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ABSTRACT 
Arco is a sound analysis, processing, and synthesis frame-
work. Arco is small, configurable and language-agnostic, 
offering a modular approach to music systems building as 
opposed to monolithic systems offering a more encompass-
ing but less flexible solution. Arco can be configured as a 
small library with only the code needed for a particular 
application. Arco builds upon O2, an OSC-like message 
system, allowing Arco to operate as a separate server pro-
cess or thread, avoiding synchronization problems be-
tween stringent Arco signal processing timing and less 
predictable control applications. The design of Arco unit 
generators is described in detail and supported by bench-
marking studies to evaluate the cost of each feature. To 
avoid introducing yet another unit generator library, Arco 
leverages FAUST and its library for algorithms which are 
translated automatically to be compatible with Arco. Arco 
also includes some interesting analysis functions for pitch, 
RMS and onset detection. 

1. INTRODUCTION 
Many different libraries, languages and applications exist 
for music audio signal processing, including CSound [1], 
Nyquist [2], Supercollider [3], ChucK [4], Pd [5], and Max 
[6]. These are large integrated systems that include both 
DSP functions and programming languages to control 
them. Lower-level frameworks and libraries exist, such as 
STK [7], JUCE [8], q [9], CLAM [10], and FAUST [11]. 
These facilitate custom DSP design as opposed to assem-
bling ready-made modules (unit generators) but generally 
expose lower-level representations available through C++ 
and leave run-time organization (aside from the loop or 
callback that computes audio) up to the programmer. 
FAUST is an exception where DSP algorithms are ex-
pressed in a very high-level functional language that is 
compiled to a variety of target languages and plug-in 
standards. 

There is an intermediate area where one wants to extend 
an application program with sound capabilities. A com-
mon solution is to communicate control information to a 
computer music system such as Max or Supercollider, but 
these are heavyweight solutions that may require extra 

time and effort to start and configure. These large pro-
grams cannot be embedded in other programs or run on 
embedded systems such as microcontrollers.  

One effort to create a simpler subsystem for music syn-
thesis is libpd, which is a library version of Pd, but libpd 
runs patches created with Pd and thus includes Pd code for 
loading and interpreting patch files as well as a complete 
set of all “standard” Pd functions. Another option is to cre-
ate a DSP implementation in C++ using FAUST or RNBO 
(rnbo.cycling74.com/). This results in a fixed program for 
signal processing as opposed to a more dynamic library 
where one can alter the configuration while running. 

Arco is a new framework intended to offer a lightweight 
library or server for audio DSP that can be used to con-
struct real-time music audio applications and composi-
tions. More like FAUST or RNBO, it has a small footprint 
suitable for linking into a larger application or running in 
an embedded system such as a Raspberry Pi (www.rasp-
berrypi.com/). Arco is also like libpd or Supercollider’s 
DSP server scserve in that users can instantiate and inter-
connect software DSP modules on-the-fly. 

Arco is designed in a modular way so that it can function 
in different ways as (1) a minimal library controlled by al-
most any language, (2) a stand-alone server process that 
other applications can control, and (3) a scriptable applica-
tion development system with its own high-level language. 

As a minimal library, Arco uses a manifest file to specify 
a set of unit generators to make available at run time. Pro-
grams use the library by sending messages to create and 
interconnect unit generators. Additional messages can 
change parameters and reconfigure unit generators in real 
time. As a server, Arco can be compared to scsynth from 
Supercollider, i.e., a DSP server without the front-end pro-
gramming language and interface. The server version has 
a small “main” program, to send and receive O2 messages, 
linked with an Arco library. As an application develop-
ment system, Arco offers a full programming language as 
the “front end” and an Arco library as the “back end.” It 
can be compared to Supercollider or ChucK. Some of the 
differences are: 
1. Arco applications are compact statically linked pro-

grams with minimal external dependencies, 
2. Arco’s optional scripting language, Serpent [12], uses 

a Python-like syntax that some may find more flexible 
that ChucK and easier to learn than sclang (and a pure 
Python implementation is in the works), 

3. Arco can leverage FAUST to dynamically adapt to 
multichannel signals (see below). 
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The basic architecture of Arco is described in the follow-
ing section. Section 3 describes Arco unit generators, and 
Section 4 presents an analysis of various design options in 
terms of performance. Section 5 describes the software in-
terface and control of Arco. Section 6 describes how 
FAUST can be used to create new unit generators for Arco, 
and Section 7 describes some applications. Finally, Sec-
tion 8 presents a summary and conclusions. 

