
Central Lancashire Online Knowledge (CLoK)

Title Impact of Audio Delay and Quality in Network Music Performance
Type Article
URL https://clok.uclan.ac.uk/id/eprint/56398/
DOI https://doi.org/10.3390/fi17080337
Date 2025
Citation Tsioutas, Konstantinos, Xylomenos, George orcid iconORCID: 0000-0003-

2552-687X and Doumanis, Ioannis (2025) Impact of Audio Delay and 
Quality in Network Music Performance. Future Internet, 17 (8). p. 337. 

Creators Tsioutas, Konstantinos, Xylomenos, George and Doumanis, Ioannis

It is advisable to refer to the publisher’s version if you intend to cite from the work. 
https://doi.org/10.3390/fi17080337

For information about Research at UCLan please go to http://www.uclan.ac.uk/research/ 

All outputs in CLoK are protected by Intellectual Property Rights law, including Copyright law.  
Copyright, IPR and Moral Rights for the works on this site are retained by the individual authors 
and/or other copyright owners. Terms and conditions for use of this material are defined in the 
http://clok.uclan.ac.uk/policies/

http://www.uclan.ac.uk/research/
http://clok.uclan.ac.uk/policies/


Academic Editor: Paolo Bellavista

Received: 19 June 2025

Revised: 19 July 2025

Accepted: 25 July 2025

Published: 28 July 2025

Citation: Tsioutas, K.; Xylomenos, G.;

Doumanis, I. Impact of Audio Delay

and Quality in Network Music

Performance. Future Internet 2025, 17,

337. https://doi.org/10.3390/

fi17080337

Copyright: © 2025 by the authors.

Licensee MDPI, Basel, Switzerland.

This article is an open access article

distributed under the terms and

conditions of the Creative Commons

Attribution (CC BY) license

(https://creativecommons.org/

licenses/by/4.0/).

Article

Impact of Audio Delay and Quality in Network
Music Performance †

Konstantinos Tsioutas 1 , George Xylomenos 1,* and Ioannis Doumanis 2

1 School of Information Sciences and Technology, Athens University of Economics and Business,
10434 Athens, Greece; ktsioutas@aueb.gr

2 School of Engineering and Computing, University of Central Lancashire, Preston PR1 1JN, UK;
idoumanis@uclan.ac.uk

* Correspondence: xgeorge@aueb.gr
† This paper is an extended version of our paper published in the 11th IFIP International Conference on New

Technologies, Mobility and Security (NTMS), An Empirical Evaluation of QoME for NMP, 19–21 April 2021,
Paris, France.

Abstract

Network Music Performance (NMP) refers to network-based remote collaboration when
applied to music performances, such as musical education, music production and live
music concerts. In NMP, the most important parameter for the Quality of Experience (QoE)
of the participants is low end-to-end audio delay. Increasing delays prevent musicians’
synchronization and lead to a suboptimal musical experience. Visual contact between the
participants is also crucial for their experience but highly demanding in terms of bandwidth.
Since audio compression induces additional coding and decoding delays on the signal
path, most NMP systems rely on audio quality reduction when bandwidth is limited to
avoid violating the stringent delay limitations of NMP. To assess the delay and quality
tolerance limits for NMP and see if they can be satisfied by emerging 5G networks, we
asked eleven pairs of musicians to perform musical pieces of their choice in a carefully
controlled laboratory environment, which allowed us to set different end-to-end delays or
audio sampling rates. To assess the QoE of these NMP sessions, each musician responded to
a set of questions after each performance. The analysis of the musicians’ responses revealed
that actual musicians in delay-controlled NMP scenarios can synchronize at delays of up to
40 ms, compared to the 25–30 ms reported in rhythmic hand-clapping experiments. Our
analysis also shows that audio quality can be considerably reduced by sub-sampling, so as
to save bandwidth without significant QoE loss. Finally, we find that musicians rely more
on audio and less on video to synchronize during an NMP session. These results indicate
that NMP can become feasible in advanced 5G networks.

Keywords: QoE; NMP; audio delay; audio quality

1. Introduction
The social distancing requirements imposed during the SARS-CoV-2 pandemic

brought to the forefront the value of real-time collaboration applications. One such ap-
plication is Network Music Performance (NMP), which refers to musicians performing
when connected over a network. All real-time human-to-human applications require low
delays; for example, in voice telephony, the goal is for the end-to-end delay to not exceed
150 ms, otherwise the conversation becomes unnatural and the quality of their experience
is significantly reduced. NMP is far more challenging: studies of human participants trying
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to synchronize their hand claps over a network found that synchronization failed, with
delays exceeding 25–30 ms [1].

Such requirements are so hard to meet that, to many researchers, NMP seems like an
unattainable goal. However, musicians often state that when using specialized NMP tools,
they can actually collaborate, at least over moderate distances. To assess the validity of such
claims, we performed a small pilot study with four pairs of musicians, which indicated that
higher levels of delay may be tolerable in actual musical performances [2]. Considering
the higher bandwidths and lower latencies promised by 5G networks, this can bring NMP
within the realm of feasibility.

The evidence that NMP may be possible over larger delays, coupled with the need to
save bandwidth to allow adding video over the, normally more limited, uplink, made us
reconsider the question of what is the tolerance to delay for NMP for rhythmic performances
and to what extent can we sacrifice audio quality to save bandwidth without increasing
delay? Audio quality is relevant, since NMP-specific tools commonly rely on raw audio
to avoid the delays introduced by audio coding; even Opus, which is optimized for low
delay, introduces delays of at least 5 ms with reduced quality, under ideal conditions [3].
Unlike previous studies that either focused on hand clap synchronization or very small
numbers of musicians, considering only delay and not quality, we designed a series of
experiments where pairs of musicians played music, while we modified the delay and
audio quality, using questionnaires to assess the Quality of User Experience (QoE) in a
subjective manner. We also recorded audio and video of all the performances for possible
future processing and analysis.

