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Abstract
Discrepancies in loudness (i.e. sensation of audio intensity) has been of
great concern within the broadcast community. For television broadcast,
disparities in audio levels have been rated the number one cause to
annoyance by the audience. Another problem area within the broadcast and
music industry is the loudness war. The phenomenon is about the strive to
produce audio content to be at least as loud or louder to any other audio
content that it can easily be compared with. This mindset, when deciding for
audio level treatment, inevitably leads to an increase in loudness over time,
and also, as a technical consequence, a decrease of utilized dynamics. The
eﬀects of the loudness war is present in both terrestrial radio transmissions
as well as in music production and in music distribution platforms.
The two problems, discrepancies in loudness and the loudness war, both
emanate from the same source; regulations of audio levels and the design of
measurement gear have not been amended to cope with modern production
techniques. At the time when the work on this thesis started, the ruling
technical recommendations for audio level alignment were based on peak
measurement. This measured entity has poor correspondence to loudness.
To counter the above described problems, the European Broadcasting Union
(EBU) and the International Telecommunication Union (ITU) has developed
new recommendations for audio alignment, EBU R 128 and ITU-R BS.1770.
The new definitions for loudness measurement constitutes simplified models
on the human perception of audio intensity. When using the new
recommendations in production, the problems have been shown to diminish.
For an engineer in a live broadcast scenario, measurement equipment also
need to be updated in real-time to illustrate a time-variant loudness of the
signal. EBU and ITU also has regulated how this type of measurement gear
should behave. EBU Tech 3341 and ITU-R BS.1771 define properties for live
loudness meters. These recommendations has since the time of publication
been implemented in measurement equipment from manufacturers and
become available in production facilities.
This thesis investigates the conceptions that have led up to the present
recommendations for live loudness meters. It maps out the (at the time)

present ways to evaluate the same. Emanating from this knowledge, a new
methodology to evaluate loudness meters is proposed that combines
qualities from former methods to achieve an alternative balance between
ecological validity and control in the experiment design. The methodology
includes a procedure to capture data from engineers’ actions and the
resulting audio levels from simulated broadcast scenarios. The methodology
also incorporates a way to process this type of data into diﬀerent parameters
to be more accessible for interpretation. It presents an approach to model the
data, by the use of linear mixed models, to describe diﬀerent eﬀects in the
parameters as the result of the meters’ characteristics. In addition, a review
on publications that examine the engineers’ own requests for beneficial
qualities in a loudness meter has been condensed and revised into a set of
meter criteria that specifically is designed to be applied on the outcome of
the mixed models. The outcome of the complete evaluation yields statements
on meter quality that are diﬀerent and complementary to formerly proposed
methods for meter evaluation.
The methodology has been applied in two diﬀerent studies, which also
are accounted for in the thesis. The conclusions from these studies has led to
an increased understanding of how to design live loudness meters to be
satisfactory tools to the engineer. Examples of findings are: the eﬀect of the
speed of the meter, as being controlled by one or several time constants, on
the readability of the meter and the dispersion in output levels – some tested
candidates, with higher speed than the present recommended ones, has been
shown to be adequate as tools; the three-second integration time has been
shown to generate a smaller dispersion in output levels than the 400 ms
integration time; the eﬀect of the gate in BS.1771 on the resulting output levels
– the gate generally leading to an increase in output levels. The acquired
knowledge may be used to improve the present recommendations for audio
level alignment, from EBU and ITU.
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Part I
Introductory chapter

It is the nature of physics to hear the loudest of mouths over the most
comprehensive ones.
– Criss Jami