2. SYSTEM ARCHITECTURE 
Arco is designed using multiple abstractions to support dif-
ferent levels of functionality. At the lowest level, the 
“glue” that connects components is O2, a message system 
based on Open Sound Control (OSC) [13]. O2 provides 
message passing between threads sharing memory, be-
tween processes on the same computer, across local area 
networks, and even across the internet. Discovery mecha-
nisms allow O2 processes to interconnect without config-
uring IP addresses or port numbers. For communication 
with Arco as a shared library, the complete CPU time to 
compose and deliver a message is about 320 ns.  

Audio processing in Arco runs on a single thread, typi-
cally as the callback handling a PortAudio stream. This au-
dio thread shares memory with an “application” thread 
running the full O2 library, which potentially communi-
cates over TCP/IP sockets with clients. 

When Arco runs as a server process (see Figure 1, top), 
the main server thread does little more than forward mes-
sages from sockets through shared memory to the audio 
thread and back. The server uses a minimal text-based in-
terface. One use of the server is to provide audio pro-
cessing services to a Python application, using O2 to com-
municate. 

 
Figure 1. Arco can run as a server process that communi-
cates with a separate application process using O2 mes-
sages (top), or Arco can be linked directly with an appli-
cation or scripting language to extend it with audio pro-
cessing. In both cases, O2 is used for control. 

Arco can also be linked directly with a more complex 
application (see Figure 1, bottom), in which case the appli-
cation polls the O2 library to send and receive messages. 
In between polling, the application thread can perform 
tasks such as computing control information for audio pro-
cesses and running a graphical user interface. One such ap-
plication is the Python-inspired Serpent programming lan-
guage, a real-time object-oriented language with which 

one can write Arco applications, complete with a graphical 
interface, using a Python-like syntax [12]. 

3. THE UNIT GENERATOR MODEL 
A fundamental building block in most audio DSP frame-
works is the unit generator. A unit generator typically im-
plements a simple DSP operation such as a digital oscilla-
tor, gain control, a filter, or signal adder (mixer). Unit gen-
erators are patched together to form a directed graph that 
accomplishes a complex analysis or synthesis process. 
Arco’s unit generator model is designed to: 
• Efficiently support low-latency interactive audio, 
• Allow signals to have multiple channels,  
• Process a mix of control-rate and audio-rate signals as 

well as parameters that can be updated by the applica-
tion, 

•  Implement signal termination so that resources can be 
freed automatically at the end of sound events. 

As in most audio DSP systems, Arco uses unit generators 
to process audio synchronously in blocks. In practice, au-
dio I/O is done in blocks because the underlying operating 
system cannot operate at such a low latency or high rate of 
process scheduling. Therefore, except where there are 
feedback loops in the DSP, there is no advantage (other 
than simplicity, as in STK and ChucK) to sample-at-a-time 
processing. Arco uses 32-sample blocks by default, but the 
number can be changed at compile time. The following 
subsections describe other details of the Arco design. 

3.1 Block-Rate Processing 

While Arco processes audio-rate signals one block at a 
time, Arco also supports block-rate signals consisting of 
one sample per block (also known as control-rate or k-rate 
signals in other systems). In other words, the block rate is 
the audio rate divided by block size, conventionally 44,100 
/ 32 ≈ 1378 Hz. Since control is often more complex than 
basic signal processing, there may be more block-rate than 
audio-rate unit generators, so supporting block-rate com-
putation can provide a great increase in efficiency. How-
ever, when block-rate signals are combined with audio-
rate signals, discontinuities at the block rate can lead to au-
dio distortion. Most Arco unit generators that operate at 
audio rates up-sample block-rate input signals using linear 
interpolation to eliminate audible distortion. When this up-
sampling is done in the audio-rate inner loop, it amounts 
to just one register-to-register add per sample, so the com-
putational cost is minimal. 

