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ABSTRACT

Background. Audio processing chains in digital audio workstations (DAWSs) are directed
acyclic graphs (DAGs) of digital signal processing (DSP) nodes. Executing such graphs in
the cloud promises elastic compute, collaboration, and access from thin clients.
Microservices dominate cloud systems, but their principles were shaped by request-and-
response workloads, not by block-synchronous audio. This paper reviews approaches that
process and render audio in the cloud as DSP DAGs and evaluates them against

microservice principles.

Materials and Methods. A systematic protocol was applied to two complete
proceedings volumes of the IEEE International Symposium on the Internet of Sounds, using
database searches and backward snowballing. From 97 proceedings papers and 49 full
texts from other sources, 43 peer-reviewed studies published from 2022 to 2026 were
included and grouped into eight method families, and each method was assessed on

execution location, service granularity, real-time mode, reported latency and
measurement point, scaling, fault tolerance, and support for DAW-originated graphs.

Results and Discussion. Browser DAWs keep the DAG on the client and use the cloud
for storage and collaboration. Networked music performance systems relay streams within
strict latency budgets but do not render offline graphs remotely. Edge rendering services
move a single stage to the network edge. Audio microservices expose offline tasks through
REST APIs. Cloud-native media pipelines run containerized graphs with self-healing, and
generic DAG engines provide scheduling and scaling but ignore sample-accurate timing.
None of the reviewed systems execute a DAW-originated DSP DAG as microservices with
block-level deadlines. Reported latencies are measured at different points and are not

comparable. Cloud and container systems report hundreds of milliseconds to seconds.

Conclusion. Existing systems lack a portable representation of DAW graphs, a
granularity model for stateful DSP nodes, deadline-aware scheduling in container
orchestrators, low-latency block transport between services, and benchmarks for cloud
audio rendering. These gaps define the research agenda for microservice-based cloud

audio processing.

Keywords: cloud computing, microservices, digital signal processing, directed acyclic

graph, digital audio workstation, reliability
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INTRODUCTION

Audio production, broadcasting, game audio, virtual reality, and music education rely
on chains of digital signal processing (DSP) operations, and in a digital audio workstation
(DAW) such a chain is a graph. Tracks feed insert effects, sends feed auxiliary buses,
buses feed the master chain, and the master chain feeds a render or a playback device.
Because feedback loops are not allowed inside the processing chain, the graph is a
directed acyclic graph (DAG). The DAW engine sorts the graph topologically and executes
it block by block. The same computation model is used by web audio engines, modular
synthesis environments and media frameworks [1, 2]. Immersive mixes for object-based
and binaural delivery add object renderers and bed buses to the same graph, and
practitioners already manage such sessions in their DAWSs [3].

Cloud computing has changed how such systems are built and delivered. The Internet
of Sounds vision describes networks of sound devices that sense, process, and exchange
audio with the help of edge and cloud resources [1]. Remote and cloud-based production
has moved from proposals to deployed systems, as the review of remote immersive audio
production and the cloud-based delivery systems in the broadcast literature documents [4,
5]. Remote immersive audio production extends this trend to many channels transported
to a remote mixing site and to shared virtual spaces with many concurrent listeners [4].
Browser-based DAWSs have reached a level where multitrack recording, plugins, and offline
rendering work without a native installation [2]. At the same time, the dominant architectural
style for cloud software is the microservice architecture. Microservices offer independent
deployment, horizontal scaling, technology heterogeneity, and fault isolation [6, 7]. These
qualities are attractive for a cloud audio engine that must serve many users and many
sessions at the same time.

However, audio DSP is a poor fit for the assumptions behind classic microservices. A
block of 128 samples at 48 kHz lasts 2.67 ms. Musicians who play together over a network
tolerate a mouth-to-ear delay of 20 to 30 ms [8]. A cloud microservice call, a container
restart, or a serverless cold start takes tens to thousands of milliseconds. This is the tension
that any cloud audio engine must resolve. DSP nodes such as filters, delays, and reverbs
hold internal state that must follow the stream. Every remote edge in the graph adds a
network hop. Retries, circuit breakers and autoscaling reactions operate at time scales that
are much longer than a block period. A cloud audio system therefore needs a careful
mapping between the DSP DAG and the set of services that execute it.

Several research directions touch this problem from different sides. GPU-oriented
DAW APIs execute audio graphs on accelerators [9]. Web Audio Modules bring a plugin
standard to browser DAWSs [2]. Microservice backends were used to add generative music
functions to a DAW through a VST plugin [10], and DSP as a service was proposed as a
general model for server-based music production [11]. Edge computing was applied to
spatial audio rendering [12]. Cloud native media pipelines were containerized and
orchestrated in Kubernetes [13]. Generic DAG engines for serverless and stream
processing workloads mature quickly [14, 15]. Two recent works cover neighboring ground.
Turchet et al. survey the Internet of Sounds as a whole, including its edge and cloud layers
[1]. Turchet and Krstulovic propose the vision of DSP as a service, which moves music
production tasks to servers, segments such services into asynchronous, reactive, and low-
latency tiers, and analyzes three prototypes under latency and reliability [11]. Neither takes
the microservice architecture or the DAW origin of the graph as its object. Still, no review
brings these works together and asks how a DSP DAG that originates from a DAW can be
executed as a set of cloud microservices.

Remote and cloud production workflows are now documented in peer-reviewed work
rather than only in vendor material [4, 5]. Browser DAWSs reached multitrack recording,
plugin hosting, and offline rendering between 2023 and 2026 [16, 2, 17]. Container
orchestration and serverless platforms matured to the point where containerized media
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graphs run in production with self-healing [13]. The building blocks exist, but the mapping
between them and a DSP DAG has not been studied.

This paper fills this gap with three contributions.

1. Ataxonomy of eight solution families for cloud, edge, and browser-based execution
of audio DSP graphs, derived from 43 peer-reviewed studies selected with an
explicit protocol.

2. A mapping of eight microservice principles to the requirements of DSP DAG
execution, which classifies each principle as conflicting, neutral, or requiring an
audio-specific interpretation.

3. A research agenda of eight gaps, ranked by the number of included studies that
touch each gap.

The goal is to review existing solutions for processing and rendering audio in the cloud
as DSP DAG graphs, to describe their models, methodologies, advantages and drawbacks,
to compare them, and to identify what such systems lack today. The focus is on the
microservice architecture and its principles applied to audio DSP graphs, including graphs
that originate from DAW sessions. The rest of the paper is organized as follows. The
Materials and Methods section describes the review method. The Results and Discussion
section presents the solution families, the comparison, the mapping of microservice
principles to DSP DAG requirements, the answers to the research questions, the open
problems, and the threats to validity. The Conclusion summarizes what is missing and
outlines further research.