Prologue
There is some truth and wisdom in the above statement. By shouting, you get
attention. By playing loud at the concert, you empower the masses. By raising the
volume on your portable music player, you get immersed. Loudness is the word to
use to describe the sensation of audio intensity, ranging from soft to loud. Loud is a
quality—a desirable quality in many cases. It can also be most undesirable in other
cases; when your neighbor play the stereo so that the walls tremble; when the
motorcycle (not yours) accelerates right beside you on the boardwalk; the scream of
undisciplined children when you try to work on a thesis at the coffee house.
For terrestrial radio transmissions, loudness has a particular importance. The signal
strength of electromagnetic waves decreases with distance and as a consequence of
this, so does the signal to noise ratio. By playing louder, you increase the area for
which the reception in radio receivers is acceptable. For commercial radio stations,
this is very important. Increased area means more potential listeners—means more
income from commercials. And as a natural consequence, radio stations play as loud
as possible—that is—legally possible. Without governmental restrictions on
transmitting power, stations would interfere with each other and the areas for
acceptable reception would be reduced for all parts involved.
Regulations are formal. Regulations can be deceived—tricked. The commercial
stations found out that they could raise the loudness, without actually breaking the
regulations for transmitting power. Compressors, multi band compressors and
limiters had found their way to a new market. By reducing the dynamics of the audio
signal, the average intensity could be raised, and without breaking “the ceiling”.
More money to the station. And of course, if the neighboring channel or station has
applied these tools, why shouldn’t you? Isn’t there an obvious risk that the consumer
would choose the louder channel? Or? You want to keep your job, and maybe go for
a raise. So it’s best to play safe. You tell your boss that there are more money to make
with these tools. And so the loudness wars began...
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1 Introduction
With the entry of digital technology in the field of audio engineering, the
broadcast industry has encountered new challenges. Issues that was related to
analogue signal equipment for processing, storage and transmission, were largely
reduced. As an example, the Long Play vinyl format had, in the best of
circumstances, around 70 dB in dynamic range (signal to noise ratio or SNR) in
consumer pressings [1]. The FM terrestrial transmissions had approximately 50 dB
SNR. The CD format had an, at the time impressive, theoretical SNR value of 96
dB. This enabled presentation of music material with dynamics that was previously
unheard of.
The digital signal representation was a revolution. It allowed much larger
tolerances for errors in audio signal treatment in the diﬀerent stages of audio
production. At about the same time, another problem within broadcast had instead
emerged—the strive to be louder than your neighbor. This could mean, louder
than other stations, than other programs or than other music tracks. This is
commonly referred to as the loudness war. The problem had actually already
started in the analog domain. As the prologue touches on, the commercial
broadcasting stations had begun to increase the perceived audio intensity—
loudness—with help of diﬀerent signal processing equipment such as compressors
and limiters. The aim was primarily to increase the area for adequate reception and
thereby increase the number of potential listeners. There was likely also a
psychological eﬀect implied to explain the development. If two diﬀerent stations
were broadcasting and one station chose to process the signal for an increased
loudness, the eminent first reaction with the listener could be to prefer the louder
station. The author has not found proof that this loudness-based selection occurs,
but for the stations, the very belief in this eﬀect was enough to choose to go in this
direction.
The music industry was not late to follow. The same argument resided within
the record companies; if two music tracks are compared back-to-back, there is a
greater chance for the louder track to become a hit. There is no proof of this
causality, but the investigation by Ortner show how the utilized dynamics in
popular mainstream music productions decreased drastically through the years
1983 to 2007 [2].
The digital technology in itself was not the cause for the loudness war. But with
the technology came new tools to process audio signals that could increase the
loudness even further in relation to the perceived side eﬀects. The digital
revolution acted as a catalyst for the already existing loudness war.
A direct eﬀect of the loudness war was that regulations on audio signal
normalization got outdated. At the time, all regulations regarding signal levels was
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based on peak measurement. This was natural, since the distortion levels was the
number one priority to moderate. When diﬀerent distributors make diﬀerent
choices for the amount of compression and limitation to apply to the audio signal
in order to achieve increased loudness, and the regulation at the same time refers
to the highest peak level, then this will lead to very varying loudness levels. So,
along with the ever increasingly loudness levels came also increased problems with
discrepancies in loudness. This escalated to a point where the problems became a
really problematic issue for the broadcasting organizations. Travaglini states that
discrepancies in loudness was the number one rated complaint among listeners
[3].
As a response to the listener complaints, and as a countermeasure to the
loudness war, the European Broadcasting Union (EBU) and the International
Communication Union (ITU) brought forward new recommendations on how
audio levels should be treated in broadcast. Instead of aligning audio levels
according to peak levels, as was the case in the traditional paradigm, audio levels
should now be aligned according to perceived audio intensity, or loudness. In this
case, loudness measurement was achieved through a specific mathematical
algorithm, aimed to approximately simulate the human perception of audio
intensity and that was to be applied on a digital audio signal. The
recommendations also included definitions for a new type of audio level meter, the
live loudness meter. The purpose of this meter type is to aid the engineer to reach a
set target level for a program. This was done by visualizing real-time updates of
loudness measurements that were taken on shorter segments of audio. The
indicator of the meter gave the engineer cues to adjust the levels so that the average
level of the program ended up somewhere close to the target level.
Since these meters are fundamentally diﬀerent from former audio level meters
and since the meters have only been in production for a relatively short time, it is
natural that we do not yet know how eﬀective the loudness meters are as tools for
engineers when used in audio production. Research methods that aims to
investigate the new meters in ecological valid scenarios would be helpful for an
improved understanding on the eﬀect of diﬀerent loudness meter implementations
and to gain material for future refinements of recommendations and
corresponding meters.
This thesis is about the tools that counters the loudness wars and reduces
discrepancies in loudness—the live loudness meters. It is about modern
measurement instruments adapted to modern production techniques in the audio
industry. This thesis presents a methodology to evaluate live loudness meters
together with results from two diﬀerent studies where the methodology was
applied.
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1.1 Art, science and technology
The concept of loudness occurs in art, science and technology. The main focus of
this thesis is loudness in audio production (where audio engineering, sound
recording, audio technology, all are used as more or less overlapping concepts). The
part that is central to this thesis is the aspects of the listener and the engineer,
respectively. Since the aim of the thesis is to improve the practical work within the
broadcasting industry, the account for the psychoacoustic research does not aim to be
full-fledged, but rather seeks to inform on the parts that are central for the succeeding
research in loudness metering within the audio engineering community.
The listening aspect implies a human being, using the perception of hearing. To
acquire information on what is perceived, the most common method is simply to ask
test subjects, by the means of an interview, questionnaire or assessment scales. And
by statistical procedures, we infer the results to be valid for a larger population. In
audio technology, it is most often of interest to understand how listening relates to
technology. Therefore, when designing the stimuli, there is some type of technology
involved that changes the preconditions to what might be perceived. This could
involve acoustic treatment in rooms or technologies to record, process or reproduce
audio signals.
The other aspect is the craftsmanship of engineering. The focus in this case is the
way the engineer works and interacts with technology. The engineer also represents
the listener in many cases, since listening is essential for the engineer to understand
how the choices s/he makes are perceived by an intended audience.
There are many and intricate models on physiology and psychoacoustics. In audio
technology/engineering/production, we may relate to those research areas to
understand the prerequisites for the engineer’s work. But it is rather the practical
applications of these results, more than the fundamental research in the fields of
physiology or medicine, that is the scope of audio technology research.
The two aspects, listening and engineering, are both represented in this thesis, even
though the main emphasis is on the engineer and engineering. The applications that
results from this research are the design of the tools that are meant to aid the engineer
in his/her work. The larger goal, that will likely follow, is to enhance the listener
experience. This work emanates from the needs of the broadcasting industry, but at
the same time, will hopefully open up possibilities for applications in other areas.
The Internet and streaming services is one area that would benefit from an improved
understanding on loudness perception and measurement.

