
12).

The list of the required data path FBB’s for the four
prototype EXU’s (excluding the RAM) is very limited:
conditionally clocked and ‘‘normal’’ static or dynamic
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Fig. 12. General FBB connection strategy. Mainly, abutment is applied
between the FBB’s within the EXU’s. In total, five predefined tracks are
available to support routing over the FBB’s.

registers, variable up and down shifters, AND gates,
de(multiplexers), adder/subtractors, a logarithmic com-
parator, a general ALU, a parallel multiplier, and maybe
an accumulator, but the latter could also be expanded as
in Fig. 6. So the effort to maintain the library when the
technology is updated can be kept within reasonable lim-
its, especially if cells are stored in a procedural/symbolic
form {8]-[9]. A library of cells has been developed in a
double metal 3 um n-well CMOS technology.

E. Processor Assembly

For the inter-EXU communication, basically two op-
tions are available. In the dual-bus strategy, the EXU’s
are connected to at most two busses along conditionally
controlled I/O ports. In this case, a general scheduling
mechanism will be required in order to avoid data con-
flicts. This approach applies for most members of the new
generation of general-purpose single-chip DSP’s [10]
where the possible communication channels are not known
in advance. But this scheme suffers from the disadvantage
of a decreased time efficiency, due to the bus-congestion
problems which can cause the introduction of NOP’s.
Moreover, a more complex scheduling control is re-
quired, which will increase the constraints for the micro-
code scheduler in the compiler, resulting in both a soft-
ware- and a hardware-overhead. )

In contrast, we have chosen for an alternative where
the EXU’s are communicating over a number of dedicated
busses. With this strategy, the clocked transfers are
scheduled at the end of the Phil-phase and do not take a
separate cycle, as opposed to the processor communica-
tion of Section II-C. The multibus fixed interconnection
strategy, which is advocated here, requires somewhat
more area for the busses than the dual-bus scheme. But
this problem can be alleviated in a double metal technol-
ogy by allowing routing over the cells, since enough rout-
ing channels (i.e., tracks) are available as already men-
tioned in Section III-D. Moreover, still at most a few
physical tracks will be required over the entire range of
_ the data paths because they will be split up into several
local “‘busses.’” In this way, congestion and data conflicts
will be completely avoided, again resulting in an in-
creased efficiency compared to the general DSP’s.

For the assembly of the EXU’s into a processor, again
several strategies can be applied [4]. In general, a fully
automated or user-driven floor-planner should be respon-
sible for assembling these blocks into a more or less rect-
angular frame.

IV. APPROPRIATE CONTROLLER ARCHITECTURES

In the present multiprocessor design methodology, the
following phases can be identified in the synthesis of an
algorithm onto a processor [4]. In a first step, the algo-
rithm is partitioned into a number of subtasks which can
be mapped independently [16], [32]. Then for each sub-
task, a number of EXU prototypes (Section III) are se-
lected to produce a suitable data path. This selection can
be based on the user’s experience or can be performed by
an easy to extend, rule-driven synthesis tool tuned to the
target applications [32], [42]. Finally, the primitive op-
erations in the algorithm can be scheduled and mapped
into a control section [17].

The controller generation task heavily depends upon the
nature, of the selected architecture. A variety of suitable
organizations is available in the literature [6]. The opti-
mality of a particular architecture depends on the algo-
rithm under consideration. We consider microcoded con-
trollers, sequential state machines, glue logic, or a
feedback shift register. All these alternatives will be dis-
cussed below. A novel ‘‘multiple-branch’’ architecture,
totally suited for DSP applications containing a consid-
erable amount of decision making, will be proposed first.

A. Microcoded Controller for Branching Purposes

1) Motivation: In many applications where decision
making has to be handled, the microcode can become
much more optimal when a multiple-branch instruction is
available (for examples, see Section V). In the conven-
tional architectures [10], [20], these multiple branches
have to be split up over a number of consecutive condi-
tional jumps (see also [6]). In this way, both instruction
cycles (resulting in a decreased throughput specification)
and ROM area are sacrificed in order to keep the control-
sequence generation as simple as possible.

In this paper we present a controller architecture (Fig.
13) where this situation can be avoided. Instead of pro-
viding a special branch-instruction format such as the
““JMP to address’’ in the conventional program ROM [6],
jump addresses are now separately stored in a second
memory called ADRMEM. During the normal program
execution, the program counter PC is incremented with
the INC operator. However, when some type of jump is
required, the multiplexer MUX selects the output of
ADRMEM instead to become the next PC value. In the
case of a data-dependent branch, the status signals gen-
erated in the EXU-data path(s) have to be collected and
interpreted first in a finite state machine (FSM) in order
to decide on the appropriate next-state address. In either
case, contrary to the solution applied in conventional mi-
Croprocessors, no separate cycle has to be foreseen to ex-
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Fig. 13. Microcoded control architecture especially suited for multiple-
branch instructions.

ecute the jump instruction as the normal arithmetic oper-
ations can proceed simultaneously, in parallel.

1t should be stressed that, in this paper, especially the
architectural aspects are investigated. Other researchers
have already proposed to ‘‘compact’ the microcode by
means of advanced scheduling techniques on conven-
tional microprocessors (e.g., [11]). But, in that case, the
architecture of the control units is not suited to fully ex-
ploit the available parallelism. Moreover, multiple-branch
instructions cannot be accommodated either. These con-
structs are only handled in the new design of Fig. 13.