MATERIALS AND METHODS

Review protocol

This study is a systematic literature review with a narrative synthesis. The protocol
defines the sources, the search strings, the inclusion and exclusion criteria, the quality
checklist, and the data extraction fields before the search. Three search stages were used.
Stage 1 screened two complete proceedings volumes, the 2023 4th International
Symposium on the Internet of Sounds and the 2024 IEEE 5th International Symposium on
the Internet of Sounds, because this venue concentrates the peer-reviewed work on
networked, edge, and web-based audio. Stage 2 searched the publisher sites of IEEE
Xplore, ScienceDirect, Springer Link, ACM Digital Library, MDPI, the Journal of the Audio
Engineering Society, and the SMPTE Motion Imaging Journal using a general web search
engine, and checked Scopus indexing for every candidate on the publisher page. The
search strings combined one term from the first group with one term from the second group.
The first group was "cloud", "microservice", "serverless", "edge computing", "container",
"Kubernetes" and "DAG". The second group was "audio", "DSP", "audio graph", "digital
audio workstation", "networked music performance", "spatial audio rendering”, "media
pipeline" and "stream processing". Stage 3 applied backward snowballing to the reference
lists of the included full texts. The search was performed in September 2026.

The inclusion and exclusion criteria are the following.

1. Included. Journal articles indexed in Scopus, or papers in IEEE or ACM conference
proceedings, published from 2023 to 2026.

2. Included. The paper describes, implements, or evaluates a system, architecture,
protocol, or model for processing, rendering, or transporting audio, or for executing
processing graphs, in a cloud, edge, container, browser, or networked setting.

3. Excluded. Preprints, vendor documentation, white papers, magazine articles, and
product announcements.

4. Excluded. Conference papers not published by IEEE or ACM.

5. Excluded. Papers on music information retrieval, perception, or datasets without a
system architecture component.
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6. Excluded. Papers whose full text was not accessible to the authors, so that the

extraction fields could not be verified.

One exception to the time window was accepted. The journal article by Bianchi et al.
from 2022 was included through snowballing because it is the only work that formalizes the
DAW graph for parallel execution [9]. Each included paper was checked against a quality
checklist with four items. The venue is peer-reviewed. The system or model is described in
enough detail to classify it. An evaluation or a measurement is reported, or the paper is a
position or review paper that is marked as such. The reported latency, if any, has a stated
measurement point. Papers that failed the second item were excluded. The other items
were recorded and are used in the comparison.

For every included paper, the following fields were extracted into a table. Solution
family, DAG location, whether the DAG is explicit, service granularity, real-time mode,
reported latency with its measurement point, scaling mechanism, fault tolerance
mechanism, DAW origin, and the research gaps the paper touches. The screening and the
extraction were performed by one reviewer. The family assignment was done by open
coding of the extracted fields followed by grouping into families, and the grouping was
revised twice until every paper fitted one family. Then an extraction table with all fields and
the quality checklist outcome per study, and the study-to-gap matrix that produces the gap
ranking were created.

Selection results

Fig. 1 shows the selection flow. Stage 1 screened 97 proceedings papers by title and
abstract, 47 from the 2023 volume and 50 from the 2024 volume. 36 papers met the topic
criteria. 19 of them were excluded because their full text was not accessible, so 17 were
included, and 80 were excluded in total. 61 were excluded for music information retrieval,
perception studies, and datasets without a system component, and 19 for missing full-text
access. Stage 2 ran 31 query executions that returned about 300 result entries, which were
screened by title and snippet, and 49 records were assessed in full text. 21 records were

Stage 1. Proceedings screening Stage 2. Database and publisher search Stage 3. Snowballing
1S2 2023 papers, n = 47. Reference lists of included full
IS2 2024 papers, n = 50. Screened 31 query executions, about 300 result texts
by title and abstract, n = 97 entries screened by title and snippet

N — |

Excluded, n = 80.

Out of scope = 61, Full texts assessed, n = 49. Candidates checked against the
no full-text access = 19 Excluded, n = 28. same criteria. Excluded, no full-
Preprint = 9, outside window = 5, text access = 2

workshop or magazine = 3, vendor = 3,
no full-text access = 8

V i J

Included from proceedings, n =17 Included from search, n = 21 Included by snowballing, n=5

J J

Total included studies, n = 43.
17 from proceedings, 26 from journals and other IEEE or ACM proceedings

Fig. 1. Selection flow of the review with the number of records at each stage
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included, and 28 were excluded: 9 as preprints, 5 outside the time window, 3 as workshop
or magazine articles, 3 as vendor material, and 8 for missing full-text access. Stage 3 added
5 records by backward snowballing after 2 candidates were excluded for missing full-text
access. In total, 43 peer-reviewed studies were included. 17 come from the two
proceedings volumes and 26 from journals and other IEEE or ACM proceedings. All 43
passed the first two checklist items. 31 report an evaluation or a measurement, and 12 are
position, review, or design papers. 24 report a latency together with its measurement point.
Fig. 2 shows the distribution of the included studies over the eight solution families and the
three sources. The hatched segments show that the audio microservice, media pipeline,
and generic DAG engine families come entirely from outside the symposium, whereas the
fog family comes entirely from it.
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Fig. 2. Distribution of the 43 included studies over the solution families and the three sources of the review

Research questions

The review answers the following research questions.

1. RQ1. Which existing solutions process or render audio in the cloud, at the edge, or
in the browser as a DSP DAG, and which computation model do they use?

2. RQ2. Which of the microservice principles conflict with block-synchronous
execution of a DSP DAG, for which principles does the literature contain a
workaround, and which principles apply without change?

3. RQ3. Which latencies do the solution families report, at which point were they
measured, and are they comparable across families?

4. RQ4. What is missing for executing a DAW-originated DSP DAG as cloud
microservices, and how many included studies touch each missing element?
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Comparison criteria

The comparison criteria are the following.

e DAG location. Client, edge, cloud, or a combination.

e Explicit DAG. Whether the solution represents the processing chain as an explicit
graph that can be inspected, serialized, and scheduled.

e Service granularity. Monolith, one service per task, one service per DSP node type,
or one service per subgraph.