3.2 Mixed Block-Rate and Audio-Rate Inputs 

Unit generator inputs can be block-rate signals, audio-rate 
signals, or “constants” that can be updated by messages. 
Decoding these input types in the inner sample loop would 
introduce too much overhead, so Arco uses multiple im-
plementations of each unit generator, each specialized for 
a different combination of block and audio rate inputs. In 
general, if there are n input signals, the unit generator im-
plements 2n functions to cover all combinations of block -
rate and sample-rate inputs. Typically, n ≤ 3, so the code 
size is small. In problem cases, a unit generator can 



 

 

“coerce” an input to be one rate or the other by instantiat-
ing a resampling unit generator. This is less efficient but 
reduces the code size when there are many inputs. 

3.3 Multi-Channel Signals 

Since multi-channel processing is common, it is conven-
ient to have some representation of multiple-channel sig-
nals so that the user does not have to replicate signal pro-
cessing graphs to handle multiple channels. Nyquist intro-
duced the idea of arrays of signals to represent multi-chan-
nel sounds and their automatic expansion into arrays of 
unit generators, an idea that was adopted by Supercollider. 
In Arco, we go one step further by supporting arrays di-
rectly in unit generator implementations (see Figure 2). 

The default in Arco is to set the number of output chan-
nels to the maximum channel count of any input. Single 
channel inputs are virtually duplicated or “expanded” into 
multiple channels. E.g., if you multiply a stereo audio sig-
nal by a single-channel gain, the gain signal is duplicated 
and applied to both channels. Similar behavior allows con-
trol parameters to be duplicated across multi-channel fil-
ters and other effects. 

Input connections can change, but a new input channel 
count does not propagate to outputs. (Otherwise, an input 
change could ripple through an entire patch, demanding a 
burst of computation and causing confusing behavior.) In-
puts must be either single-channel or match the output 
count. If this condition is not met, only channel 1 is used. 

 
 Figure 2. Arco unit generators can process multiple 
channels. Here, input 0 has 2 channels and input 1 has 1 
channel. Since both inputs are audio rate, the audio,au-
dio"audio channel process function is invoked once for 
each output channel. After computing channel 0, the in-
put pointers are advanced by their stride, so input 0 will 
take samples from channel 2 while input 1 (stride = 0) 
will re-read samples from channel 0. The figure shows 4-
sample blocks for convenience, but the default size is 32. 

To explain how we access multi-channel inputs, first 
note that output is represented by a contiguous memory 
area filled with a block of channel 0 samples followed by 
channel 1, 2, etc. Also, when executing a unit generator, 
we invoke the unit generator DSP code in a loop that iter-
ates to compute each output channel. The “trick” to man-
aging a variety of channel counts is to associate a stride 
with each input that is added to a pointer that indexes the 

input signal (which of course is the output of some other 
unit generator). If the input is single-channel, the stride is 
zero and the same samples are re-used for each channel. If 
the input is multi-channel, the stride is the block size: 1 for 
block-rate, and the block size (32) for audio-rate inputs. 
Thus, one inner loop can handle any mix of single- or n-
channel input signals. 

Parameters that change only when updated by control 
messages are represented by a special Const unit generator 
whose output is normally fixed and which has no associ-
ated per-block computation. A Const value must still be 
accessed as if it is a block-rate signal, but the overhead is 
small. We also considered treating “constants” as a third 
input type, but the general case would require 3n special-
ized functions rather than 2n for only a small gain in effi-
ciency. 

To summarize, Arco unit generators can process any 
number of channels, and the number is set when the unit 
generator is instantiated. Each input can be single channel, 
which fans out to n channels, or n channels, and inputs can 
be audio rate or control rate. Each combination of audio 
and control rate is implemented by a separate specialized 
method. Reconnections and reconfigurations can occur be-
tween block computations, and the flexibility minimizes 
the chance that a user will make a nonsense connection that 
causes unwanted behavior or complete failure. Not all unit 
generators follow this standard pattern, e.g., the stdistr 
unit generator distributes n inputs across a stereo field. 

3.4 Termination 

Since Arco allows unit generators to be created and re-
connected on-the-fly, it is possible to instantiate a new sub-
graph for every new sound. E.g., a MIDI note-on could be 
implemented by constructing a graph to synthesize that 
single note instance. This is generally simpler than manag-
ing a set of fixed resources. However, an interesting prob-
lem with the instance approach is how to free the instance. 
Usually, a gain envelope provides a smooth ending to a 
sound event, but we need some way to associate that end-
ing with a set of unit generators that are no longer needed. 