2) Algorithmic Aspects (Programmer’s View): If a
branch is executed unconditionally, the finite state ma-
chine (FSM in Fig. 13) can generate the appropriate ad-
dress based on the value of a restricted number of bits
grouped together in a jump-address field (JAF) which is
reserved in the instruction-register IR. This information
is required by the FSM to distinguish between the differ-
ent program steps where jumps do occur. The JAF field
can remain all zero in case the PC just has to be incre-
mented. Otherwise, these bits represent the newly consid-
ered location in the program ROM (in a coded form). On
the other hand, conditional jumps will depend on the sta-
tus bits available from the data paths, from the address
calculation unit (ACU) for the RAM’s, or other infor-
mation sources (see Section III for examples). Hence, the
appropriate status bits have to be included as additional
inputs to the FSM. In this way, the desired location of the
ROM word, which should be evaluated during the next
instruction cycle, can be derived. When the Boolean
expression implemented in the FSM remains ‘‘false,”” a
normal PC increment will be activated. A ‘‘true’’ condi-
tion, however, results in a jump to the desired address
stored in ADRMEM. As already mentioned for the un-
conditional case, the branch address will also depend on
the actual ROM location and thus on the contents of the
corresponding JAF jump-address field.

The same strategy applies for a multiple-branch in-
struction too. But the appropriate jump address now has
to be selected from a number of alternatives stored in
ADRMEM, depending on the actual set of status-bit val-
ues. In this case, the JAF field is not associated with the
jump address any longer, but only with the instruction
where the multiple branch is located.

Subroutines can be realized too, in a restricted way at
least, making use of special status bits which are cleared
or set prior to the jump to the subroutine body. However,
relatively more hardware has to be spent than in the con-
ventional architectures where a dedicated stack is avail-
able. Notice that the restrictions mentioned here do not
apply for the type of ‘‘subroutine’’ encountered inside a
FOR loop.

3) Floor-Plan and Implementation Considerations: A
generally applicable floor-plan strategy is difficult to be
presented, as the constraints imposed by the correspond-
ing data path(s) and the relative values of the structural
parameters such as the aspect ratio’s will influence the
“‘optimal’’ solution in a major way. Therefore, the mod-
ule generator in the controller environment should select
an appropriate controller floor-plan from a set of stored
ad hoc approaches for each particular application.

The FSM can be split up in two parts as illustrated in
Fig. 14. The output of the ‘‘status-FSM*’ (FSM1) can be
thought of as a set of condition-code bits (register CC).
When necessary, these CC bits can be fed back to the
input of FSM1 (dashed line) and they could be set or
cleared by means of a dedicated instruction field in the
IR. This solution becomes more attractive when the in-
formation stored in previously generated CC-bits can be
reused in the Boolean expressions for other jump condi-
tions. However, the tradeoff between the two alternatives
(with or without CC-register feedback) cannot be solved
without taking the actually involved parameters into ac-
count, and thus depends on the application.

It should be noted that when the number of (multiple)-
branches is relatively large (50 percent or more) in com-
parison to the ‘‘normal’’ arithmetic instructions (and in
practice this situation appears to occur frequently), it turns
out to become more efficient to implement the triplet or
the jump-address memory, the program counter, and the
incrementer by means of a full ‘‘sequencer’’ FSM (e.g.,
a PLA). So the entire controller would then consist of the
program ROM (including the jump-address field) steered
by the ‘‘address’ information generated in a partitioned
FSM (or PLA) as illustrated in Fig. 15.

1t can be concluded that as a crude strategy, the pro-
gram ROM with an incrementer and a single FSM is very
well suited for situations with relatively few branches
(e.g., 20 percent or less). When more than 50 percent of
the instructions contain a branch, the option with two
FSM’s and a ROM is more appropriate. In between these
two extremes, the tradeoffs between all the different so-
lutions have to be studied in more detail.

4) Timing and Pipelining: In the controller of Fig. 13,
three pipeline stages (each covering one clock period) can
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be identified in the critical control path: the first one is
situated between the IR and the location where the status
signals emerge from the data path. A second stage extends
up to the evaluation of the ADRMEM. The last section is
situated between the PC (output of MUX) and the IR
which closes the loop again.

One important consequence resulting from this strategy
constitutes the required delay of two cycles between the
instruction where status bits are generated and the pro-
gram step where the scheduled branch address is vali-
dated depending on the conditional expression coded in
the FSM. So, in between, two ‘‘independent’’ instruc-
tions should be introduced. This situation is similar to the
delayed branch option available in RISC architectures
[26]. If these operations are not available, NOP’s have to
be included. As a result, strategies have to be developed
in the microcode scheduler [17], [32] to avoid these idle
cycles as much as possible.

Anyway, if the multiple-branch instruction would be
implemented with a number of successive conditional
jumps, the same problems would occur and the number
of required execution cycles would even grow consider-
ably larger [6].