¢ Real-time mode. Block-synchronous processing, streaming with a latency budget,
or offline rendering.

e Reported latency, its measurement point, and the measurement method.

e Scaling and fault tolerance mechanisms.

e Support for DAGs that originate from a DAW session or a DAW plugin format.

RESULTS AND DISCUSSION

The eight solution families are presented from the client to the cluster. Browser DAWSs
execute the graph on the client. Networked music performance systems keep the graph on
the client and move only streams. Edge and fog systems move one stage to the network
edge. Audio microservices, media pipelines and HPC systems execute in the cloud or on
a cluster. Generic DAG engines close the section because they execute graphs in the cloud
without an audio deadline. Before the families, the computation model itself is described.

DSP DAG graphs as a computation model and their origin in DAWs

A DSP DAG is a dataflow graph with synchronous semantics. Each node consumes
and produces a fixed number of samples per block, so the schedule of one block is static
and can be computed once when the graph changes. This property is used by DAW
engines, by the Web Audio API rendering graph, by GStreamer pipelines, and by domain-
specific languages such as Faust that compile block diagrams to efficient code [2, 13]. The
GPU-oriented API for DAWSs proposed by Bianchi et al. formalizes the DAW project as a
graph of tracks and effects and maps its independent branches to parallel GPU kernels,
which confirms that the DAW graph is a suitable unit for parallel and distributed execution
[9]. Real-time DAG scheduling theory studies the same structure for multicore embedded
systems, including response time bounds along the critical path and the choice between
global and partitioned scheduling [18]. Two quantities decide whether a distributed graph
meets its budget: the block period, which is the block size divided by the sample rate, and
the cost of the critical path, which is the sum of node processing times and network
transfers along the longest path from a source to the output.

Fig. 3 shows a small DAW session as a DSP DAG. Audio and MIDI clips are sources.
Inserts such as compressors, equalizers, gates, and sound synthesizers are intermediate
nodes. Sends route a copy of a signal to an auxiliary reverb bus. The sum bus and the
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Fig. 3. A DAW session represented as a DSP DAG
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master limiter are the last stages before rendering. The graph is acyclic, but it is not a tree,
because sends create additional paths. The longest path from a source to the output
defines the latency floor of the session. Fig. 4 shows how such a graph maps to a
microservice deployment. A gateway authenticates the client and enforces quotas. A graph
compiler validates the graph, partitions it into subgraphs, and places them on node-type
services. A block transport layer connects the services. Supporting services keep node
state, store stems and renders, and collect observability data.

Graph compiler and
Block transport layer.
Client, DAW APl gateway, scheduler. Low-latency streams
! — auth and — Validation, — y '
or browser uota artitionin shared memory when
q P 9, co-located
placement
Reverb Mix and
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service .
service
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Fig. 4. A DAW session mapped to microservices

The DAW origin of the DAG matters for two reasons. First, the DAW already stores
the graph, the plugin identifiers, the parameter automation, and the routing in its project
file. A cloud audio engine can therefore obtain the DAG from the DAW instead of asking
the user to rebuild it. Second, DAW plugins follow established formats such as VST, AU,
CLAP, and, for the web, Web Audio Modules [2, 10]. A cloud node service that hosts such
a plugin inherits its processing semantics, its parameter model, and its state model. This
makes the plugin host the natural unit of a node service. It also brings licensing,
sandboxing, and binary compatibility problems into the container, because most plugin
formats were designed for a single desktop process.

Representation formats for audio objects and scenes exist at several levels, but none
of them describes a processing graph. Turchet and Antoniazzi describe a semantic web of
musical things that achieves interoperability between devices through ontologies and
service descriptions [19]. Laitinen et al. present the OMASA format of the 3GPP IVAS
codec, which jointly codes audio objects and a metadata-assisted spatial audio scene for
immersive mobile communication at 13.2 to 512 kbps [20]. These formats describe devices,
objects, and scenes, not DSP nodes with parameters and per-block state, which is what a
cloud engine needs. Also, deep learning nodes are entering audio graphs. ANIRA is an
architecture for neural network inference inside real-time audio applications that moves
inference to a separate thread and respects the block deadline [21]. Such nodes are heavy
and stateful, which makes them the first candidates for placement on remote services.
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Browser-based DAWs and Web Audio graphs

Browser-based DAWSs are the closest existing systems to a cloud audio engine from
the user point of view. WAM-Studio is an open-source DAW that uses Web Audio, Web
MIDI, WebAssembly, and Web Components together with the Web Audio Modules plugin
standard. Buffa and Vidal-Mazuy introduce it as a multitrack workstation for the web with
plugin hosting and round-trip latency handling [16], and Buffa and Demont report on latency
management, synchronized audio and MIDI recording, MIDI tracks, and offline rendering
of a project [2]. The DAG in this system is the Web Audio rendering graph. Its nodes are
native browser nodes and WebAssembly worklets. The graph executes on the client. The
cloud stores projects, samples, and plugins and enables collaboration.

Other web-based systems use the same approach with a server that coordinates
many browser clients. Matuszewski and Golvet describe rapid prototyping of distributed
musical things with web technologies, where a server coordinates many browser clients
that each run their own audio graph [22]. Buffa, Girard and Hofr use Web Audio Modules
for immersive audio collaboration in the musical metaverse, where plugins run in every
client, and a server synchronizes the shared state [23]. Turchet and De Cet describe a
web-based distributed system that integrates mobile devices of the audience in a choral
performance [24]. Boem, Tomasetti and Turchet compare two-dimensional and mixed-
reality interfaces for remote music making and find that usability, not immersion, decides
adoption [25]. Gil Panal, David and Richard present Hi-Audio, an open-source web DAW
for asynchronous multitrack recording and dataset distribution with a Flask REST backend,
server-side annotation with machine learning models, server-side compression, and a
browser round-trip latency estimation based on maximum-length sequences, whose
variability reaches a standard deviation of about 8 ms in Chromium browsers [17].

The advantages of this family are zero installation, a standard graph model, a plugin
standard, and mature low-latency execution on the client. The drawbacks are client device
limits, the lack of server-side DSP execution, and the absence of a service model. Hi-Audio
is the only system of the family with server-side processing, and it applies it to annotation
and compression after upload, not to the audio graph [17]. Collaboration is implemented at
the project level and not at the audio block level. The DAG is explicit, but it is not portable
to a server-side engine because Web Audio nodes exist only in the browser. From the
microservice point of view, these systems are monolithic clients with a thin cloud backend.