In this paper, after presenting the experimental setup and the questionnaire used,
we provide an analysis of the musicians’ responses, including their statistical significance,
as well as a discussion of the implications of the results and some guidance on implementing
similar experiments. Our main research questions are:

1. How does varying the one-way audio delay, from near zero up to around 60 ms, affect
the musicians’ QoE?

2. How does reducing the audio sampling rate (from 88.2 kHz down to 8 kHz) impact
the QoE of NMP participants?

We hypothesize that: (H1) musicians can tolerate higher one-way delays for actual
performed pieces than earlier rhythmic hand-clapping studies have suggested; and (H2)
reducing audio quality by sub-sampling is not detrimental to their overall QoE. The null
hypotheses are that (N1) any delay above 25–30 ms is intolerable, and (N2) lowering the
sampling rate will reduce the QoE. Our results support the rejection of these null hypotheses
under the particular conditions described.

The contributions of this paper are as follows:

1. We show that the QoE of NMP for rhythmic performances is acceptable for delays
of up to 40 ms, rather than the 25–30 ms found in previous work, which focused on
hand-clap synchronization; this makes NMP borderline feasible for 5G networks [4].

2. We show that the QoE of NMP is not significantly affected when reducing the sampling
rate from studio-level quality to telephone quality (an order of magnitude).

3. We show that in NMP sessions where both audio and video channels are available, mu-
sicians rely far more on audio for synchronization, even when video has a lower delay.

4. We present the largest NMP study with actual musicians and performances that we
are aware of and the first ever study covering audio quality for NMP.

The remainder of this paper is structured as follows. We present related work in
Section 2. Section 3 describes our experimental setup, while Section 4 presents our ques-
tionnaire. Section 5 presents and analyzes the subjective results from our experiments,
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while Section 6 offers a discussion on the study’s findings and some lessons learned. We
summarize our findings and discuss future work in Section 7. An extended version of
this work is available in the PhD thesis of Konstantinos Tsioutas, Quality of Musicians’
Experience in Network Music Performance, Department of Informatics, Athens University
of Economics and Business, 2022.

2. Related Work
A large amount of research considers the QoE for NMP, evaluating it from diverse

points of view. An overview of such research can be found in Rottondi et al. [5]. The most
common approach is to manipulate a parameter (such as delay) over a set of NMP
sessions and subjectively evaluate the resulting QoE via questionnaires; we adopt the
same approach.

Schuett [1] investigated the effect of latency on musical synchronization and intro-
duced the concept of the Ensemble Performance Threshold (EPT), defined as the one-way
delay below which synchronization remains achievable. The study set this threshold to
20–30 ms. Chafe [6], through hand-clapping experiments with musicians, found a similar
EPT, also noting that latencies below 11 ms could lead to tempo acceleration.

Driessen [7] examined two musicians performing hand claps without a metronome
and reported that increasing delay caused a gradual slowdown in tempo. Farner [8]
expanded on this by studying eleven musically trained pairs trying to synchronize their
hand claps, finding a linear relationship between delay and tempo reduction.

Gurevich [9] also investigated the relationship between latency and tempo, using
seventeen pairs of hand clapping participants. The study revealed that 74% of performances
sped up when the delay was below 11.5 ms, whereas 85% of sessions with delays above
14 ms experienced a tempo slowdown.

Barbosa [10] conducted experiments with four musicians playing bass, percussion,
piano, and guitar, concluding that all participants tolerated higher delay values when
playing at slower tempos, regardless of their instrumental skills or instrument type. In a
follow-up study, Barbosa [11] examined the influence of note attack time on tempo. Using
cello and violin performances, the study found that pieces with fast attack times generally
maintained a higher tempo, but in both fast and slow attack conditions, tempo decreased
with increased delay.

Rottondi [12] further explored how delay interacts with musical content, involving
seven pairs of musicians in varying settings of latency, jitter, tempo, and instrumental
combinations. The study reported that perceived delay was strongly affected by the
rhythmic and timbral characteristics of the instruments, with noisier or more rhythmically
complex combinations being more sensitive to delay. These findings highlight that the
enjoyability and feasibility of NMP are not determined by latency alone but also by the
musical context.

Carôt [13] examined ten professional musicians, five drummers and five bassists,
performing in pairs. The study reported an overall latency threshold ranging from 5 ms to
65 ms, with no single acceptance value across all participants, emphasizing the subjective
variability in latency tolerance.

Olmos [14] studied a conductor with six singers performing together over a network.
Despite the technical limitations, singers were generally able to adapt to various delay
levels and reported forming emotional connections with each other. Bartlette [15] asked
two pairs of musicians to perform Mozart duets under different latency conditions. While
the musicians employed various coping strategies, they noted that delays of 100 ms or
more made performances feel unmusical and non-interactive, leading them to rely more on
self-monitoring than on active listening.



Future Internet 2025, 17, 337 4 of 20

Monache [16] investigated the subjective experience of ten participants playing instru-
ments such as mandolin, accordion, guitar, percussion, harp, flute, and alto saxophone
in duos. The study confirmed that latency negatively affected musical involvement and
caused noticeable distress among musicians. However, participants also showed a willing-
ness to find coping mechanisms to mitigate the disruptive effects of delay.