One way to free a sub-graph is to arrange for a message 
to be sent when an envelope ends. A message handler can 
then free a set of unit generators. Arco supports this ap-
proach, but it has problems: In particular, when graphs are 
nested and the outer graph completes first, the inner graph 
may not get a chance to complete, leaving an “orphan” 
handler that never gets a completion message. Since the 
orphaned handler has references to unit generators to be 
freed, they may be retained forever. 

An alternative method is to add a “termination” state to 
unit generators that indicates the output will remain at zero 
permanently. The termination state can propagate through 
the graph along with audio. E.g., if an input to a multiplier 
terminates, then the multiplier output will become zero, so 
the multiplier terminates and the other input can be freed. 
When termination propagates to a mixer input, the input 
can be removed, the reference freed, and an entire sub-
graph providing that signal can be freed automatically. An 
example from the programming point of view can be found 
in Section 5.2. 



 

 

3.5 Order of Computation 

Unit generators are typically run in order from audio in-
put to audio output to minimize the propagation latency 
from input samples entering the graph to output samples 
leaving the graph. In contrast, some systems evaluate unit 
generators in the order they are defined or invoke them 
procedurally in a user-defined order. This is problematic 
when graphs are dynamic because making new connec-
tions in the graph can change data dependencies that imply 
re-ordering the computation. Arco solves this problem by 
treating the graph as a data-flow network and performing 
a topological sort for every graph traversal, bringing sig-
nal sources up to date (recursively) before they are con-
sumed. 

4. PERFORMANCE MEASUREMENTS 
How do these design decisions impact performance? Us-
ing a synthesis configuration from [14] (see Figure 3), I 
created a benchmark by combining Arco unit generator 
code into a non-real-time program that computes one hour 
of audio as fast as possible. Variations of this program 
were measured to assess the impact of different design de-
cisions.  

The run time for the “plain” Arco unit generators and 32-
sample block size is 0.980 s. All measurements were per-
formed 25 times on a 2022 Apple MacBook Air and the 
average time is reported. The standard deviation of run 
times is less than 1% of the average in all cases. It is inter-
esting that this measurement represents an over 540x speed 
increase over the 25MHz RS6000 machine running essen-
tially the same computation in 1997 [14]! 

 

 
 

Figure 3. Benchmark for audio processing: 2 cross-faded 
oscillators (Osc1 and Osc2) with gain, pitch, and vibrato, 
panned to stereo and added to a stereo mix. Trapezoids 
are piece-wise-linear envelope generators. Thin arrows 
represent block-rate signals. 

The first study evaluates the impact of block-rate com-
putations. When we replace the block-rate unit generators 
(mostly envelopes) with audio-rate generators, the compu-
tation time increases by a factor of 3.7 to 3.629 s. Block-
rate control signals significantly reduce computation time! 

The second study considers the cost of supporting multi-
ple channels when only single-channel computation is 
needed. The benchmark was modified to eliminate the loop 
that computes each output channel except in the Panner 
and Stereo Mixer. Per-channel state information, previ-
ously requiring an array, was also simplified by assuming 
one channel. These changes do not affect the computed 
sound in this benchmark but eliminate the overhead of 
looping. This optimization decreased computation time by 
14% to 0.843 s. Thus, the flexibility of multi-channel sig-
nals comes at some cost. Note that if there really were mul-
tiple channels, single channel unit generators would have 
to be replicated and invoked separately, offsetting at least 
some of the savings. 

The third study considers the cost of signal termination 
described in Section 3.4. Since the termination feature is 
not used in this benchmark, the termination code can 
simply be removed. The speedup is about 0.8%. This fea-
ture is very low in cost, partly because termination tests 
occur at the block rate. 

The fourth study measures the cost of polymorphic in-
puts. If we know whether inputs are audio-rate or block-
rate, we can avoid making an indirect function call to spe-
cialized code (as described in Section 3.2) and simply in-
line the code within the unit generator’s compute-block 
method. This optimization saves only 0.9% of the overall 
computation time, mainly because polymorphism costs 
only one indirect method invocation at the block rate. 