Networked music performance and Internet of Sounds platforms

Networked music performance (NMP) systems connect musicians over a network.
Turchet and Rottondi relate NMP to ubiquitous music and to the Internet of Musical Things
and summarize the latency constraint of 20 to 30 ms mouth-to-ear delay [8]. Turchet and
Tomasetti identify the latency contributions of immersive NMP systems, including capture,
encoding, transmission, spatial rendering and playback, and relate them to available
hardware and software [26]. Turchet and Casari assess a private 5G standalone and a
public 5G non-standalone architecture for NMP and show which network configurations
satisfy the latency budget [27]. The Internet of Sounds review by Turchet et al. places these
systems in a broader agenda that includes cloud and edge processing, semantic
interoperability, and sustainability [1]. Turchet and Casari also evaluate satellite links for
NMP in rural areas, which extends the reach of such systems at the cost of higher and
more variable delay [28]. Tomasetti and Turchet show that musicians prefer binaural audio
with head tracking over stereo when playing with others through headphones, which adds
a spatial rendering stage to the audio path [29].

NMP systems are relevant here because they set the latency budget for any cloud
audio system that is used in a live setting. Their architecture, however, is a relay. A server
or a peer forwards streams and, at most, mixes them. The DSP graph of each musician
stays on the local machine. Packet loss concealment, jitter buffers, and clock
synchronization are the main engineering topics. Vignati, Dallona and Turchet provide a
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modular testbench to study packet loss concealment algorithms [30]. Three works move
the transport into hardware or dedicated radio to remove software jitter: an FPGA-based
audio coprocessor [31], Ethernet audio transmission directly to an FPGA [32], and DECT-
2020 NR radio for professional live audio [33]. The common finding is that the transport
can be made deterministic when it is owned end to end, which a cloud service mesh does
not offer. Real-time embedded platforms such as Elk Audio OS show that deep learning
models can be executed inside the audio callback with deterministic latency, but again on
a single device [34].

The advantage of this family is a well-studied latency model with perceptual thresholds
and measurement methods. The drawback is that the DSP DAG is not executed remotely,
so the results cannot be transferred directly to a cloud engine. Microservice principles
appear only in the signaling and session management parts of these systems.

Edge and MEC-based audio rendering

Edge computing brings compute close to the user and reduces the network delay of
remote edges. Martusciello et al. implement a spatial audio service on a multi-access edge
computing (MEC) 5G infrastructure and analyze its performance [12]. The rendering stage
runs on the edge server, and the client receives the rendered stream. The 3GPP immersive
voice and audio services codec targets the same edge, using the OMASA format to carry
separate talker objects along with a parametric scene captured by a mobile device, so
rendering can happen at the endpoint or in the network at a low bitrate [20].

Fog-based orchestration extends this idea to many devices. Mikolajczyk et al. present
gestural interaction with object-based audio in an Internet of Sounds ecosystem, where
audio objects and their rendering are distributed across the ecosystem [35]. Vieira et al.
formulate design guidelines for immersive environments that combine musical, multimedia,
and multisensory things [36].

Remote production is the closest use case to a cloud audio engine in this family.
Transporting many immersive channels to a remote mixing site is the main cost, which
Giacomelli et al. document in their review of remote immersive audio production, along with
the improvements they propose [4]. None of these works exposes the renderer as a graph
of services.

The advantage of this family is the explicit trade-off between placement and latency,
and the use of standard telecommunication infrastructure. The drawback is the granularity.
The rendering stage is one service. The DAG inside the renderer is fixed and not exposed.
Placement is static and chosen by the operator. Scaling to many concurrent sessions and
fault tolerance are not evaluated, and only two of the three works in this family report a
latency measurement. Still, these works provide the first measurements of rendering a DSP
stage remotely with a network in the loop, which is exactly when network transfer enters
the critical path.

Microservice systems for music and audio tasks

A small number of works apply microservice architecture directly to music and audio
functions. Raposo and Soares design a modular cloud architecture that adds generative
music capabilities to a DAW through a VST plugin [10]. The backend consists of a gateway
microservice with APl key validation, a database microservice, a generative harmony
microservice implemented in Java, and a chord-to-MIDI microservice implemented in
Python, all exposed through Node.js REST services. The JUCE-based plugin runs inside
the DAW, requests chord progressions, and drags the generated MIDI into the timeline.
The measured computation time is about 865 ms for generation and about 1300 ms for
MIDI conversion, and the network transfer time is negligible in comparison. The authors
state that the latency is acceptable for composition but not for live performance, and that
concurrency and containerized scaling remain future work.
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Turchet and Krstulovic generalize this direction into a vision of DSP as a service
(DSPaaS), in which musical devices connected to the Internet delegate production tasks
to servers [11]. They identify the building blocks, the technological enablers and the
network configurations of such a system, and they segment its applications into three tiers
by latency constraint. Asynchronous services answer in seconds or more, reactive services
within a few hundred milliseconds, and low-latency services within 10 to 30 ms or below,
which is the threshold at which a musician no longer perceives the delay between an action
and its sound. Three prototypes illustrate the tiers, among them a MIDI pattern recognition
service in which a Raspberry Pi with Elk Audio OS sends recorded patterns over TCP/IP
to aremote GPU server. The prototypes are analyzed under the key performance indicators
of latency and reliability. The vision names the design trade-offs of a cloud audio service
more precisely than any other reviewed work, but the server is treated as one service.
Neither a processing graph nor a decomposition into services appears in it.

Work on microservices provides the architectural background for such systems. We
proposed a framework for automated code scaling and execution on multiple distributed
machines, where a primary service shares the user code with replica services and executes
it across the network without an orchestrator [7]. An improved organization of REST API
handlers that reduces project complexity and improves the maintainability of Node.js
microservices was proposed [6]. These results apply to the control plane of a cloud audio
engine, that is, to gateways, session management, graph storage, and health monitoring.

The advantage of this family is a clean application of microservice principles, including
gateways, independent services, and language heterogeneity. The drawback is that the
services operate on requests and files, not on audio blocks. The DSP chain is absent
because the services produce MIDI, code, or metadata, or it is hidden inside one server,
and none of the systems executes a DAG with block-level deadlines. The three latency
tiers of DSPaa$S are the most useful classification of cloud audio services in the reviewed
set, and only the third tier is a live audio graph problem [11]. The VST integration of Raposo
and Soares is the only case where the DAW is the client of cloud microservices, and it uses
the DAW as a user interface rather than as the source of the graph [10].