1.2 Definitions of loudness
Two definitions of loudness are used in this thesis. One, that refers to an auditory
sensation and that emanates from the research field of Psychoacoustics. The other, an
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algorithm that may be applied on an audio signal in order to predict the very same
subjective sensation when presented as a stimuli to a subject. For the purposes of this
thesis, we will refer to the different definitions as subjective loudness and objective
loudness, respectively. Where not otherwise stated, the following definitions are
implied:
Subjective loudness – “That attribute of auditory sensation in terms of which
sounds can be ordered on a scale extending from quiet to loud.” {ANSI, 2013,
#75926; ANSI, 2015, #38880}
Objective loudness – “The result from a mathematical algorithm, as defined in
recommendation ITU-R BS.1770 {ITU-R, 2015, #8}, when applied on a digital
audio signal.”
The context decides which definition is meant. Any formulation that relates to
listening or the auditory percept; like the listener, audience, receiver or subject; refers
to the first definition. Any formulation that relates to audio signals, files or streams, or
the measurement of the same, refers to the second definition.
The concept of loudness level is also defined in both research fields,
psychoacoustics and audio technology. Psychoacoustics defines loudness level as a
relative measure of subjective loudness. It is further specified as the level that
corresponds to a 1 kHz tone at the same sound pressure level in decibels. The unit for
loudness level is phons. Loudness level is the concept that thru listening tests,
comparing different stimuli, results in Equal Loudness Contours (ELC).
In audio technology, loudness level is equivalent to objective loudness; it is the
result of any objective loudness measurement. If not otherwise stated, this definition
implies measurement according to any of the following recommendations ITU-R BS.
1770, ITU-R BS.1771, EBU R 128 or EBU Tech. 3341, and which will be specified
in the different contexts. The unit is LUFS (EBU) or LKFS (ITU), when the value
implies an absolute/full scale unit. The unit is LU when the measurement indicates a
relative value to a set target level or a relative difference between any two
measurements. A loudness meter is a meter that measures objective loudness.
The definition for a live loudness meter for this thesis is the same as stated in
Publication 4:
A live meter is defined by the EBU as “a meter that can be used in a live
environment to measure an audio signal as it happens”. A live loudness meter will
here be defined as a live meter that is intended for loudness measurement.