5) Evaluation in Our Multiprocessor Environment: In
Table I, a comparison with regard to the required cycle
count is made for three different program constructs re-

TABLE I
COMPARISON BETWEEN THREE CONTROLLER ARCHITECTURES EVALUATED
FOR THREE IMPORTANT PROGRAM CONSTRUCTS. THE INSTR ENTRIES ARE
INSTRUCTIONS INDEPENDENT OF THE CONDITIONAL OPERATIONS. THE DEC,
JMP, AND CIMP INSTRUCTIONS ARE DECREMENT, JUMP, RESPECTIVELY,
CONDITIONAL JUMP OPERATIONS

Program Classic RISC-based Solution
construct Controller Controller of Fig.4.1
DEC DEC INSTR+DEC
FOR-loop CJMP CIMP INSTR
NOP INSTR INSTR+CJIMP
Overhead 3 2 1
CJIMP CJMP INSTR+CJMP
NoP INSTR IF block
IF THEN IF block IF block INSTR+CIMP
ELSE JHP JHP ELSE block
NOP INSTR
ELSE block ELSE block
Overhead 4 2 0
CJMP CJIMP INSTR+Jumps
NOP INSTR Combined
Case 1 Case 1 Case 1
Multiple JMP JMP Case 2
Branch NOP INSTR e
(with N Case N
options) CJMP CJMP
NOP INSTR
Case N Case N
Overhead 4N-2 2N-2 0
lated to decision making: a FOR loop, a single

(un)conditional jump, and the multiple branch. Three dif-
ferent controller architectures are considered: a classical
microprocessor controller with a ROM, PC, and INC; an
RISC-based processor [26] including the ‘‘delayed
branch’’ option; and finally, the proposal of Fig. 13. For
each of them, the required number of ‘‘overhead’’ in-
structions is calculated, i.e., program steps in which no
arithmetic operations directly contributing to the execu-
tion of the algorithm are performed. In all cases, our ar-
chitecture outperforms the other solutions, and this with
a relatively small hardware overhead, if any. In fact, the
test on the FOR-loop index could for instance be shared
with normal RAM-address calculations on a single ACU-
EXU.

One of the primary reasons for these results stems from
the fact that the jump address mechanism in our architec-
ture, i.e., the status FSM and the sequencer, is com-
pletely separated from the control signal generation by
means of the program ROM and the PC. This approach is
entirely different from conventional controllers [6] where
both control words and jump addresses are combined into
a single ‘‘microcode’’ program ROM. Obviously, such an
organization is very attractive in general-purpose appli-
cations where the entire program has to be loadable.
However, when this restriction is removed, the parti-
tioned architecture, as presented here, becomes much
more suitable due to its flexibility and hardware effi-
ciency.

It should be stressed, however, that the figures in Table
I apply to the best cases, i.e., when enough ‘‘indepen-
dent’’ instructions can be introduced between tests and
the actual jump execution [see Section IV-A-4)].
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It can be concluded that the controller architecture pre-
sented here allows us to perform most of the program con-
structs required in the decision-making part of an algo-
rithm in a close to optimal way. Features such as (nested)
subroutines can still be realized in a suboptimal way. De-
pending on the application, the architecture can be
“‘stripped,’” and only the essential building blocks have
to be retained. For instance, in some cases, no CC-reg-
ister or even an FSM is required. Therefore, because of
its generality and flexibility, this type of microcoded con-
troller and its many *‘stripped’’ versions will be selected
with the largest priority in the first version of the silicon
compiler which is being developed at IMEC. It covers
indeed the entire range from rather straightforward pro-
grams with few jumps to very complicated algorithms
containing multiple branches.

B. Other Control Structures

The microcode ROM approach is very general, but for
particular cases other solutions can become more attrac-
tive, especially in terms of area. It should be stressed,
however, that the burden for the microcode compiler in-
creases considerably if such a choice has to be made. In
the future, the CAD tools [9] will be gradually extended
to allow for some of the other alternatives which are dis-
cussed now.

1) Sequential State Machines: 1f some part of the al-
gorithm can be completely described by means of condi-
tional transitions between a limited set of ‘‘states,’’ the
sequential state machine as, for instance, discussed in [18]
constitutes a very efficient implementation. In this case,
the status bits generated in the data path sections, can be
directly used to steer a single FSM which computes all
required control signals. The FSM can, for instance, be
realized as a Weinberger array or as a minimized and
folded PLA with feedbacks (by means of an appropriate
“‘module generator’’ [2]).

2) Random Logic: In the absence of (complex) deci-
sion making, the length of the periodically applied ‘‘pro-
gram’’ usually remains very small, and this allows for the
use of a combinatorial block with ‘‘random logic,”” real-
ized as a two-level or multilevel logic array [38] which
can be partitioned or folded, or by means of logic gates
available in a standard-cell library. In some special cases,
this type of controller could even be reduced to a single
line, as it is the case for the STSIGN signal in the divi-
sion-EXU of Fig. 7, or in the MIN/MAX block of Fig. 8
when the minimum of a data sequence has to be deter-
mined. During the implementation phase, the combina-
torial or sequential logic can also be partitioned over sev-
eral almost independent and smaller units, each taking
care of a small subset of control signals.

3) A Feedback Shift Register with Additional Logic
Circuitry: A simple 1-bit shift-register with a ‘‘running
1”” which is fed back (Fig. 16), suffices when cyclic sig-
nals with a small period are necessary. When the period
is limited to 3, all the required sequences can be generated
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Fig. 16. Block diagram for a 1-bit feedback shift register. All possible
sequences of control signals can be generated for a period of three cycles
when three sections are cascaded.