Cloud native media processing pipelines

Media processing frameworks represent pipelines as graphs of elements with
negotiated formats, which is the same model as a DSP DAG. Herranz Sanchez et al.
present Voctomix 2.0, a cloud native architecture for real-time remote video production
based on a GStreamer pipeline [13]. The mixing core, the ingest processes, and the
operator interface are containerized. The architecture was evaluated on a native host, in a
Docker Compose stack of eleven services, and in a single-node Kubernetes cluster.
Containerization and orchestration added no appreciable processing overhead. The
median command-to-output latency was 293 ms at 25 frames per second, which is
determined by the frame period. Forced failures of a camera ingest were recovered in about
1.8 s by the restart policy, while a stream blanker kept the program output valid.

This work is the most complete evaluation of a containerized real-time media graph in
the reviewed set. Three lessons transfer to audio. First, uncompressed internal traffic
should stay inside a shared network namespace, because raw media between containers
over a physical network is expensive. Second, self-healing by the orchestrator works at the
scale of seconds, so output continuity needs a concealment mechanism in the graph itself.
Third, telemetry should be decoupled from the processing path with asynchronous
messaging. The drawback for audio is the time scale. A video frame period of 40 ms is an
order of magnitude longer than an audio block period, and the audio path in this system is
a single stereo stream that follows the video.

Related media systems confirm the pattern. Del Rio et al. deliver quality-of-
experience-aware live media with a containerized processing chain for user-generated
content [37]. Fukudome and Nishimura describe a cloud-based linear video delivery system
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that uses edge computing on a content delivery network [5]. Both systems operate at the
frame or segment level. Neither reports an audio path with a block-level deadline.

High performance and GPU acceleration for audio graphs

Turchet, Vella and Fiore analyze the potential of high-performance computing for the
Internet of Sounds and propose a compute continuum where edge devices perform light
feature extraction, network nodes aggregate, and HPC clusters with GPUs and FPGAs
perform heavy rendering, such as spatial audio for thousands of concurrent users [38].
They identify the communication overhead between CPU and GPU and the deadline of the
audio callback as the main obstacles for real-time use. Bianchi et al. show that a GPU-
oriented API can execute the DAW graph in parallel on the GPU with acceptable latency,
provided that the graph is analyzed and batched correctly [9].

The advantage of this family is throughput. A single accelerated host can render many
graphs or very large graphs. The drawback is that the execution stays on one host and
does not use a service model. Scheduling on the GPU is a task graph problem, and the
results are directly useful for a node service that hosts an accelerated subgraph. The idea
of a compute continuum also suggests a natural partitioning rule. Nodes with strict latency
stay near the client, and nodes with heavy but tolerant computation move to the cluster.

Generic DAG execution in cloud and serverless systems

Outside the audio domain, the execution of DAGs in the cloud is a mature research
topic. Henning and Hasselbring benchmark the scalability of five stream processing
frameworks deployed as microservices on Kubernetes, with more than 740 hours of
experiments and up to 110 concurrent service instances [14]. All frameworks scale
approximately linearly when resources are provisioned, but they differ in the rate at which
resources must be added. Stream processing operators are stateful, run continuously, and
communicate through message logs, which is closer to audio processing than request-
based services. Their latency, however, is measured in tens of milliseconds to seconds
and is dominated by the message broker. Fragkoulis et al. trace the evolution of stream
processing systems and show that state management, exactly-once semantics, and
elasticity are the dominant design goals, not bounded per-record latency [39].

Serverless platforms execute functions on demand and compose them into workflows.
Raith, Nastic and Dustdar review serverless edge computing and identify placement, cold
starts and stateful functions as open problems [15]. A cold start is incompatible with a block
deadline of a few milliseconds unless the function is kept warm for the whole session. Real-
time DAG scheduling theory, reviewed by Verucchi, Olmedo and Bertogna, provides
response time analysis and schedulability tests for DAG tasks on multicore platforms under
global and partitioned scheduling [18]. These results are formulated for a single machine
with shared memory, so the network transfer delay between nodes is not part of the model.
On the orchestration side, Dakic, Kovac and Slovinac evaluate Kubernetes for high-
performance workloads with machine-learning-based placement [40]. Placement quality
improves, but the scheduler does not see deadlines.

This family offers a rich set of scheduling, autoscaling, and benchmarking methods.
The drawback is the absence of sample-accurate deadlines and of an audio transport. The
frameworks optimize throughput and cost, whereas an audio graph needs bounded latency
for every block. Still, the partitioning heuristics, the placement models and the benchmark
methodology of these works can be adapted to DSP DAGs.

Comparison of the reviewed solutions

Table 1 compares the eight solution families against the criteria defined in the
Materials and Methods section. The families cover different points of the design space.
Browser DAWSs have an explicit DAG and a DAW origin, but no server-side execution. NMP
and edge systems have real-time execution with a network in the loop, but no explicit DAG
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and no service decomposition. Audio microservice systems have service decomposition,
but no DAG and no real-time mode. Cloud native media pipelines and generic DAG engines
have both an explicit graph and an orchestrated deployment, but they lack the DAW origin
and the audio block deadline. No reviewed system combines all four properties, namely an
explicit DSP DAG, a DAW origin, block-level real-time execution, and a microservice
deployment.

Table 1. Comparison of solution families for cloud, edge and browser-based
processing of audio DSP graphs

Solution famil DAG Explicit Service Real-time Reported Measurement Scaling and DAW
Y location DAG granularity mode latency point fault tolerance  origin
Browser DAWs . .
! Monolithic Block- 5 - Native,
anrc; inb“%u%'o Client ATJZiSc; V\::bh client, cloud  synchronous Milliseconds gx?ﬁ%ﬁgﬁ: Lé“:t:tddzzig;e web
9 23 17]’ g grap! for storage on the client DAW
NMP and loS Endpoints Relay or Streaming Mouth to ear, Neark gl
platforms [8, 26, and relay No session with 20to 30 Tens of ms one-way 5G slicespPLé No
27, 28] server service ms budgets network ’
Edge and MEC Partly, one . L7 Reported .
rendering [12, 4, Edge e One renldenng Real tlme on MEC End to end on Static MEC No
20] server stage service streaming 2] the edge placement
Fog
. . Orchestrator
orchgstratlon of Edlge Yes, scene Dewcg level Soft real- Not Not reported assigns scene No
audio scenes devices model services time reported
elements
[35, 36]
Audio Tasiclevel  Offine, with  08t013s  Request Partial,
g o, (RIS statig & reactive and  [10], tiers round trip at Replicas, VST
Cloud » Teq low-latency downto 10 the gateway, containerization plugin as
and DSPaaS pipelines gateway, one L N ?
. tiers in to 30 ms action to planned [10] client
ke, 19, s @l SR [T DSPaas 1] sound [10]
DSPaaS
; Containers - Command-to- Restart
O ovemmer o Fme TS0 cuputiame,  poles safe
premise or ; synchronous failure to healing,
[13, 37, 5] graph sidecars [13]
cloud recovery blanker
HPC and GPU  Clusteror  Yes, GPU Not a Real-time on - Audio callback Vertical, Yes,