The fifth study measures the cost of tracing the unit gen-
erator graph connections to determine the order of unit 
generator evaluation as described in Section 3.5. The 
benchmark was modified to call the unit generators in the 
proper sequence rather than relying on a recursive graph 
traversal algorithm. The speedup is about 2.3%, suggesting 
that trying to pre-sort unit generators into an evaluation or-
der has no significant benefit. 

Finally, we look at block sizes. We expected larger block 
sizes would reduce the overhead by reducing the number 
of times unit generators are invoked to compute samples. 
To test this, we varied the block size using all audio-rate 
unit generators and holding constant the total number of 
samples computed. As shown in Figure 4, run time de-
creases by over 40% moving from a block size of 2 to 8 
(as expected), but larger block sizes run slower, and 8 sam-
ples appears to be optimal. This is unexpected because 
larger block sizes require fewer total instructions. Cache 
behavior is an unlikely explanation because even the L1 
cache is much larger than the data. Experiments suggest 
that simple unit generators compute faster than the results 
can be written, but small blocks can be absorbed by CPU 
write buffers. Writes can then complete as the next unit 
generator is invoked. Thus, (in this benchmark) smaller 
blocks allow for more parallelism within the internal CPU 
pipelines.  

On the other hand, when block-rate unit generators are 
present (and we saw in the first study that they have a large 
impact on run time), smaller block sizes raise the control 
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rate and the cost of computing control signals. With a mix 
of control rate and audio rate, 16-sample blocks are about 
25% slower than 32-sample blocks, and 64-sample blocks 
are about 8% faster.  

 
Figure 4. Run time for all audio computation (upper 
curve) and mixed audio-rate and block-rate computation 
(lower curve) for different block sizes. The total number 
of samples computed decreases with block size in the 
lower curve because the block rate is sample-rate / block-
size and 8 of 13 unit generators run at the block rate. In 
all cases, using block rate for control decreases the run 
time relative to all-audio-rate processing. 

Yet another way to think about block-based computation 
is to separate the computation into two parts: the unit-gen-
erator setup is the computation needed invoke the unit gen-
erator, gather addresses of input signals, and load parame-
ters associated with the computation. The per-sample com-
putation time is the time to compute each sample once the 
setup is completed. The total time is thus a + nb, where a 
is the setup time, n is the block size, and b is the per-sample 
computation time. Using our run times for n = 32 and n = 
64 and noting that unit generators run twice as many times 
in the n = 32 case, we get 2(a + 32b) = 0.980 and a + 64b 
= 0.903. This gives a = 0.077 and b = 0.013. The ratio a/b 
≈ 6, so the cost of invoking a unit generator is about the 
same as computing 6 samples. This number depends di-
rectly on the amount of work done per sample within the 
average unit generator, but it explains how larger block 
sizes deliver diminishing returns when blocks are much 
larger than 6 samples. 

Another consideration in setting the block size is that sig-
nals start and stop on block boundaries, so large blocks 
lead to lower time resolution for starting sound events (un-
less extra work is done to achieve sub-block timing accu-
racy). The default 32-sample block size provides sub-mil-
lisecond event timing for audio rates of 44,100 or higher. 

A final design question is the impact of using configura-
ble unit generators as opposed to compiling all signal pro-
cessing into a monolithic block of code, as seen in Faust. 
The inner loops of the benchmark program were reor-
ganized into a block-rate part and an audio-rate part so that 
a block computation looks roughly like: 

compute_block() { 
    block_rate_part 
    for (int i = 0; i < 32; i++) { 
        audio_rate_part } } 

The audio-rate part combines the inner loop bodies of all 5 
audio-rate unit-generators so that each pass through the 
code evaluates the graph of unit generators and produces 
one stereo frame of output. Only the final output from the 
Stereo Mixer (see Figure 3) is written to memory. 

Intermediate unit generator outputs are passed through lo-
cal variables that are potentially stored in registers, which 
is faster than reading and writing memory. This approach 
decreases the execution time by 33%, but it sacrifices the 
ability to reconfigure the computation in real time, and any 
changes must be recompiled and reloaded.  

Furthermore, it should be noted that if this level of opti-
mization is needed, one can achieve it with a custom unit 
generator. In fact, we will see in Section 6 how FAUST 
code, which compiles into this style of monolithic imple-
mentation, can be translated directly into Arco unit gener-
ators. 