[4]. Otherwise, a tool would be required to assign the
don’t cares in an ‘‘optimal’’ way to avoid the forbidden
combinations. It should be noted that this architecture can
also execute simple branches if the running 1 is controlled
by means of additional multiplexers located in between
the registers. Moreover, more complex control se-
quences, for instance, extended over several cycles or with
more than a single 1, can be composed of several basic
shift-register outputs by providing additional hardware,
i.e., logic gates based on simple AND’s and OR’s (Fig.
16).

V. TEST VEHICLES FOR THE MULTIPROCESSOR
ARCHITECTURE

In order to evaluate the proposed multiprocessor archi-
tecture and to demonstrate the efficiency and power of the
approach, a number of test vehicles will be discussed.
Most of them have been chosen in the application domain
of speech processing, namely, coding and recognition,
where the desired throughput and sample rates in the sub-
systems range from reasonably low, i.e., 8 kHz at the
DFT end, to medium in the dynamic time warping (DTW)
unit. Arithmetic (in the DFT and DTW) as well as com-
plex decision-making operations (in the pitch estimation
and the endpoint detection) are involved. Also, a distinc-
tion has to be made between block-oriented algorithms
such as the DFT-FFT and pitch extraction modules, and
scalar operations (filtering) or matrix-type operations as
for the dynamic programming in the DTW.

The architecture is further being evaluated with appli-
cations such as an adaptive echo canceler, a high-speed
modem, an interpolator for use in a compact-disk unit,
and a singular-value decomposition module.

Every subsystem of these different types of DSP algo-
rithms can be accommodated on the different types of ex-
ecution units presented in Section III. For almost all of
them, a very efficient realization in terms of the cycle
count, comparable to full custom approaches, can be de-
rived by balancing the required operations as much as
possible over the allocated hardware resources. If, for in-
stance, a 1024-point Fourier transform has to be evalu-
ated, the FFT program on general-purpose processors
such as the ones described in [10] takes at least 3 times
more cycles than the realization of Section V-A. The flex-
ibility of the architectural methodology is essential in or-
der to keep all execution units occupied during the many
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instruction cycles which are available at the nominal 10
MHz clock rate.

Concerning the area costs, our architecture will in gen-
eral save a lot of space compared to general-purpose pro-
cessors because of the application-specific nature (Section
V-D). So no overhead is implemented on chip. Of course,
some area will be lost compared to the full-custom ap-
proach due to the use of the relatively small FBB-library
and the fixed connection strategies. But this figure will be
less than 20 percent in most of the cases, and the reduced
design time offered by the automated synthesis environ-
ment CATHEDRAL-II [9], [32] will more than compen-
sate this minor disadvantage. The area figures which will
be mentioned in this section apply for an FBB library de-
signed in a double metal 3 um n-well CMOS process. The
typical clock rates which can be achieved amount to 10
MHz. These sizes should be scaled if more advanced
technologies (as for the off-the-shelf processors) become
available.

In the next three subsections, a few of the applications
will be analyzed in detail. First of all, the basic DFT and
FFT operators will be discussed. This DFT/FFT operator
can serve as the front end for a high-quality pitch extrac-
tor for speech, which is the topic of Section V-B. Some
other typical blocks in a global speech analysis system,
such as the one described in [23], will be handled in Sec-
tion V-C. Finally, a decision feedback equalizer for ISDN
will be discussed in Section V-D. For the latter applica-
tion, a more detailed comparison to other approaches will
be made.

A. Efficient DFT and FFT Implementations

The discrete (DFT) and the fast Fourier transform
(FFT) [34] constitute very important subtasks in many
DSP applications. Therefore, a study has been made of
the performance of the architecture for both DFT and
FFT. If the DFT algorithm is coded straightforwardly on
a multiplier/accumulator execution unit. (EXU) [see Sec-
tion IT1I-C-2) ], the sine and cosine coefficients only have
to be available for the N possible discrete steps of the
argument, due to the periodic nature. So they have to be
stored in a large coefficient ROM. In [13] an alternative
method is suggested which avoids this storage overhead
at the cost of an increased number of computations and a
somewhat reduced accuracy. In that case, only the basic
coefficient values for the primitive angles with indexes i
= k = 1 are required, so the ROM can be eliminated
entirely. The DFT sums are now accumulated in an iter-
ative way, and the influence of the sine and cosine coef-
ficients is gradually built up for every complex partial sum
P. In [4] an efficient architecture has been designed based
on the proposed strategies in Sections II-IV. After the
scheduling, the resulting code does not include any ‘‘idle’’
cycles without arithmetic operations. In this way, the DFT
program requires only 6 + 5 + (N — 1) cycles per DFT
value. Alternative signal processing architectures [10] will
need about twice that amount. :
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If the DFT is used for the pitch extractor application in
Subsection V-B, a cycle count of 82K cycles and an active
area of about 8.4 mm’ is needed.

Also, for the radix-2 decimation-in-time FFT scheme,
an architecture has been derived [4]. The FFT algorithm
can be executed in situ which means that the intermediate
values X computed in every stage are overwriting the pre-
vious variables on that row. The major problems in im-
plementing the FFT are located in the address generation
for the many required operands. But the flexibility of our
ACU design (Fig. 5) avoids the loss of idle cycles. Hence,
similar results as in a full-custom approach can be ob-
tained. In this way, an N-point FFT requires a total
amount of only (2N + 2) - log (N) + 3 cycles. The
area-time tradeoff will thus be in favor of the FFT for
large values of N. If, for instance, a 1024-point Fourier
transform has to be evaluated, the DFT requires 2621K
cycles whereas the FFT takes merely 20.5K cycles. Al-
ternative general-purpose processors such as the ones de-
scribed in [10] take much more time, namely, between
60K and 130K cycles.