. . . Milliseconds DAW API
audio [38, 9] GPU host  task graph ~ microservice one host on the host accelerator 9]
Generic DAG Yes, Function or Best effort, Broker Broker end to n

engines [14, 39, Ck:éd :nd workflow operator per no sample  bound, cold end, function rg\tt:itgssc:zelmlg, No
18, 15, 40] 9 DAG node deadlines starts invocation » replay

The measurement point column shows why the reported latency numbers are not
comparable across families. Browser and NMP works report buffer or one-way network
delays. Edge works report motion-to-sound delays. Microservice works report request
processing times. The media pipeline reports command-to-output delay. There is no
common benchmark, no common workload, and no common measurement point. This is a
gap in itself, because a cloud audio engine must be evaluated along a defined critical path,
with a defined block size and a defined network topology.

The reported figures of the cloud and container families, 293 ms command-to-output
and 1.8 s recovery for the media mixer [13] and 0.8 to 1.3 s per request for the DAW
microservice backend [10], lie two orders of magnitude above the 20 to 30 ms live budget
of networked music performance [8], whereas the browser, NMP and edge families report
values inside that budget but for a single device or a single stage. This observation answers
RQ3.

Microservice principles applied to DSP DAG execution

Microservice principles were formulated for business applications with request and
response interactions. Table 2 maps the main principles to the requirements of a DSP DAG
and states how the reviewed works address each principle. Each principle is classified in
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the text as conflicting, neutral, or requiring an audio-specific interpretation. The mapping
answers RQ2.

Table 2. Microservice principles and their meaning for the execution of DSP DAG
graphs

Microservice principle Expectation in classic services Requirement of a DSP DAG Status in the reviewed work

One DSP node type or one subgraph
per service, with the plugin host as the
unit

One business capability per
service

. - Task-level services in [10], no
Single responsibility T i

Independent Rolling updates without S pdatesustnoichanoslallinging

deployment oS graph, node versions pinned per Not addressed
session
A Filters, delays and reverbs hold . S
. Statg in external stores, any sample state that must follow the Session affinity |mp||g|t in [13],
replica serves any request e stateful operators in [14]
AP contract REST or gRPC request and Block streams with timestamps, Stream transport between
response ordering and back pressure containers only in [13]
Horizontal scaling Add replicas behind a load Scale by .tr_le numbgr of concurrent Not tested for DSP graphs in [10]
balancer graphs, critical path is not shortened

Self healing in seconds [13],
packet loss concealment in NMP

[

Retries add latency, dropouts must be

Resilience patterns Retries, timeouts, circuit breakers concealed within a block period

Observability Logs, metrics and traces per Per-block Iatengy, missed Qeadllnes, Asynchronous telemetry in [13]
request clock drift per session
. Deadline-aware placement, co Real-time DAG scheduling
Orchestration Kubernetes schgdullng and location of chained nodes, warm theory only [18], cold starts as an
autoscaling :
instances open problem [15]

Three principles conflict with DSP DAG execution directly. Statelessness conflicts with
the internal state of DSP nodes. A replica cannot take over a filter without receiving its
state, and the state changes every block. The practical answer is session affinity, where a
graph or a subgraph is pinned to a service instance for the whole session, and failover is
treated as a session migration with a short concealment. The request and response API
contract conflicts with the streaming nature of audio blocks. A node service must expose a
stream endpoint with sequence numbers, timestamps, and back pressure, and the gateway
must not sit on the audio path. Resilience patterns such as retries and circuit breakers
conflict with the block deadline. A retry that takes longer than one block period is a dropout.
Instead, the graph must include concealment nodes, and the orchestrator must keep warm
replicas so that failover fits into the latency budget.

Two principles are neutral and can be applied directly. Single responsibility maps to
one service per DSP node type or per subgraph, which is the plugin host in a DAW-
originated graph. Independent deployment maps to versioned node images that are pinned
per session, so that a rolling update of a node type does not change the sound of a running
session. Three principles need an audio-specific interpretation. Horizontal scaling adds
capacity for more concurrent graphs but does not reduce the latency of one graph, which
is bounded by its critical path. Observability may be extended from request traces to block-
level metrics such as missed deadlines and clock drift. Orchestration must become
deadline-aware, so that chained nodes are co-located, and remote edges are placed only
where the latency budget allows.

The choice of service granularity deserves a separate remark. One service per DSP
node gives the finest reuse and isolation but adds a network hop for every edge, which is
the worst case for the critical path. One service per subgraph, for example per track chain
or per bus, keeps the hops on the critical path small and still allows independent scaling of
heavy subgraphs such as convolution reverbs. One service per whole graph is a monolith
per session and gives the lowest latency but no reuse of hot node types across sessions.
The reviewed works do not evaluate this trade-off. The partitioning heuristics from generic
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DAG engines and the co-location rule from the media pipeline work are the starting points
for such an evaluation [14, 13].

Open problems and what is missing

The review answers the fourth research question with the following list of missing

elements.

e Portable representation of DAW graphs. There is no open, engine-independent
serialization of a DAW session as a DSP DAG with plugin identifiers, parameter
automation, routing, and latency compensation. Web Audio Modules cover the
browser [16, 2], GPU APIs cover one host [9], and the VST bridge covers only the
user interface [10].

e Granularity model for stateful DSP nodes. No reviewed work defines how to
partition a DSP DAG into services, how to pin subgraphs to instances, and how to
migrate node state during failover within the latency budget.

e Deadline-aware orchestration. Container orchestrators schedule pods by
resources, not by block deadlines. Real-time DAG scheduling theory does not
include network hops [18], and serverless platforms suffer from cold starts [15].

e Low-latency block transport between services. Media pipelines keep raw traffic
inside a shared namespace [13], and NMP systems optimize the network path [26,
27], but there is no service-to-service audio transport with timestamps, back
pressure, and concealment that fits a microservice mesh.

e Concealment and clock discipline as graph elements. Dropouts caused by
orchestration actions must be concealed in the graph, and all services of a session
must share a clock. These functions are treated as network concerns in NMP and
are absent in microservice works.