5. CONTROLLING ARCO 
One of the challenges of the server approach is to design 
an easy-to-use API given that all communication is 
through asynchronous messages. As an example of the 
style of control, one can create a sine oscillator using the 
message: 

o2_send_cmd("/arco/sine/new", 0, "iiii", 
            id, 1, freq, amp); 

where iiii is an OSC-like type string (four integers), id 
is the identifier for the new unit generator, 1 is the channel 
count, freq is the frequency control, and amp is the am-
plitude control (both identifiers for other unit generators). 
To update a Const unit generator to a float value, one can 
send: 

o2_send_cmd("/arco/const/set", 0, "iif", 
            cid, 0, value); 

where cid is the identifier for the Const unit generator and 
0 is the channel to set. 

Unit generators are located using a simple array that 
maps from small integer identifier to address. To dispose 
of a unit generator, the application sends an /arco/free 
message. This frees the array slot for reuse, but keeping in 
mind that unit generators form a directed flow graph, the 
“freed” unit generator may still be referenced by other unit 
generators. To avoid “dangling pointers,” we use reference 
counting and only free unit generators when all references 
are freed. 

5.1 Timing 

Arco is designed for synchronous real-time audio pro-
cessing. While audio is running, the logical time of Arco 
audio computation is synchronous with the audio sample 
count, and since audio is computed in blocks, time ad-
vances by block-period steps. 

O2 derives its clock from Arco’s logical time, and O2’s 
built-in clock synchronization lets Arco clients share this 
time reference. By sending commands slightly ahead of 
real-time and by using timestamped messages (all O2 mes-
sages have timestamps), Arco can achieve accurate timing. 
Messages are delivered at a “clean point” between audio 
block computations, so most control actions are quantized 
to block periods (32/44100 or 726 µs by default), which is 
equivalent to saying “sample accurate” at the control rate. 
Various special cases such as envelope breakpoints, grains 
in granular synthesis and even sub-sample accuracy for 
PSOLA [15], can be achieved within unit generators. 

When using the Arco scripting language, scheduler ob-
jects can be used to invoke functions or methods at logical 



 

 

times in terms of seconds or beats, so all computation runs 
with precise timing. Accurate times are communicated to 
the Arco server through O2 timestamps. 

 

5.2 The Client-Side Library 

For simple applications, the client can send messages to 
initialize a graph of unit generators and send more mes-
sages to control it. However, since all interactions go 
through messages, the application cannot make a query 
such as “what audio devices are available now?” or “what 
is the current value of the gain parameter?” unless it is will-
ing to wait for a reply. Keeping track from the client side 
of all unit generators and their connections can be chal-
lenging. To simplify things for the programmer, we use an 
object-oriented approach in which every actual unit gener-
ator has a client-side “shadow” object that duplicates the 
state of the Arco unit generator. To create a unit generator, 
the programmer creates a “shadow object” locally, which, 
as a side effect, allocates an ID and sends messages to the 
server to create the real unit generator. With shadow ob-
jects, we can query and update interconnections, parame-
ters, and signal types, and when shadow objects are gar-
bage collected, they can automatically free the correspond-
ing unit generator in the audio thread. We have imple-
mented an object library of this sort in Serpent for Arco, 
and we are porting this to Python. 

Our client-side library provides a much higher-level in-
terface to control Arco than sending messages directly. For 
example, the following creates a tone with multiple har-
monics using additive synthesis and some randomization. 
Note the use of termination (Section 3.4) to free the tone 
when the envelope ends. 

// freq, dur, and nharm are parameters 
env = pwlb(dur * 0.2, 0.01, dur * 0.8) // envelope 
env.term()  // allow envelope to terminate 
mix = mix(1).term() // mixer can terminate too 
for i = 0 to nharm:    // nharm harmonics 
    mix.ins(mix_name(i), // insert input to mixer 
            sine(freq * i, 0.8 ** i), env) 

Each of the constructor functions pwlb, mix, and sine 
creates a local shadow object for a corresponding unit gen-
erator and indirectly sends messages to Arco to create and 
interconnect actual unit generators. 