Collectively, the hand clapping studies indicate that when delay exceeds 30 ms, syn-
chronization fails. On the other hand, when actual musical performances are tested,
the results are far more diverse, indicating that musicians may be able to adapt to growing
delays, possibly by reducing their tempo; the results may also depend on the music genre
and the instruments used.

To date, there appears to be no study specifically investigating how audio quality
influences NMP. The majority of research in this area emphasizes latency, often selecting an
acceptable audio quality level based on network conditions. Since compression is generally
avoided in NMP to limit latency, we explored the impact of audio quality by varying the
sampling rate. Notably, this method directly influences the transmission bitrate without
adding delay; however, it does not uniformly degrade quality across the spectrum. Instead,
it eliminates all frequencies above the Nyquist frequency (i.e., half the sampling rate).
While prior work has linked spectral properties of NMP recordings to musicians’ perceived
Quality of Experience (QoE) [12], such studies focus on the perception of delay rather than
audio quality itself.

A range of objective methodologies for assessing audio quality is reviewed in [17].
Widely adopted metrics include Basic Audio Quality (BAQ), Perceptual Evaluation of
Audio Quality (PEAQ), and several others [18,19]. These typically involve subjective
evaluations, where participants compare a reference (ideal) audio sample with a test
sample and rate the latter on a 5-point Likert scale. In domains such as voice telephony,
objective models exist that estimate these quality scores without human listeners [20,21].

Another relevant question is whether musicians rely more heavily on auditory or
visual cues for synchronization. A number of studies suggest that the human brain is more
effective at processing auditory stimuli than visual ones in timing-related tasks. When
exposed to unimodal stimuli, either auditory or visual, individuals generally exhibit more
accurate synchronization with auditory cues such as beeps, compared to visual cues like
light flashes [22,23]. Furthermore, research indicates that synchronization performance im-
proves when both auditory and visual stimuli are presented together (i.e., bimodal stimuli),
as this tends to reduce temporal variability compared to either modality presented alone.

A final question is whether the latency tolerances of NMP can be met by existing
networks. The emergence of 5G networks, with their promises of ultra-low latencies and
high bandwidth availability, make them a promising candidate for NMP [24]. A recent
measurement study showed that a commercial 5G Non-Standalone network can provide
median one-way delays for audio transmission only slightly over 40 ms within a cell [4].
The expectation is that 5G Standalone networks will exhibit latencies below 40 ms, which
may be acceptable for NMP.

3. Experimental Setup
For our experiments, we utilized two acoustically and visually isolated rooms located

on the same floor of the main building at the Athens University of Economics and Business.
Musicians performed in separate rooms, communicating via headphones for audio and 32”
monitors for video. We investigated two experimental conditions: in Scenario A, we varied
the audio delay while maintaining constant audio quality, whereas in Scenario B, we varied
the audio quality while keeping the audio delay fixed. The overall setup remained similar
across both scenarios, with slight modifications depending on the parameters being tested.
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In Scenario A, illustrated in Figure 1, each room was equipped with an 8-channel
audio mixer responsible for routing, monitoring, and recording audio. Audio was captured
using condenser microphones, and monitoring was achieved through closed-type head-
phones. Video was recorded using a camera in each room and transmitted as a composite
analog video signal to a 32′′ display in the other room (represented by red lines in the
figure). The network cables from both rooms were connected directly to each other, using a
twisted pair from a UTP bundle to carry the analog composite video signal, bypassing any
switching equipment.

Figure 1. Scenario A experimental setup (variable delay).

The use of composite video aimed to minimize visual latency. Analog video transmis-
sion displays content line-by-line, avoiding the buffering and processing delays inherent
in digital video, which must capture, encode, transmit, decode, and render full frames.
To measure round-trip video latency, we positioned a smartphone displaying a running
timer in front of the video camera in one room and directed the camera in the other room
at its monitor, thereby reflecting the timer image back. A separate camera recorded both
the original and reflected timers. Frame-by-frame analysis of the recording showed a
round-trip video delay of 30 ms, corresponding to a one-way delay of approximately 15 ms.

The audio mixers in both rooms were also connected via direct analog cabling, avoid-
ing digital processing altogether. This configuration enabled us to achieve precise, low-
latency audio transmission, with fixed delays even below 10 ms, something not feasi-
ble when routing through digital devices or switches. To control delay, we used two
AD-340 analog audio delay units by Audio Research, allowing us to set exact delay values
in each direction.

In Scenario B, the configuration was modified as shown in Figure 2. Audio outputs
from the mixers were routed into Linux-based PCs (Intel i7 CPUs, 12 GB RAM), which
ran our custom NMP software, Aretousa; this software is available upon request from the
authors. The software was used solely to adjust the audio sampling rate. Importantly,
no compression or additional signal processing was applied. The video setup remained
identical to Scenario A, preserving the one-way delay of 15 ms. PCs were interconnected
via the building’s Fast Ethernet LAN, which included three Ethernet switches along the
path. Under these conditions, we measured a one-way audio delay of approximately 10 ms.