¢ Benchmarks and evaluation methodology. Reported latencies are not comparable
across families. A benchmark with defined graphs, block sizes, topologies, and
measurement points along the critical path is missing, similar to what exists for
stream processing microservices [14]. The latency and reliability indicators of
DSPaaS are a starting point for such a benchmark [11], and open multitrack
material could come from platforms such as Hi-Audio [17].

¢ Plugin hosting in containers. Licensing, sandboxing, binary compatibility, and GPU
access for desktop plugin formats inside containers are not studied, and the
container security survey of Jarkas et al. shows that privileged hardware access
widens the attack surface [41]. The compute continuum idea suggests a split
between latency-critical nodes near the client and heavy nodes in the cluster [38],
but no implementation exists.

e Cost and energy models. The elastic cloud model charges per resource time,
whereas a session pins resources for its whole duration. The trade-off between
per-session monoliths and shared node services is not quantified. Lostanlen and
Bouchet warn that rebound effects make digital audio unsustainable when more
compute is offered without accounting for its energy [42], and Gabrielli, Principi and
Turchet report case studies on sustainability in the Internet of Sounds [43].

Ranked by the number of included studies that touch each gap, low-latency block

transport comes first with 10 studies, followed by the portable representation with 7,
concealment and clock discipline and benchmarks with 5 each, deadline-aware
orchestration with 4, plugin hosting with 3, cost models with 2, and the granularity model
with none. The gap with no study is the one that a microservice-based engine cannot avoid.
These gaps are connected. The representation defines the graph, the granularity model
defines the services, the transport and the clock connect them, the orchestrator places
them, and the benchmark evaluates the result. Progress on one element without the others
will not produce a usable cloud audio engine. This is why the next step of our research is

90 Electronics and Information Technologies ¢ 2026 ¢ Issue 35



A Review of Cloud-Based Audio Processing...

a reference architecture that covers all elements and a prototype that executes DAW-
originated DSP DAGs as microservices with a measured latency budget.

Answers to the research questions

RQ1. Eight solution families process or render audio as graphs. Browser DAWs, HPC
and GPU systems, media pipelines and generic DAG engines use an explicit graph. NMP,
edge and fog systems, audio microservices and the DSPaa$S vision do not. Only browser
DAWs and the GPU API originate from a DAW. The computation model is block-
synchronous dataflow on the client and on single hosts, streaming with a budget in NMP
and edge systems, and best-effort workflow execution in the cloud.

RQ2. Three principles conflict with block-synchronous execution. Statelessness,
request-based API contracts, and retry-based resilience. Workarounds exist in the
literature for two of them: session affinity and stream transport inside a shared namespace
[13], and packet loss concealment from NMP [30]. Two principles apply without change:
single responsibility and independent deployment. Three principles need an audio-specific
interpretation: horizontal scaling, observability, and orchestration.

RQ3. The families report latencies at five different points. Browser DAWSs report audio
buffer delays on the client. NMP systems report mouth-to-ear or one-way network delays.
Edge systems report motion-to-sound delays. Audio microservices report request round
trips of 0.8 to 1.3 s. Media pipelines report command-to-output delays of 293 ms and
recovery times of about 2 s, and serverless platforms add cold starts on top of every
invocation. The figures are not comparable across families, and the cloud and container
figures lie two orders of magnitude above the 20 to 30 ms live budget.

RQ4. Eight elements are missing. Ranked by evidence, they are block transport, graph
representation, concealment, and clock discipline, together with benchmarks, deadline-
aware orchestration, plugin hosting, cost models, and the service granularity model, which
no included study addresses.

Validity challenges

Construct validity. The eight families and the seven criteria were defined by the
authors. A different coding could merge the edge and fog families or split the generic DAG
engines. The comparison of reported latencies is qualitative, because the papers measure
at different points and no reviewed paper reports the transfer delay between two DSP
nodes for audio blocks.

Internal validity. The screening and the extraction were performed by one reviewer.
The Stage 2 record count is approximate because the publisher sites were searched
through a general search engine and not through a database interface with an exportable
log. The reported latencies were taken from the papers without re-measurement, and their
measurement points differ, which is why Table 1 records the measurement point next to
each figure instead of comparing the figures directly.

External validity. 17 of the 43 included studies come from two proceedings volumes
of one symposium, and a large share of them originates from a small number of European
research groups. The full-text criterion excluded some work on DAG scheduling and
serverless workflows, and 25 topically relevant papers, including edge rendering, fog
orchestration, and audio microservice work that would have strengthened the three
smallest families. Cloud gaming, WebRTC, and broadcast transport standards were
covered by a small number of studies. The findings should be read as a characterization of
the peer-reviewed literature in the selected venues, not of commercial practice.

Conclusion validity. The gap ranking counts citations, not the depth of treatment, and
the counts are small. The statement that cloud and container latencies exceed the live
budget by two orders of magnitude rests on a handful of reported figures from two papers.
It is robust to the choice of block size, because a block of 256 or 512 samples changes the
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budget arithmetic by a factor of two or four while the reported figures exceed the budget by
a factor of one hundred or more.

CONCLUSION

This paper reviewed existing solutions for processing and rendering audio in the cloud
as DSP DAG graphs with a focus on microservice architecture. 43 peer-reviewed studies
were selected with an explicit protocol and grouped into eight solution families that range
from browser DAWSs, which execute an explicit DAW-originated graph on the client, to
generic DAG engines, which execute graphs in the cloud without an audio deadline. The
families in between move streams, single rendering stages, offline tasks, or frame-level
media graphs to the edge or the cloud.

The comparison shows that no reviewed system combines an explicit DSP DAG, a
DAW origin, block-level real-time execution, and a microservice deployment. The mapping
of microservice principles to DSP DAG requirements shows that statelessness, request-
based API contracts, and retry-based resilience conflict with block-synchronous audio,
whereas single responsibility and independent deployment apply directly, and scaling,
observability, and orchestration need an audio-specific interpretation. The comparison of
reported latencies shows that the families measure at different points and that the cloud
and container systems report values two orders of magnitude above the 20 to 30 ms live
budget of networked music performance. A latency model that makes these figures
comparable and a measurement of the transfer cost between chained node services are
the subject of a companion article.