It must be mentioned that even higher throughput rates
can be obtained by partitioning the computation tasks for
the FFT over multiple (pipelined) processors.

B. Pitch Estimation for Speech Analysis

An accurate algorithm for the extraction of the *‘pitch’”’
from a speech signal has been proposed in [39]. The es-
timation is performed by studying the matching between
the maxima of the frequency domain spectrum of the sig-
nal (obtained from a DFT on the windowed signal) and a
set of predefined patterns (40 in total.) The system can be
divided into five subtasks as illustrated in Fig. 17. After
the DFT, the amplitude spectrum and the absolute maxi-
mum (threshold) are computed. The first 8 maxima above
the threshold are derived in the third unit and compared
to the 40 predefined patterns in module 4. In a last step,
the precise value of the pitch is computed. This block-
oriented algorithm exhibits both purely arithmetic (DFT-
stage) and decision-making (harmonic sieving) opera-
tions.

In many ways, this application is very typical for a large
part of the DSP class. Therefore, the selection of the ex-
ecution units (Section III) has been partly matched toward
the functions which are required, i.e., memory access
(FIFO or RAM including the address calculation unit),
fast multiplication/accumulation, iterative divison, and
add/subtract operations including multiple-branch deci-
sion-making dependent on the data path results (Sh/Add/
Comp EXU and multiple-branch controller).

The algorithm has been manually, and partially auto-
matically, mapped into the defined target architecture. The
results are collected in Table II. It should be noted that
with the obtained cycle counts, the achievable frame rate
amounts to more than 3 kHz. In this sense, this exercise
shows the potential performance of our architecture in
terms of the achievable data rates. For an efficient reali-
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Fig. 17. Subtasks in the pitch extraction algorithm. Illustration of the par-
titioning into processors. In front of these 4 modules also, a DFT unit

has to be included.

TABLE II
SYNTHESIS EXERCISE FOR PITCH EXTRACTOR. RESULTS OF THE ACTIVE AREA
AND CYCLE TIME ARE SHOWN FOR EACH OF THE PROCESSOR MODULES

Modules Ampl Max Sieves | Pitch { Total
Data path (mm2?)| 3.0 4.3 8.3 6.1 29.5
Controller(mm?)| 0.6 1.6 2.6 4.1 9.5
Buffers (mm?) 3.3 3.7 1.0 0.5 24.7
Total Area(mm?) 6.9 9.6 11.9 10.7 63.7
Cycle count 1225 661 2845 240 -

" zation of the pitch extraction at the specified speed [39],
the entire algorithm has to be scheduled on a single gen-
eral-purpose data path. For this reason, also the flexible,
general ALU unit of Section III-F has been included in
the EXU list.

The active area needed for the total system including
the DFT and the buffers equals 64 mm?® in a 3 pum CMOS
process. Additionally, about 20 mm’? will be needed for
the interconnect. This will still fit onto a single chip as
opposed to the 3 chip solution in [44]. As an example,
the architecture for the Sieves module is illustrated in Fig.
18. It should be noted that an alternative realization for
this module results in an area of 5.9 mm® ( — 50 percent)
and a cycle count of 4284 ( + 50 percent). A similar ar-
gument applies for the DFT which could be substituted
with a much faster but also considerably larger FFT.
These examples clearly demonstrate the area-time trade-
offs which are feasible with our approach.

C. Typical Architecture Modules for a Speech Analysis
System

Speech synthesis/recognition [35] is becoming a very
important topic in current DSP systems, especially for of-
fice and telephone applications. The kernel of such a
speech recognition system consists of an assembly of ded-
icated functional units [33]. First, the feature extraction
for the speech model has to be performed, based on short-
time spectrum analysis with filter banks, or on linear pre-
dictive coding (LPC). This stage is followed by the nor-
malization and segmentation algorithms where, for in-
stance, the end-point detection for the words is executed.
Next, the patterns have to be classified with respect to
some reference patterns or templates. Finally, the syntac-
tic and semantic analysis resulting in the actual speech
understanding is performed.

The system which will be considered in this paper is
the one described by Murveit er al. [23], [24]. It is in-
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Fig. 18. Architecture for the Sieves module. For the data operations, a
stripped Sh/Add/Comp AU, a local data RAM, and a constant ROM are
provided (a). For the address computations and the control of the FOR
constructs, an appropriately stripped ACU is available (b). A multiple-
branch control unit (Section IV-A) has to steer the entire processor.

]

tended for real-time speaker-independent, isolated word
recognition, although the extension to connected speech
is possible. The vocabulary size is restricted to 1000
words. The system (Fig. 19) incorporates a front end pro-
viding the essential word features and a recognizer which
is based on a dynamic time warping (DTW) scheme.

In [4], an efficient architecture has been proposed for
each of the front-end tasks which meets the throughput
specification. It is concluded that a single EXU suffices,
with an estimated area of about 3.8 mm?. The data RAM
which has to be included takes another 3.5 mm?. To these
figures, the contribution of the 1/0 modules, the control
unit, and the routing have to be added. The complete sys-
tem will occupy about 10 mm?. For the dynamic time warp
module, the total area for the EXU’s can be estimated as
6.1 mm?. In addition to this, the row memory and the
corresponding ACU contribute 6.7 mm?, and the input
buffer plus the ACU for the template memory, take an-
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blocks is followed by a dynamic time warp module with the decision
process. The speech is entered by means of a microphone and the rec-
ognition results are shown on a terminal.