Most studies on the effects of delay on NMP focus on the one-way delay between
two participants; in an audio context, we call this the Mouth to Ear (M2E) delay, as it
represents the delay from the microphone of one musician to the headphones of the other
musician. In practice, M2E delay is extremely hard to measure, as it requires very fine
clock synchronization between the endpoints, which is only feasible with sophisticated
equipment [25]. For this reason, in this work we measured My Mouth to My Ear (MM2ME)
delay, which is basically the two-way version of M2E, as shown in Figure 3. MM2ME delay
is easy to measure accurately, by simply reflecting the audio signal and then looking at
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the outgoing and incoming signal in an audio analysis application. MM2ME incorporates
the possible asymmetry between the two directions; if the two directions are symmetric,
which is always the case in our experiments, M2E delay is exactly half of MM2ME delay.
For simplicity and easier comparison with previous work, in the rest of the paper, we
only talk about and show (one-way) M2E delays, even though we measured (two-way)
MM2ME delays.

Figure 2. Scenario B experimental setup (variable quality).

Figure 3. My Mouth to My Ear delay.

A total of 22 musicians participated in the study, performing in pairs (11 pairs in
total), with each pair consisting of musicians playing different instruments. Each duo
performed a one-minute musical piece of their own choosing, following their natural
tempo, and repeated it ten (10) times, each repetition corresponding to a distinct M2E audio
delay setting. The specific delay values used are listed in Table 1.

Table 1. Scenario A: M2E delays.

Repetition 1 2 3 4 5 6 7 8 9 10

M2E delay (ms) 5 12.5 17.5 15 10 0 20 30 40 60

Subsequently, the same musical piece was performed another ten (10) times by each
pair—this time under varying audio sampling rates, as shown in Table 2. No metronome or
external synchronization aids were employed during the performances, allowing musicians
to rely solely on the audio-visual feedback provided by the system.

Following each repetition, participants completed an electronic questionnaire using a
tablet’s touchscreen. The content of the questionnaire remained consistent across repetitions
but was tailored based on whether the experiment varied audio delay or sampling rate (see
Section 4 for details).
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Table 2. Scenario B: sampling rates.

Repetition 1 2 3 4 5 6 7 8 9 10

Sampling rate (kHz) 44.1 36 28 22 16 12 8 18 48 88.2

The musicians were not aware of the goals of the experiment or the variable ma-
nipulated in each experiment. We deliberately chose the sequence of audio delays and
sampling rates so that it would appear to be random, rather than increasing or decreasing.
By using a short musical piece (less than one minute) and minimal questionnaires that
could be completed from where the musicians were sitting, we tried to minimize the time
the musicians spent in the experiments. Our intention was to avoid tiring the musicians
and prevent the introduction of any biases.

For audio delay, we used values between 0 and 60 ms. It is important to note here
that musicians are used to non-zero delays due to relatively low propagation of sound
compared to light: the speed of sound is 343 m/s, so in 10 ms sound travels 3.43 m. As a
result, two musicians located in the same room at a reasonable distance from each other
could very well experience M2E delays of 10 ms, a band on a small stage could expect M2E
delays of maybe 20 ms, while a symphonic orchestra on a large stage faces delays so high
that it needs a conductor to provide visual synchronization cues. The range of delays tested
focused mostly on low delays to assess up to which point the QoE remains acceptable,
as well as a few higher delays to see how musicians would cope with them.

On the other hand, for audio quality we used a range of standard sampling rates, plus
some intermediate values. At the low end, we have voice telephony quality at 8 kHz, while at
the high end, we have CD Audio quality at 44.1 kHz and Digital Audio Tape quality at 48 kHz,
commonly used in motion pictures, plus 88.2 kHz, which is common in studio recording and
high-end digital audio. Linear sampling with 16-bit samples was used throughout. For single
channel audio, these sampling rates lead to bitrates from 128 kbps to 1.411 Mbps, which can
really make a difference for the limited uplink speeds of residential DSL lines.

4. Subjective Evaluation Design
Given the diverse settings and outcomes in prior work, we chose not to rely solely

on the standard Mean Opinion Score (MOS) metric for evaluating sessions. Instead, we
developed a more comprehensive questionnaire to assess multiple dimensions of user
perception regarding the quality and overall experience of NMP. An initial version of the
questionnaire was tested in a pilot study involving four musician pairs [2]. While the pilot
included more detailed questions about the participants’ musical background, we found
that longer surveys led to fatigue and disengagement. Therefore, for the main study, we
refined the questionnaire to focus on aspects less frequently explored in existing literature,
such as feelings of irritation, anxiety, and preference between audio and video cues.

To minimize fatigue and potential bias due to repetition, we used different question
sets depending on the experimental scenario: delay-related questions were used for Sce-
nario A, and quality-related ones for Scenario B. Since each scenario included 10 repetitions,
we aimed to keep the questionnaire concise and engaging. We conducted Scenario A (which
involved more questions) before Scenario B.

The following subsections detail the questionnaire items, grouped into three categories:
questions common to both scenarios, questions specific to Scenario A, and those specific to
Scenario B.
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4.1. Questions Common to Both Scenarios

Evaluate your satisfaction. The Perception of Satisfaction (PoSat) variable corresponds
to the widely used MOS metric, assessed on a 5-point Likert scale (1 = very dissatisfied,
5 = very satisfied). Given the complexity of musical satisfaction, we complemented this
metric with other perceptual dimensions.

Did you feel anxiety? and Did you feel irritation? Since some participants may have
limited familiarity with NMP technology, we included questions addressing emotional
responses. Anxiety might stem from using unfamiliar equipment, while poor audio quality
or high delay could lead to irritation. Both variables were measured using a 5-point Likert
scale (1 = not at all, 5 = very much).

4.2. Questions Specific to Scenario A

Evaluate the degree of delay you perceived. The Perception of Audio Delay (PoAD)
variable asked participants to rate the perceived audio delay on a 5-point scale (1 = no
delay, 5 = excessive delay). This helped us evaluate the alignment between actual delay
settings and subjective perception.