What such systems lack today is a portable representation of DAW graphs, a
granularity model for stateful DSP nodes, deadline-aware orchestration, a low-latency
block transport between services, concealment and clock discipline as graph elements, a
common benchmark, plugin hosting in containers, and a cost model. Further research will
address these elements with a reference architecture for microservice-based execution of
DAW-originated DSP DAGs and with a prototype evaluated against the latency budgets
established by networked music performance research.
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ornAag MeEtTogiB XMAPHOIO ONMPALUIKOBAHHSA 3BYKY HA OCHOBI
OPIEHTOBAHUX ALUMUKNIYHUX TPA®IB OBPOBJIEHHA CUTHANIB Y
MIKPOCEPBICHUX APXITEKTYPAX
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AHOTALIA

BcTyn. NaHutorn o6pobku ayaio y LmgpoBux 3BykoBux poboumnx ctaHuiax (L3PC, aHrn.
DAW - digital audio workstations) € opieHToBaHMuK auukniyHumu rpadpammn (OAI, aHrn.
DAG - directed acyclic graph) Bysnis uudposoro obpobnerHs curHanis (LOC, aHrn. DSP
— digital signal processing). BukoHaHHsA Takux rpadis y XmMapHux cepefoBuLLax Aae 3Mory
3abe3neynTu rHy4KicTb 064MCoBanbHMX PECYPCiB, MOXMUBICTbL CMiNbHOI po60oTK Ta JOCTYN
i3 TepmiHanbHUX NpUCTpoiB. MikpocepBicHa apxiTekTypa nepeBaxae y XMapHUX cucteMax,
ane il npyHUMNU copMOBaHi HaBaHTaXXEHHAMWU TUMY 3anWT-Bi4NOBIAb, @ He GNOKOBO
CUMHXPOHHOI 06pobGKo ayaio. Y craTTi OrnsiHyTO HasiBHi MeToau [ONnd XMapHOro
06pobneHHs Ta BiATBOPEHHS 3BYKY, NoAaHoro y Burnsai rpadis LumgppoBoro o6pobneHHs
curHanis, Ta OUiHEHO iX Ha BignNoBiAHICTb NPMHLMNAM MiKPOCEPBICHOMO Migxoay.

MaTtepianu Ta metogm. 3acTOCOBaHO CUCTEMATUYHUIA MPOTOKON MOLUYKY 3 SBHUMM
KpUTepisiMu BKIMTFOYEHHSA A0 ABOX NOBHMX ToMiB npaub IEEE International Symposium on the
Internet of Sounds, 0o nowyky B 6a3ax gaHWX i Ha caWTax BuAaBLUIiB Ta 4O 3BOPOTHOro
Binbopy 3a cnuckamu nitepatypu. 3 97 npaub cMMnosiymy Ta 48 NOBHUX TEKCTIB 3 iHLINX
JKepen BKIMIOYEHO 43 peLeH30BaHi AOCMiAKEHHS 3 OOCTYMHUMMMW MOBHWMMW TEKCTamu,
ony6nikoBaHi 3 2022 no 2026 poky. MeToau 3rpynoBaHo Y BiciM CIMEWCTB Ta OLIHEHO 3a
posTallyBaHHAM, SIBHICTIO rpadpa, geTanisauielo cepBiciB, peXXMMOM pearnbHOro 4acy,
NOBIJOMINEHNMY 3aTPMMKaMK, MeXaHiamamu macluTabyBaHHS Ta BiAMOBOCTIVKICTIO, @ TaKOX
NigTPUMKOIO rpadis, WO NOXOAATH i3 LMAPOBMX 3BYKOBUX POBOUMX CTaHLIN.

PesynbTaTtun. BpaysepHi LISPC 36epiratote OAl" Ha KnieHTi Ta BUKOPUCTOBYIOTb XMapHe
cepegosue AnA 36epiraHHa gaHux i cninbHOi pobotn. Cnuctemmn MepexxeBoro My3nyHOro
BMKOHAHHSA PETPAHCMIOTbL MOTOKM Y MeXax XOPCTKUX OlomKeTiB 3aTpuMMKu, ane He
BMKOHYIOTb odonaviH-rpadiB onpaltoBaHHa 3ByKy BigganeHo. [lepudepiiiHi  cnyxou
copmyBaHHS 3ByKy NepeHOCAaTb Ha nepudepito nuwe oanH etan. Mikpocepsicy BUKOHYOTb
NnakeTHi 3aBgaHHA 4Yepe3 MepexeBi nporpamHi iHTepdencn. XmapHi MmepiakoHBeepu
BMKOHYIOTb O0OpOOKy 3BYKOBWMX CWUrHamiB Yy KOHTEWHepax i3 CaMOBIQHOBMEHHSIM, a
yHiBepcarbHi pyLii OpiEHTOBaHMX auukniyHMX rpadiB nnaHyloTb i MacwTabyoTb, ane He
rapaHTylTb TOYHOCTI Ha PiBHI OKpemMux 3HadeHb 6nokiB. XXogHa 3 OrnsiHyTUX CUCTEM He
BukoHye rpacd LIOC, wo noxogutb i3 LIBPC, ak Habip MikpocepBiCiB i3 rpaHnyYHMMM
TepMiHaMu Ha piBHi 6rnokiB. 3aTpMMKM B OFMAHYTUX MaTepianax BUMIPSHO B Pi3HMX TOYKaXx,
TOMY X HEMOXNUBO MNOPIBHATU. XMapHi Ta KOHTEMHEpHi cUCTeMW MOBIAOMMSIOTb MPO
KiNbKICTb Bif COTEHb MiniCeKyHA A0 KiflbKOX CeKyHA,.

BucHoBku. HasiBHMM cucTtemam Gpakye nepeHocHoro nogaHHs rpadgis LISPC, mogeni
noapibHeHHss ans By3niB uUMcpoBoi 06pobku curHaniB 3i cTaHOM, MraHyBaHHSA 3a
rPaHNYHMMKU TEpMiHaMK B 3acobax OpKeCcTpyBaHHSA KOHTEMHEPIB, NepefaBaHHs 6okiB Mixk
cepsicaMu 3 Marol 3aTPUMKOIO Ta eTaroHHWX TeCTiB XMapHOro oopmyBaHHA 3BYKY. Lli
nporanuHy BU3Ha4yalTb NporpaMy AOCHidXeHb XMapHOro onpautoBaHHSA 3BYKY Ha OCHOBI
MiKpocepBiciB.

Knroyoei cnoea: xmapHi 064McneHHsl, MikpocepBicu, umMdpoBa obpobka curHanis,
OpiEHTOBaHWU auuKniYHWIA rpad, Lundposa 3ByKoBa poboya cTaHuis, HagilHICcTb
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