TABLE III
RESULTS FOR THE DECISION FEEDBACK EQUALIZER. A COMPARISON OF THE
AREA CoST AND THE TOTAL CYCLE COUNT IS MADE WITH THE
ARCHITECTURES PROPOSED IN [20] AND [29]

Architectures [20} [29] Sc2-4

Total area(mm?)| 3 DSP’'s 20 6.6

Total cycle cnt 80 34 25

other 4.2 mm?. Hence, the total active area without con-
trol unit or routing amounts to 17 mm®. It should be noted
that this pipelined architecture meets the throughput spec-
ifications with a hardware parallelism of only 2 [4]. This
leads to the conclusion that the rigorous 2-D systolic ap-
proaches, such as the one advocated in [5], are not nec-
essary in this type of application.

The total area estimations indicate the feasibility of a
single-chip solution for the entire system, i.e., both the
front end and the pattern matching DTW module. Only
the 1.2 Mbit template memory has to reside off chip [4].
These results compare favorably to the dedicated silicon
implementation in [19] and substantiate the power of our
approach.

D. Decision Feedback Equalizer

As a last example, an application in the telecommuni-
cations domain will be discussed, namely, a decision
feedback equalizer (DFE) plus timing recovery for ISDN
purposes [29], [31]. The data rate amounts to 144 kbits /s
which is very high. The comparison of the performance
of our architecture in terms of the cycle count, both with
a general-purpose signal processor [20], and the dedi-
cated multiprocessor architecture proposed in [29], is il-
lustrated in Table III. In [29], a 2 processor solution has
been described. The die area for the DFE chip is 20 mm?
in a 4 um nMOS technology. The DFE realization on the
TMS320 [20] requires 80 cycles because of the less pow-
erful controller architecture [31]. Hence, 3 DSP chips are
needed due to the stringent throughput requirements. On
our architecture, only one processor is required with a sin-
gle add /shift ALU and a multibranch controller. The lat-
ter will allow us to evaluate the entire DFE without idle
instructions in only 25 cycles. It can thus be concluded

that our architecture clearly outperforms the other alter-
natives.

VI. EVALUATION OF THE MULTIPROCESSOR
ARCHITECTURE

In this paper, a novel multiprocessor architecture has
been introduced which can be used for the customized
VLSI realization of complex low-to-medium-speed DSP
applications (Section I). The alternatives and the deci-
sions which have been made for the construction of the
data paths (Section III), the controllers (Section IV), and
the communication hardware (Section II) have been elab-
orately explored.

The advantages of this processor architecture stem es-
pecially from the flexibility and the efficient applicability
in a broad domain. As already indicated in Section I, con-
cerning the type of the operations, almost no restrictions
exist: both block-oriented, scalar, vector- and matrix-
based DSP algorithms can be accommodated. The effi-
ciency can be guaranteed by providing several types of
execution units, controllers, and interprocessor commu-
nication for the most commonly occurring data manipu-
lation primitives (shift /add, multiplication, data transfer,
decision making). In this way, as opposed to general-pur-
pose signal processors, the required data flow can be dis-
tributed evenly over the available hardware resources
(i.e., EXU’s). Moreover, the proposed control units con-
tain enough concurrency to avoid the idle cycles which
are usually due to conditional (multiple) branches. Fi-
nally, the dedicated communication between the process-
ing elements can proceed without bottlenecks at any level
of the hierarchy at a very resonable hardware cost.

Of course, these powerful resources will not always be
required for all subalgorithms in a specific application. So
wherever appropriate, a more general but slower type of
EXU such as an ALU, or a less efficient communication
unit, such as a bus protocol instead of switched RAM’s
or a smaller number of dedicated busses or multiplexers
inside a processor, can be inserted. It is also possible to
“‘strip”’ any of the EXU’s and control units of ‘‘func-
tional building blocks’” which are of no use. In this way,
the larger number of cycles will be traded off with a de-
creased area.

The combination of all these facilities has resulted in
an improved performance compared to existing ap-
proaches. The difference with both general-purpose [20]
and application-specific [29] architectures has been illus-
trated in Section V where several important demonstrator
applications have been worked out. These include basic
DFT-FFT modules, a pitch-extraction algorithm, speech
recognition, and a decision feedback equalizer.

We believe that the proposed choice of the EXU’s is
practically independent of the available technology. It is
in fact solely based on the properties of the signal flow
graphs and the types of operations in the DSP application
domain. Only the achievable clock frequency of the entire
architecture, and thus the application range, would be in-
creased in a more advanced technology.
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The limitations of our methodology are obviously lo-
cated in the achievable throughputs. At a 1 MHz sample
rate, only 10 clock cycles remain available per data word.
This is hardly enough to justify the processor approach
where the necessary control units will begin to present an
undesirable overhead. Therefore, at higher rates (above a
few megahertz), the hard-wired bit-sliced type of archi-
tectures which are, for instance, discussed in [4] will be
more appropriate.