5.3 Instrument and Synth Abstractions 

In practice, synthesis can be more complex than instan-
tiating a few unit generators, raising the question of how 
larger sub-graphs of unit generators should be created or 
allocated to create sounds. A realistic example sound is the 
“Supersaw” sound, which mixes 16 slightly detuned and 
panned sawtooth waveforms, creating a rich and animated 
spectrum. Initially, Supersaw was implemented using the 
“instance” model [16] – creating unit generators as needed 
for each sound. A 4-note chord of Supersaw tones uses 536 
unit generators and takes about 8 ms of computation to cre-
ate. This is only 15 µs per unit generator (running in the 
Serpent scripting language – probably the run time in the 
Arco server, written in C++, is much faster), but the 8 ms 
“arpeggio” is audible. For this reason, we have developed 

Synth and Instrument classes that manage sub-graphs of 
unit generators, allowing for their reuse. To play a sound, 
a Synth object is presented with a property list of parame-
ter values for the desired sound. The Synth allocates an In-
strument from a pool of free instances, updates any param-
eters that have changed, and starts the Instrument instance. 
This is more efficient, but more difficult to implement than 
simply instantiating a new set of unit generators for every 
sound. Our Arco library allows either approach to be em-
ployed. 

5.4 Execution Time for Graph Creation 

One concern, whether building a new graph for each new 
sound or reusing an existing graph, is how long does it 
take? We can expect many actions to be simultaneously 
scheduled, causing audio computation to stop while unit 
generators are created or reconfigured. From our Supersaw 
example, where the creation of shadow objects and mes-
sages in the client library took about 8 ms for 4 rather large 
graphs, we can assume that decoding the messages and 
building actual unit generators in Arco involves a similar 
amount of computation. However, Arco is compiled and 
runs about 2 orders of magnitude faster than the interpreted 
scripting language in the client. Therefore, we can estimate 
the processing time in Arco is about 80 µs, or less than 4 
sample times. Since audio systems typically buffer far 
more than 4 samples, the message processing time is neg-
ligible. Of course, this is a rough estimate and some well-
defined benchmark tests could give a better idea of actual 
performance.  

6. DESIGNING WITH FAUST 
FAUST is a high-level functional programming language 
for specifying DSP algorithms. It has an extensive library 
of audio filters, generators and effects, and it can compile 
these algorithms to efficient C++. One of the goals of Arco 
was to avoid creating yet another library of unit generators, 
so it was decided to leverage FAUST as an option for cre-
ating new unit generators in Arco. In practice, Arco also 
has unit generators written by hand for spectral analysis, 
onset detection, granular synthesis, phase vocoder, and 
other functions that cannot be easily specified in FAUST 
or that were already implemented in C or C++. 

FAUST compiles algorithms to a single block of code 
that processes the next audio sample and is typically em-
bedded in a loop to compute an entire block of samples, 
similar to unit generators in other systems. Unlike Arco 
unit generators, which handle multiple channels and mixed 
sample rates, one must declare FAUST parameters to be 
either audio samples or control parameters, and channel 
counts are fixed. Thus, there is a mismatch between the 
polymorphic Arco unit generator model and the more 
static DSP functions compiled by FAUST. 

To integrate FAUST code into Arco, we wrote a transla-
tor that transforms annotated FAUST code into a set of 
FAUST programs, specialized for each combination of 
block-rate and audio-rate inputs. For example, below we 
give a complete specification for a minimal unit generator 
that multiplies two signals. The first two lines are non-
FAUST annotations. The first says we want an audio-rate 



 

 

unit generator where inputs can be either audio-rate or 
block-rate (ab). The second line requests a block-rate out-
put with only block-rate (b) inputs. Also notice the in-
terpolated and terminate declarations to direct some 
Arco-specific translation: 

mult(x1: ab, x2: ab): a 
multb(x1: b, x2: b): b 
 

FAUST 
 

declare name "mult"; 
declare description "Mult(iply) UGen"; 
declare interpolated "x1 x2"; 
declare terminate "x1 x2"; 
import("stdfaust.lib"); 
process(x1, x2) = x1 * x2; 

A preprocessor expands this into multiple FAUST pro-
grams, one for each combination of input types, and the 
FAUST compiler is used to compile each file. Next, a 
translator program reads and deconstructs the multiple 
FAUST-generated C++ programs, extracts their computa-
tional cores and reconstructs them into a single polymor-
phic Arco unit generator. In this case, two unit generators 
are created: mult (audio) and multb (block-rate). 