1.3 Audio level measurement prior to loudness meters
Historically, the purpose of the audio level meter has been to help the engineer to
optimize the audio level for a system with regards to noise and distortion. With
digital technology, the dynamics in a system was increased, thereby also tolerating a
larger variance in audio levels without troublesome concerns of noise and distortion.
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The maximum representable audio level in a digital system, above which distortion is
introduced is more clearly defined in a digital system than for an analog system, and
is commonly referred to as 0 dBFS. To be compatible with the older, analog systems,
a reference is created between the two, where 0 dBU is set to a corresponding digital
level, – 18 dBFS being common within the EBU. The procedures could then in
principle be moved over to the digital system, using the same practical procedures.
Even simulations of analog meters could be made for the digital systems, meaning
that engineer’s might continue in the same way they were used to.
There was, however, one major difference. The headroom of 18 dBFS was larger
than for most analog systems. And there was no distortion effects of raising the
digital level, as long as they were maintained under 0 dBFS. This made it possible for
production of channels, programs, songs to raise the level compared to the de facto
default standard, and without the negative consequences that would have followed in
the analog domain. The effect is by our perception interpreted as better sounding.
Once this journey has begun, there is no incentive to not raise the level to at least the
level of the others. Then, one production might take the step even farther. These are
the conceptions for the loudness war. Since the analog systems were meant to keep
the audio signal below a certain threshold, this way of thinking was brought to the
digital systems. Effectively that meant that 0 dBFS was the only ceiling to consider.
Another aspect that comes with peak measurement, is that peaks may be processed
with fast acting limiters. The human perception has difficulty to hear transients below
10 ms. As those peaks could be processed and lowered, the general signal could be
raised, still without exceeding the 0 dBFS ceiling. The tradeoffs in distortion from
limiting is not always clearcut, in how adversely it affects the impression of the audio
signal. Therefore, different amounts of limiting could be applied by different
producers, and from this, different loudness will be a direct consequence. There was
no regulations in how much dynamic processing should be applied on a signal. The
discrepancies in loudness became too disturbing to the audience and the request for a
new audio level paradigm became a necessity. The work started within the
broadcasting organizations to develop recommendations for audio level alignment
based on loudness measurement.
Loudness as of interest to the broadcasting industry may be found as early as 1969.
In the first paragraph in the Introduction, Belger states [7]:
“The optimum technical utilization of a broadcasting transmission channel
requires 100% modulation for the peak levels of all parts of the program.
However, while this condition results in the maximum signal-to-noise ratio,
it may be extremely unsatisfactory from an aesthetic point of view. In
practice, this technical requirement is usually abandoned in order to obtain
a better balance of loudness. Even in this case, the results will be judged
unsatisfactory by many listeners, as is seen from the numerous complaints
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received by broadcasting stations concerning the balance between loudness
of speech and music.”
It is somewhat surprising to see that the very same issue has been described more
than 40 years later. Albeit, these problems were present at the time of the start of this
research, things actually have improved in recent years. Several countries are now
adopting the new loudness-based recommendations from the ITU and EBU and
listener complaints regarding this issue seize where the recommendations have been
implemented [8].