At low throughputs (between 8-32 kHz depending on
the complexity), another tradeoff will become apparent:
the dedicated approach will be too powerful for the ap-
plication at hand. In that case, off-the-shelf signal pro-
cessors (such as in [10] and [20]) are less expensive. The
lower cost will result both from the reduced design time,
even compared to a ‘‘true’’ silicon compiler [7], and from
the production size advantage (more samples will be sold).
Moreover, also a better technology can be afforded due to
the wider applicability. So as long as the DSP application
can be programmed onto a single signal processor, there
is no real interest in a semicustom (or full-custom) design.
This situation will only be changed if the power con-
sumption would present a problem or when the production
size is extremely large (a few million samples).

Currently, a subset of the proposed architectural ap-
proaches has been selected which is ‘‘simple’’ enough to
be realizable on a short-term basis. On the other hand, it
is also powerful enough, as demonstrated with the bench-
marks in Section V. The manual design of these test
vehicles has allowed us to set up the specifications for an
integrated CAD-tool box CATHEDRAL-II which should
be able to automate most of the *‘silicon compilation”’
tasks [9], which is essential to reduce the design time for
flexible architectures as the one presented above. These
tools include architectural synthesis from a high-level be-
havioral description, microcode scheduling, and the final
layout generation by means of dedicated module genera-
tors. Both synthesis and optimization tasks are taken into
account in this transformation process [16], [32]. It should
again be stressed that the constraints of the synchronicity,
the DSP application domain, and the limited number of
prototype EXU’s which we have imposed have contrib-
uted in a major way to the success of our automated syn-
thesis approach. However, the restriction of equally long
branches in the program flow after conditional jumps, as
proposed in Section II-C, is not mandatory. Hence, it
could be removed in the future in order to save instruction
cycles. It should be noted, however, that due to the avail-
ability of the WHILE and the FOR statements, even ap-
plications such as variable-rate coding are already feasi-
ble with our methodology.

Concerning the design for testability, a consistent strat-
egy covering all aspects of the test process has been de-
veloped [4]. In order to partition the modules and to make
the FBB’s both controllable and observable, an incom-
plete scan-path approach in combination with the existing
communication paths is adopted. This will restrict the area
overhead to less than 10 percent. The dedicated test pat-
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tern generation for most of the parameterizable'FBB’s is
based on a functional C-test approach. Only for the larger
memory modules, a built-in self-test strategy is preferred.

APPENDIX
AN EFFICIENT, ITERATIVE DIVIDER IMPLEMENTATION

In this appendix, the detailed operation of the iterative
divider introduced in Section III-C-3) will be elaborated.
The ideas will be developed gradually, starting from the
basic solution which is similar to the division algorithms
performed in several DSP processors such as in [20] and
[43], up to an extended and very powerful building block
which can handle positive as well as negative numbers,
and which incorporates the correct initial alignment of
the 2 operands.

A. Basic Solution

In the data path of Fig. 20, two clusters are present: the
one on top performs the long-hand division algorithm in
an iterative way; the quotient itself is assembled bitwise
in the smaller loop below. The numerator N (integer value)
is read-in first, and stored in Reg2 (CAND2=0). During
the next cycle, the denominator D is latched into Regl
and stays there. Then, in the case of a restoring algorithm
[34], D is subtracted from the partial result in Reg2 (which
initially contains N), for a number of consecutive itera-
tions. At the end of each cycle, the sign information of
the difference is available in STSIGN, allowing us to de-
cide on the corresponding bit of the quotient: 1 if it is
positive, and 0 otherwise. So the inverted STSIGN can be
directly routed to the LSB input of a shifter Sh4, located
in the small feedback loop. As the first bit constitutes the
final MSB of the quotient, an up shifter is necessary. Fur-
thermore, in the next iteration, either the previous content
of Reg2 is restored (if STSIGN=1), or the new partial
result obtained in the adder /subtractor (A /S). One of the
options is then selected with the multiplexer MUX2
(which is directly controlled by STSIGN), shifted up over
1 position (in Sh2), and fed back to Reg2. If D and N
contain Wip, respectively, Wiy bits, in general, Wiy -Wi,
+ 1 steps are necessary to perform this division algo-
rithm, including the read-in phase. The data path has to
be at least Wiy bits wide.

B. Extensions for Including the Proper Alignment

Up to this point, it has been assumed that the numerator
and the denominator have been previously aligned by
some other part of the microcode program. However, this
situation is not very realistic in practice where either D or
N are not known in advance. So it would take a reasonably
large amount of cycles or special-purpose hardware to
perform the alignment. Moreover, a special EXU plus
controller would have to be provided.

Therefore, it appears to be more appropriate to combine
the alignment and the division into a single algorithm, as
described below. At first it will be assumed that both D
and N remain strictly positive.



CATTHOOR et al.: APPLICATION-SPECIFIC SYNCHRONOUS MULTIPROCESSOR ENVIRONMENT 281

CMux2 (Sh‘!

F"'"H !

Rog4

Fig. 20. Basic divider architecture. Hardware blocks for the iterative soft-
ware-controlled divider.

The basic operations in the division algorithm require
the subtraction or the addition of the denominator D from
the numerator N (originally) or the intermediate results
(the “‘rest’” R). In order to arrive at a correct quotient, N
should be aligned in such a way that the result of the first
add /subtract operation (in absolute value) does not ex-
ceed the value of D itself (cf. manual ‘‘long-hand’’ divi-
sion). Otherwise, the partial results will not be reduced
any more so that all further bits of the quotient become
““1’" erroneously.