Evaluate the degree of synchronization. Synchronization is critical in NMP. The Per-
ception of Synchronization Degree (PoSD) metric captured the musicians’ subjective
evaluation of their ability to play in sync, rated from 1 (not at all synchronized) to
5 (perfectly synchronized).

To what degree did you follow your partner? The Trying to Follow (TTF) variable
assessed whether musicians adjusted their tempo to align with their partner’s playing. Prior
studies suggest that higher delays lead musicians to adopt such compensatory strategies.
This was rated on a scale from 1 (not at all) to 5 (completely followed).

Did you focus on video or audio? As visual cues may support synchronization [12],
we examined which modality participants relied on more. Given that video delay was
constant and only audio delay varied, musicians indicated their primary focus on a scale
from 1 (only video) to 5 (only audio).

4.3. Questions Specific to Scenario B

Evaluate the audio quality. The Perception of Audio Quality (PoAQ) variable mea-
sured the perceived quality of the audio stream on a 5-point Likert scale (1 = very poor,
5 = excellent). Although we controlled the audio quality through sampling rate adjust-
ments, subjective feedback was crucial. In earlier work focused solely on delay, participants
sometimes misattributed degraded synchronization to poor audio quality [26].

5. Evaluation Results
We carried out NMP sessions with 22 musicians, organized into 11 duets. They

performed using a diverse range of instruments, such as piano, acoustic and electric
guitar, electric bass, violin, and flute, as well as traditional instruments such as the lute,
toumberleki, santouri, and oud, in a variety of genres, including folk, rock and classical.
Table 3 presents the musical genre selected by each duet, followed by the instruments
played by the musicians. It is worth noting that the musical pieces were chosen by the
musicians, allowing their performances to be aligned with their preferences and expertise.

The remainder of this section includes a representative selection of result graphs from
both scenarios. Each figure shows circular dots representing the answers for each variable
against the controlled variable in each case (delay for Scenario A and quality for Scenario B);
the size of these dots is proportional to the number of answers we received for each value,
with larger circles indicating more responses. In addition, we show the linear regression
results (using the ordinary least squares method) with a blue line in each graph and a gray
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area indicating the 95% confidence intervals for the predicted mean, with the adjusted
R2 given in the caption. The regression is performed by treating Likert scores as numeric
values (1–5), which is a common practice in QoE studies; although, strictly speaking, these
values are not ordinal, hence the need to show how the values are scattered using the size
of the dots. Unless otherwise indicated, each graph reflects the results from all participating
musicians. The graphs were created by RStudio Desktop, version 2023.03, by Posit PBC
(free downloadable version), including the calculation of the linear regression lines and
confidence intervals.

Table 3. Performance details for each duet.

Duet 1 2 3 4 5 6 7 8 9 10 11

Genre Folk Folk Rock Rock Funk Funk Rock Rock Classic Folk Folk

Instr.1 Piano Piano El Gtr Bass Organ Bass Bass El Gtr Flute Ac Gtr Lute

Instr.2 Santouri Oud El Gtr El Gtr El Gtr Perc Ac Gtr Violin Violin Bouz Violin

5.1. Scenario A: Audio Delay

The study of the effects of audio delay was the main focus of our work; therefore, the
musicians responded to an extended questionnaire (see Section 4)—the results from which
are presented below.

Figure 4 shows the answers to the Perception of Synchronization Degree (PoSD) ques-
tion against the M2E delay; higher values indicate better synchronization. The regression
line shows a clear negative relation to delay, starting at 4.3 and ending at 3, confirming
that higher delays cause more synchronization problems. These results indicate a loss
of synchronization when the M2E delay exceeded 40 ms, as opposed to the 25–30 ms
previously reported, as the average PoSD only drops slightly between 30 and 40 ms (from
3.75 to 3.5) and the variance at 30 and 40 ms is quite similar.

Figure 4. Perception of synchronization degree (N = 22), 95% confidence, Adj. R2 = 0.89.

Figure 5 shows the results for the Perception of Audio Delay (PoAD) variable; higher
values indicate more delay. The regression line now has a slightly increasing slope, starting
at 1.4 and ending at 2.4. We again see a small change between the results for M2E delays of
30 and 40 ms (both very close to 2), which implies that a one-way delay of 40 ms is nearly
as acceptable as 30 ms. Note that the confidence intervals around the fitted line are wider
than for the PoSD variable but still quite narrow for most M2E delay values.

Focusing specifically on the sessions that involved pianists (duets 1, 2, and 5), the re-
sponses from both the pianists and their partners (a total of six participants), presented in
Figure 6, reveal a steeper increase in perceived delay, from 1.5 to 3.4. The corresponding
confidence intervals are broader, reflecting the smaller sample size and greater variability
in responses. This finding suggests that the perception of delay is context-dependent;
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in particular, the presence of a pianist in the ensemble appears to heighten performers’
sensitivity to audio delay.

Figure 5. Perception of Audio Delay (N = 22), 95% confidence, Adj. R2 = 0.85.

Figure 6. Perception of audio delay (pianists and partners, N = 6), 95% confidence, Adj. R2 = 0.79.