1.4 Present recommendations for audio level alignment in broadcast
The loudness measurement recommendations/standards, ITU-R BS.1770, BS.
1771, R 128 and supplementary documents to R 128 are described in Publication 1
thru 5 (Sec. 2).

1.5 The live loudness meter
This thesis regards audio level alignment within the broadcasting industry. Live
productions in broadcast are more rare today than they have used to be, historically.
With regards to broadcast transmissions from the Swedish Television, the few
transmissions that are produced live on a regular, daily, basis are news content. This
is one reason that one of the studies in this work uses news content as stimuli.
However, there is of great importance for those transmissions that the intelligibility
of the audio is retained and the information in the audio content may be retrieved by
the viewer. Especially for people with hearing disabilities. The loudness aspect is one
component that, if controlled, will facilitate intelligibility and reduce possible
inconvenience due to sharp transitions in audio levels.
There is a fundamental difference between off-line production and live production.
The offline production offers an overview and control over the complete program
content. The timeline is an axis in program software that is controlled by the
engineer. Audio levels may be compared and adjusted in regions of the program in
any order and as many times that the engineer finds appropriate (disregarding any
economical or deadline factors). Any type of automated processing or batch
processing of audio files, are also counted as offline production for the purpose of
this argumentation. For live program content, however, the timeline is the time of the
real world, and adjustments may only be made at the instant when the content is
transmitted and will, at the same time, become an irreversible part of history. Possible
post-production for reprise is not considered here. The engineer and the measurement
instrument is the last point where audio levels may be adjusted before the program
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leaves for the air or the cable.1 It is for this type of scenario that the audio engineer
has a particular need for an audio level meter, to assist the engineer in moderating the
signal levels according to the ruling recommendations. It is for these scenarios that
ITU and EBU primarily has designed and recommended the live loudness meters.
Even though the meters main purpose is the one mentioned above, they will be
useful for many other purposes. To begin with, for post-production. The very
loudness estimation algorithm, that is the core of the live loudness meter, may also be
applicable in many other areas: music distribution platforms such as Apple music,
Spotify and Tidal, other internet services such as YouTube or even the gaming
industry.
This work aims to evaluate live loudness meters for their core purpose. And many
decisions in the experimental design ties back to this. More concretely:
The purpose of a live loudness meter is to assist the engineer to reach the
target level for the full program and to deliver comfortable audio levels to
the audience throughout the program.
This implies that evaluation of the audio meter is grounded in the aspect of what is
a good tool to assist the engineer in this task. This implies that evaluation accounts
for the complete chain of audio reproduction, meter indication, fader control, possible
video presentation and the feedback loop created between these nodes.

1.6 Diﬀerences in the definition of the momentary meter
The loudness-based recommendations from ITU and EBU; ITU-R BS.1770, ITUR BS.1771 and EBU R 128 with the supplementary documents Tech 3341–3344; was
in part developed independently during the same time period. However, there has
also been exchanges of information and adoption of ideas between the two
organizations. Other organizations also has had influence for the recommendations,
The Communications Research Centre (CRC) and the Canadian Broadcasting
Corporation (CBC) and the Australian broadcasting organizations.
In the first edition of R 128 (2010), two time scales were suggested, the momentary
and the short-term time scale. They were both based on an sliding rectangular
window, that continuously updated the loudness reading. The length of this window
was 400 ms and 3 s for the momentary and the short-term time sale, respectively. The
ITU in a later revision of BS.1771 adopted the idea of defining two time scales and
labeled them as operating modes. This thesis will hereafter use the label time scale to
denote both expressions. They kept the naming of the two time scales and the figures
for the two timebases (as defined in P5:Sec. 1.1), 400 ms and 3 s, but chose to go
1