Usually, the magnitude of neither N nor D is known in
advance, so for the 2 A /S-operands in Fig. 21(a), in the
worst case an overlap of at most 2 bits (including the sign
bit) can be allowed between N and D. If 3 bits or more
are overlapping, the undesirable situation explained in the
previous paragraph will, for instance, occur when D = 1
and N equals the maximal positive number. When the cor-
rect alignment of Fig. 21(a) is applied initially, the bits
of the quotient can then be successively determined by
means of the conventional restoring or nonrestoring di-
vision algorithms [34].

A data path similar to the one in Fig. 20 is still appro-
priate for this extended restoring algorithm. Unfortu-
nately, it requires an A /S FBB with a word length of Wi,
+ Wiy (assuming 1 bit overlap and 1 overflow-protection
bit) to perform the subtractions or additions. In order to
avoid this overhead, yet another solution will be sug-
gested.

C. Extended Architecture

A closer look at the respective steps of the iterative
(non)restoring division algorithm reveals that essentially
only a (Wi, + 1)-bit wide A/S is required (assuming 1
overflow-protection bit). But, in that case, the correct bits
of the intermediate ‘‘rest’” operand R have to be extracted
each cycle. In order to achieve this, the additional data
path presented in Fig. 21(b) has to be foreseen. This new
block consists of a register for the numerator, connected
to an up shifter over 1 bit, and a 3-input multiplexer.
Moreover, a link has to be made to the up shifter in the

Fig. 21. Extended division algorithm. Required alignment (a), modifica-
tions to data path for division EXU (b).

feedback loop over the A/S. This connection originates
from the MSB which is shifted out of the up shifter in
Fig. 21, and which has to be routed and fed into the LSB
of the shifter in Fig. 20.

The operation of the modified algorithms will now be
illustrated for the case of a nonrestoring division [34]. So
the multiplexer MUX2 can be left out, leading to the
global divider architecture of Fig. 7. During the initiali-
zation cycle, the Wiy-bit wide register labeled ‘N’
(Reg3) has to be loaded with the numerator N. The reg-
ister Reg2 has to be filled up with zeros, either by placing
a resettable register, or if this is not available with a mul-
tiplexer located immediately behind Reg2. Moreover, the
denominator is loaded into Regl, located at the + / — in-
put of the A/S. In the second cycle, the MSB of the nu-
merator (the sign) is transferred to the LSB of the up
shifter Sh2. The remaining bits at this shifter input (com-
ing from Reg2) will initially contain only zeros. Then the
denominator D is subtracted from this first intermediate
“rest”” R, and the first bit of the quotient, namely, the
sign bit (0 in this case), is determined. The output (the
difference) will then be fed back to the Reg2.

This scenario is repeated for as many cycles as neces-
sary until the desired (predefined) accuracy of the quotient
is obtained. In each iteration, the content of Reg3 is
shifted up over 1 bit which then constitutes the LSB of
the new intermediate ‘‘rest.”’ The other Wi, bits of Reg2
are directly extracted from the old value of R (LSB side).

In Fig. 22(a), an example is presented where an 8-bit
numerator is divided by an 8-bit denominator, resulting
in an 8-bit quotient.

D. Modifications for Negative 2-Complement Operands

In order to divide a negative numerator by a positive
denominator, nearly the same hardware can be used. In
fact, also the algorithm itself changes very little. The dif-
ferences can be summarized as follows: during the ini-
tialization cycle, the Rreg has to be filled up always with
the sign bit of N (1 in this case); and in the first actual
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000 0000 0100 0000 | 0000 1000
+111 1100 0 (=-8)
111 1100 0
+00 0010 00
11 1110 01
+0 0001 000

| 0000 1000 (= 8)

000 0000 0100 0000 | 1111 1000
+111 1100 0

| 1111 o111 (= -9)

111 1100 0 so error is 1 LSB (=max)

+00 0010 00

11 1110 01
+0 0001 000

1 1111 010
+ 0000 1000

1111 1100
+000 0100 O

000 0000 O
+11 1110 00

11 1110 00
+0 0001 000

(b)

Fig. 22. Examples for the division algorithm. (a) Two positive operands
are divided with each other. Nonrestoring division of positive numerator
(64) by positive denominator (8). (b) A positive numerator is divided
by a negative denominator to produce a negative quotient. Nonrestoring
division of positive numerator (64) by negative denominator ( —8).

add /subtract cycle, an addition has to be performed in-
stead of a subtraction.

When the denominator becomes negative, some com-
plications arise, as can be verified in Fig. 22(b) where an
example is worked out. Either an additional initialization
cycle has to be added during which the numerator is in-
verted (2-complement), or an additional quantization er-
ror of 1 LSB should be tolerated. In most of the envi-
sioned applications, the latter can be allowed, so no
further modifications are needed.

E. Controller Requirements

The required steps can be summarized as follows. In
the case of a nonrestoring algorithm, the adder / subtractor
has to realize an addition if Sgn(R) # Sgn(D) (with R =
N initially); the quotient bit will be Sgn(D). When Sgn(R)
= Sgn(D), a subtraction is scheduled and the quotient is
extended with the complement of Sgn(D).

For the restoring algorithm, on the other hand, the A /S
always (in every step) has to add if Sgn(n) # Sgn(D),
and subtract otherwise. In both cases, the quotient has to
be extended with a 0 (1) if the partial result is negative
(positive). The restoring operation (feeding back the pre-
vious rest instead of the new difference) has to be applied
when Sgn(R) = Sgn(D).
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