Arguably, the most critical variable in our study is the Perception of Satisfaction (PoSat),
which effectively corresponds to the widely used MOS metric. As illustrated in Figure 7,
the regression line exhibits a gentle downward trend, decreasing from an initial score of 4
to approximately 3.4. The difference in perceived satisfaction between 30 ms and 40 ms
one-way delays is minimal, suggesting that musicians generally tolerate delays up to 40 ms
without significant discomfort. While the decline from 40 ms to 60 ms is also modest,
the contrast between 30 ms and 60 ms is more pronounced. These results indicate that,
rather than a sharp threshold at 30 or 40 ms, satisfaction decreases progressively with
increasing delay. Nonetheless, 40 ms emerges as a practical upper bound for maintaining
synchronous performance in rhythmically demanding musical contexts.

Figure 7. Perception of satisfaction (N = 22), 95% confidence, Adj. R2 = 0.86.

When we focus again on pianists and their partners for the PoSat variable, Figure 8
shows a regression line with a steeper slope, starting at 4.7 and ending at slightly less than
2.9, again with wider confidence intervals, confirming the lower tolerance to delay that was
also indicated by the responses to the PoAD variable.
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Figure 8. Perception of satisfaction (Pianists and Partners, N = 6), 95% confidence, Adj. R2 = 0.88.

In Figure 9, we can see the results for the I was Trying to Follow my partner (TTF)
question. The regression line has a positive slope, similar to that of PoAD in Figure 5,
but starting from 2.8 and ending at 3.9. The responses are widely spread for all M2E delays,
as indicated by the dispersion and sizes of the dots, showing a split between leading and
following; this is similar to what we would see in a non-NMP scenario. However, at 40 ms,
and even more clearly at 60 ms, we see more answers with higher scores, indicating that as
synchronization is lost, each musician relies more on the other one.

Figure 9. Results for the ‘I was trying to follow my partner’ question (N = 22), 95% confidence, Adj.
R2 = 0.85.

An issue that has not been considered in previous studies is whether musicians focus
more on aural or visual contact during an NMP session. Figure 10 shows the answers to
the Did you focus on audio or video? question. The regression line is nearly flat at 4.3 with
low variance, implying a very strong preference for audio contact, even though the video
delay was only 15 ms, while the audio delay increased all the way up to 60 ms. This is
clear evidence that musicians in an NMP setting mostly rely on aural rather than visual
cues for synchronization, amplifying the conclusions of previous research indicating that
synchronization relies more on aural cues.

Figure 11 shows the results for the Did you feel anxiety? question, where the regression
line is almost horizontal at 1.2, indicating nearly zero anxiety. This is complemented by
Figure 12, which shows the results for the Did you feel irritation? question, where the
regression lines go from 1 to 1.7, even at the largest M2E delay values, indicating no to
minor irritation. These responses show that the musicians felt comfortable performing with
our NMP setup, thus allowing us to place more trust in the responses to the other results,
as past studies have found that when participants are uneasy during their performance,
they provide lower scores to other (often, unrelated) questions.
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Figure 10. Focus on audio or video (N = 22), 95% confidence, Adj. R2 = −0.14.

Figure 11. Perception of anxiety (N = 22), 95% confidence, Adj. R2 = −0.06.

Figure 12. Perception of irritation (N = 22), 95% confidence, Adj. R2 = 0.96.

To assess the statistical significance of our findings, we conducted a repeated measures
ANOVA study. The independent variable in this analysis was the audio delay, while the
dependent variables included Perception of Synchronization Degr (PoSD), Perception of
Audio Delay (PoAD), Perception of Satisfaction (PoSat), and Trying to Follow (TTF). We
excluded the remaining variables from this analysis, as their regression trends did not
suggest any correlation with delay. The results, encompassing all 22 participants, are
presented in Table 4.

Table 4. ANOVA results: delay vs. subjective results.

Dependent Variable PoSD PoAD PoSat TTF

Independent Variable delay delay delay delay

Samples 22 22 22 22

p = 0.05 0.001 0.013 0.819 0.002

As shown, most p-values fall below the standard significance threshold of 0.05, sug-
gesting a strong likelihood of correlation between the respective variable and audio delay.
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The only exception is PoSat, which yielded a p-value of 0.819. This lack of statistical signifi-
cance can be explained by the generally high satisfaction scores observed across all delay
conditions, even the largest ones.

5.2. Scenario B: Audio Quality

The investigation of audio quality effects was a secondary objective in our study. Our
primary aim was to determine the extent to which musicians can tolerate audio quality
degradation in NMP scenarios, thereby avoiding the additional delays introduced by
audio compression and decompression. Consequently, the audio quality experiments were
conducted after the audio delay tests and employed a shorter questionnaire (see Section 4);
the corresponding results are presented in this section.

Figure 13 illustrates the results for the Perception of Audio Quality (PoAQ) in relation
to the sampling rate. It is important to note that, in this case, the experimental conditions
improve towards the right side of the figure (i.e., higher sampling rates). The regression
line displays a very slight positive slope, with ratings remaining close to three across all
sampling rates. This suggests that the perceived improvements in audio quality were
minimal for most participants. However, when examining only the pianists and their
partners, Figure 14 reveals a more noticeable upward trend, indicating that this subgroup
was more sensitive to variations in audio quality.

Figure 13. Perception of audio quality (N = 22), 95% confidence, Adj. R2 = 0.17.

Figure 14. Perception of audio quality (pianists and partners, N = 6), 95% confidence, Adj. R2 = 0.03.

Similarly, Figure 15 presents the results for the Perception of Satisfaction (PoSat), our
MOS indicator, as a function of the sampling rate. The regression line also shows a modest
positive trend, with scores ranging from 3.2 to 3.5. Interestingly, when focusing on pianists
and their partners, the trend becomes almost flat, as shown in Figure 16, suggesting that
audio quality had little influence on their overall satisfaction. This further supports the
observation that changes in audio quality had a limited impact, even though the sampling
rate varied by an order of magnitude.
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Figure 15. Perception of satisfaction (N = 22), 95% confidence, Adj. R2 = 0.17.