Arco can also be extended directly by writing unit gen-
erators in C++. All unit generators subclass the abstract 
class Ugen and override certain methods for instantiation, 
deletion, patching, processing samples and handling O2 
messages, although some automatic code generation exists 
to build the O2 message interface. Many examples serve 
as a guide to implementers. User-written unit generators 
can be arbitrarily complex. Examples we have imple-
mented include a granular synthesis system, phase vo-
coder, and a port of Music Onset Detection and Library 
(Modal) [17]. 

7. APPLICATIONS 
Arco is under active development, but it has been used to 
re-implement some interactive works for computer and 
acoustic instruments. (See Figure 5 for a representative 
graphical interface.) Since O2 is at the foundation of Arco, 
we have investigated ways to connect Arco to other pro-
cesses and devices. In one application, we use a computer-
vision-based hand-tracker that runs in a browser to com-
municate over web sockets to Arco, creating an interesting 
controller for sound (see Figure 6). In this application, po-
sition controls pitch, width controls filter cutoff, and other 
gestures adjust the gain of a simple instrument. Filters in 
Arco are applied to smooth the low-frame-rate control in-
formation. In another application, we use O2 to send audio 
between Arco and a process running RAVE [18] using 
PyTorch. These are just two examples of integrating Arco 
with machine learning systems.  O2 forms the “glue” for 
inter-process communication. Arco has built-in audio 
analysis unit generators for pitch, amplitude, spectral fea-
tures, chord recognition and onset detection, which could 
be interesting inputs for an interactive machine-learning 
system. Soon, we expect to have a Python library for con-
trolling Arco, where Arco will run as a server process. We 
also hope to encourage the use of Arco as a lightweight 
and highly configurable real-time signal processor for mi-
crocontrollers. 

 
Figure 5. An Arco implementation of “Resound” for 
trumpet and interactive computer. Control and interface 
are implemented in the Serpent scripting language. Arco 
is linked to Serpent as a library. 

 

        
Figure 6. Video control of synthesis application combin-
ing Handtrack.js (github.com/victordibia/handtrack.js) 
and Arco for sound synthesis, using O2 for communica-
tion. O2 implements a simple web server, the O2lite pro-
tocol running over web sockets, and an O2lite client in 
Javascript, so minimal new code is needed for these pro-
grams to interoperate. 

8. SUMMARY AND CONCLUSIONS 
Arco is a software music signal processing server and li-
brary intended to be flexible, extensible, and to enable 
modular construction of music systems as opposed to try-
ing to combine many functions into a single monolithic 
package. Arco aims to do one thing well, which is to pro-
cess audio in real time by configuring unit generators. 
Arco uses O2 messages to communicate with other pro-
cesses that might offer interactive control, graphical user 
interfaces, machine learning and inferencing, etc. 

The design of Arco has been described, including details 
of its unit generators. The unit generator model in any sys-
tem is the result of many design decisions. We have meas-
ured the impact of multiple design choices including 
block-oriented processing, multi-channel unit generators, 
supporting the notion of signal termination to allow 

  



 

 

automatic cleanup of unwanted unit generators, polymor-
phic inputs (audio rate and block rate), dynamic ordering 
of unit generator execution, and block size. Of these design 
decisions, supporting control-rate processing with linear 
interpolation for up-sampling within audio-rate processors 
is a clear winner offering significant speedup. Other fea-
tures such as multi-channel unit generators, polymorphic 
inputs, and termination-based cleanup have only small im-
pacts on performance and seem worth including. 

One surprise in our benchmarking study was the U-
shaped curve plotting run-time vs. block size. It was ex-
pected that larger blocks would be more efficient, but at 
least for our benchmark, the optimal block size was only 8 
samples, but only for audio-rate computation. Larger 
block sizes are best when there is a mix of audio-rate and 
block-rate unit generators, but larger blocks yield rapidly 
diminishing returns. The main factor influencing block 
size should be using a high enough control rate that it can 
be widely used, supporting the default size of 32 in Arco. 

New unit generators in Arco can be created using 
FAUST. Thus, we can combine the excellent DSP library 
resources of FAUST with the flexibility and run-time con-
figuration offered by Arco. 

Arco is free, open source, and available (github.com/ 
rbdannenberg/arco). Interested developers and users are 
encouraged to contact the author.  
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