Figure 16. Perception of satisfaction (pianists and partners, N = 6), 95% confidence, Adj. R2 = 0.03.

To ensure that musicians were not negatively affected by the experimental setup itself,
we also measured their perceived levels of anxiety (Figure 17) and irritation (Figure 18)
throughout the sessions. Both regression curves exhibit a slight negative slope, and average
scores remain consistently close to 1, indicating little to no anxiety or irritation. This
strengthens the reliability of the reported findings by confirming that participant discomfort
did not influence the results.

Figure 17. Perception of anxiety (N = 22), 95% confidence, Adj. R2 = 0.47.

Finally, we assessed the statistical significance of these results by performing an
ANOVA study for repeated measures; the independent variable was audio quality (i.e.,
sampling rate,) and the dependent variable was PoAQ or PoSat. As in the audio delay tests,
we did not run the variables that were clearly uncorrelated with audio quality. We show
the results for these variables (including all 22 participants) in Table 5. We can see that both
p values are greater than 0.05, which is what we would expect from the very slight slopes
in the regression lines shown in the graphs above. This implies that we can reduce the
sampling rate in NMP without significantly reducing the QoE of the musicians. This is a
very interesting observation, as reducing the audio bitrate without the delays induced by
compression makes NMP more practical in limited bandwidth scenarios.
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Figure 18. Perception of irritation (N = 22), 95% confidence, Adj. R2 = −0.01.

Table 5. ANOVA results: quality vs. subjective results.

Dependent Variable PoAQ PoSat

Independent Variable quality quality

Samples 22 22

p = 0.05 0.371 0.48

6. Discussion
Below, we discuss the statistically significant results for the QoE against audio delay

(scenario A) and the QoE against quality (scenario B) and then provide some guidance on
setting up future experiments based on our experience.

6.1. Audio Delay

PoSD reflects the musicians’ perception of synchronization issues when performing
with variable delay. Our study shows a relatively high tolerance for delay among musicians,
higher than that found in previous studies of synchronized hand-clapping with non-
musicians. We can attribute this tolerance to enhanced cognitive flexibility [27] developed
during their training. Because of this flexibility, musicians could effectively use their
cognitive resources to deal with audio delays during the performances in this study. It
seems, however, that delays above 40 ms one-way were more problematic; unfortunately,
we did not test delays between 40 and 60 ms. At this point, the cognitive load to constantly
adjust performance for the delay becomes too great, making it challenging to continue
playing. While the enhanced cognitive flexibility plays a significant role, other factors such
as the musician’s adaptability, the complexity of the musical piece and the specific context
of the performance in the lab also affected how musicians handled the synchronization
challenges caused by audio delay in the study.

The PoAD variable measures musicians’ perception of audio delays, which impact
their timing and rhythm during performances. The study found a threshold of 40 ms
one-way audio delay as acceptable for music performances, higher than that considered
acceptable for synchronized hand-clapping. This threshold might show the limit to which
the human sensorimotor system can adapt without impacting the perception of musical
rhythm [28]. Delays under this threshold could be small enough for the brain’s timing
mechanisms to compensate, enabling musicians to adjust during their performance. En-
trainment is how the brain synchronizes with the music’s rhythm. Predictive coding allows
the brain to use past experiences to predict future events [29,30]. Combining these two
mechanisms facilitates the coordination of motor responses, even with slight delays. How-
ever, beyond the threshold, musicians start noticing the delays and find them disruptive,
which hinders their rhythm perception and synchronization with their peers.
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TTF captures the efforts of musicians to synchronize with their peers in the face
of variable delays. When the delay exceeds 40 ms one way, musicians must use more
cognitive resources, like sustained attention and cognitive control, to keep up with their
peers. Up to this specific threshold of 40 ms one way, musicians can handle complex
synchronization tasks like TTF because of their musical training [31]. Musicians have
enhanced abilities for tasks that need cognitive flexibility and control, which are crucial
in complex synchronization tasks like TTF. Past the threshold, synchronization becomes
more challenging, possibly because the cognitive load is too high to handle effectively
while maintaining other parts of the musical performance (e.g., expression, accuracy and
technical precision).

6.2. Audio Quality

Our study found statistically significant results on the impact of delay on the QoE of
musicians, but not on the audio quality. The lack of statistical significance could be due to
several reasons:

• Limitations of the subjective evaluation: The questionnaires used in the study were
not explicitly designed to capture the emotions of musicians during the performance
of a musical piece. Therefore, there may be a gap in understanding how varying audio
quality affected the emotional dimensions of musical performances (e.g., dynamics,
articulation, and timbre) [32]. The impact of audio quality on these elements could,
in turn, significantly influence the emotional connection among musicians.

• Nature of NMP: In NMP, real-time interaction and coordination are more critical than
audio quality. Musicians could adapt to less-than-perfect audio quality as long as they
could maintain the necessary temporal coordination for their performance.

• Sensitivity to delay vs. audio quality: Musicians are typically more sensitive to timing
issues than audio quality. While high audio quality is desirable, the ability to play in
time with a peer is more critical for a successful performance [33]. Therefore, variations
in delay are likely to have a more significant impact on QoE than audio quality.

• Focus and adaptation: Musicians focusing on timing and coordination may be less
attuned to audio quality. Also, they may adapt to the variable audio quality while
performing, reducing its perceived impact.

• The perceptual threshold for audio quality: The changes in audio quality were within
what musicians considered acceptable. The quality degradation did not cross the
threshold of what musicians would find troubling, leading to insignificant findings
related to its impact on QoE.

6.3. Lessons Learned

Our study of the effects of audio delay and audio quality on the QoE of NMP took
place with actual musicians that had no previous experience with such studies or with
remote performance. Some of the tips that we could offer to researchers undertaking similar
studies are the following:

• Start with a small pilot study. Studies where the participants must travel to your
premises to run experiments are costly to organize and execute, therefore it is critical
to first test your setup with fewer participants. This allows you to debug your ex-
perimental setup (does the audio and video get recorded properly?) and assess your
questionnaire (are all the questions relevant?).

• Manage the expectations of participants. Explain to the participants what they need to
know (you will perform with your own instrument, you will be recorded, there will
be 20 repetitions of the performance, the experiment will take 30 min), without telling
them what they should not know (we will be changing the audio delay) to avoid bias.
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• Fine-tune your experimental setup. Participants get easily bored during experiments;
therefore, it is important that the questionnaires are short (otherwise, participants start
providing random answers) and the setup between experiments is streamlined (other-
wise, mistakes may be made, causing delays and the need for additional repetitions).
This is where the pilot study helps.

• Record everything. Most usability studies rely on questionnaires, but the cost of also
recording audio and video is low enough to allow recording everything (of course,
the participants must provide informed consent for this). Having these recordings
allows troubleshooting (why did I get odd answers to this questionnaire?) and may
even allow different modes of analysis (such as audio tempo evolution, which we did
not even consider before the experiments).

• Consider alternative experimental designs. Future work could unify delay and sam-
pling rate variations in a single setup, allowing the application of MANOVA or factor
analysis on a reduced set of dependent variables. This might reveal interactions
between delay and quality that were impossible to notice in our study where two
different setups were used to vary audio delay and audio quality.

7. Conclusions and Future Work
This paper presents the results from a controlled NMP experiment with 11 pairs of mu-

sicians (22 musicians in total), where we varied either the audio delay or the audio quality
between the participants and measured multiple quality of experience variables via ques-
tionnaires. The musicians played different instruments in different musical genres. To the
best of our knowledge, this was the largest NMP study where actual musicians played real
musical pieces and the analysis was performed with multi-faceted questionnaires.

The questionnaires completed by the participants indicate that even though growing
delays between the musicians affect their quality of experience, the tolerance level of
musicians to delay can be higher than what has previously been reported by studies relying
on synchronized hand clapping. While there is no abrupt threshold, we found that one-way
(M2E) delays of 40 ms still yielded a positive QoE for many participants. The participants
in our NMP study found that their performances were synchronized and satisfactory
even when the one-way (M2E) delay reached 40 ms. This indicates that the Ensemble
Performance Threshold (EPT) for NMP is at least 40 ms, for a wide range of instruments
and musical pieces, rather than the 25–30 ms previously cited in the literature, which was
based on hand-clapping studies. This supports our initial hypothesis H1, rejecting N1.

We also found that reducing audio quality did not affect the quality of experience of
the musicians, even when the sampling rate dropped from 88.2 kHz to 8 kHz, an order of
magnitude decrease in bitrate. However, certain subsets of participants (notably pianists)
were more sensitive to these changes, suggesting that recommended sampling rates may
need to account for timbral detail and instrument type. This implies that when the available
bandwidth for an NMP session is limited, or when low-latency CPU processing is a priority,
we can save bandwidth by reducing the audio sampling rate, with no appreciable loss in
QoE and without introducing an audio compression/decompression algorithm that would
impose additional delay. This supports our initial hypothesis H2, rejecting N2.

We have also analyzed the audio files recorded during our variable delay experiments,
using signal processing techniques, in order to detect the musician’s tempo, observe how
it changes throughout each session and compare it with the actual delay used [34]. We
verified that musicians slow down their tempo when delay grows, something observed
in many previous studies. In addition, we found that most musicians could synchronize
and maintain a stable tempo when the delay was up to 40 ms but not when it grew to
60 ms. This strengthens the results of the QoE analysis in this paper (hypothesis H1),
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i.e., that the delay threshold for NMP when actual musical pieces are performed, is closer
to 40 ms. As the 40 ms EPT is very close to what we have measured that a commercial
5G Non-Standalone network can provide in real-world conditions [4], we expect that as
5G Standalone networks are deployed, offering improved and more predictable latencies,
mobile NMP will become a reality.

As future work, exploring the relationship between the instrument, style and tempo
and the QoE is an obvious direction; we already saw that pianists and their partners were
more influenced by delay in this study, an observation that we attribute to their lengthier
and more formal training. However, this analysis requires performing a much larger
number of experiments in order to allow for statistically significant results. Ideally, our
setup will be duplicated by other research groups, adding more observations to our data
set. We are also analyzing the videos recorded during our experiments with machine
learning-based emotion recognition tools, which first recognize facial features and then
translate them into emotions.

Furthermore, in future studies we plan to introduce compressed audio, using the Opus
codec [3], especially after finding that musicians are quite tolerant of reduced audio quality.
We will use the Perceptual Evaluation of Audio Quality (PEAQ) tool [35] and possibly the
more advanced Multiple Stimuli with Hidden Reference and Anchor (MUSHRA) [36] to
objectively measure how compression and encoding impact perceived QoE in a perfor-
mance context, while also analyzing the additional delays from low-latency encoders. This
approach should help us better determine which types of audio compression are most
likely to affect human musicians in an NMP setting.
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