Technically, there is one later point in the distribution chain, the program control, but this point
only interferes if things are not running according to plan. The program control is not part of the
normal workflow. [Information gained from collaboration with SVT during the studies].
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with another filter type for the momentary time scale. In this case the time scale was
based on a first-order recursive filter for which the speed of the ballistic response in
the indicator was decided by a single time constant, in this case 400 ms. This
naturally lead to substantial difference between the two definitions, differences that
still exist at the time of publication of this thesis.
At the time when the work on this thesis started, the EBU R 128 recommendation
had only been in effect for a short time. The time scales had recently been
implemented by companies in measurement tools and were readily available. At the
same time, the Swedish public broadcast organizations had not yet implemented the
new recommendation. This was an opportunity to investigate how the new
recommendation worked in practice. Especially in relation to the ruling, but
deprecated, quasi peak-based recommendation EBU Tech 3205-E. Interesting aspects
included how the meters worked as tools to the engineers in actual broadcast
production, as well as how it affected the outcome in broadcast transmissions.
Even if research data existed that led to the design of the momentary and shortterm time scales, there were no published material on comparison tests between the
two scales. Also, some material of the research within the organizations resided in
internal work documents, not publicly available. Information and experience was
lacking on how and when the engineers could benefit from the different time scales
for different material and scenarios.
Also, the difference between the ITU’s and EBU’s approach for the momentary
time scale led to a curiosity in itself whether there could exist possible quality
differences between the two approaches, pros as well as cons. The very existence of
the two approaches was a hint that not everything was yet known about optimal
ballistics of live loudness meters. The differences raised questions both about the
conceptions behind the choices that led to those decisions as well as possible
unknown effects of using the two.

1.7 Collaboration
In the work of narrowing down the aim for the research, several important contacts
contributed to the final aim.
A contact was established with the Swedish Television (SVT), which yielded a
close collaboration in the coming work. The collaboration gave the researchers (1st
and 2nd author of Publication 1 thru 5) access to reports on the engineers’ view on
practical issues in their daily work. Mutual benefits were gained from discussions on
the upcoming transition, regarding audio level alignment, towards the R 128
recommendation.
The contact with Swedish Television led to a contact at Swedish Radio (SR),
which in a similar way yielded valuable insights in the practical daily work at the
facility.
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A contact was also initiated with the EBU PLOUD group. Thru this contact,
explanation on the problematics that was tied to the ballistics design of the different
time scales was given as well as help to identify the present relevant questions
regarding definitions of live loudness meters.

1.8 Motifs and research questions
There were now several circumstances that together formed the path for the
research to come:
•
•

•
•
•
•

A completely revolutionary paradigm for audio level alignment within broadcast
that raised new questions about applicability as well as possible improvements.
New loudness meters were just being readily available from different
manufacturers of audio measurement equipment. This greatly facilitated research
in the area. It was also of interest for engineers to voluntarily join the studies to
experience the new tools.
The difference between time scales that could be explored further from the
perspective of differences in qualities as tools to the engineers.
The difference in the momentary time scale definition, between the ITU and the
EBU.
Broadcast facilities are at the point of deciding for fundamental changes in
measurement equipment for the audio path.
Valuable contacts with the Swedish Television, Swedish Radio and the EBU
PLOUD group.

The interesting area for research at, in combination with the acquainted contacts,
led to a viable approach to perform two studies at Swedish Television and Swedish
Radio, with guidance from the PLOUD group, in order to produce results that had
potential to useful to the industry.
The following research questions are posed:

– Methodology –
I.

What methodologies exist in previous research to evaluate live loudness meters?

II.

How could existing methodologies for evaluation of live loudness meters be
improved or complemented?

III.

How may fader movements from engineers’ actions, responding to different
stimuli, be useful as data to infer meter quality?

IV.

How may resulting output levels, as the result from engineer’s audio level
alignment, be useful as data to infer meter quality?
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– Evaluation of R 128 –
V.

How does the different time scales, defined in R 128, work effectively as tools to
theengineer?

VI.

How does the new loudness measurement paradigm compare to the quasi-peak
measurement paradigm in terms of delivering appropriate audio levels to an
audience?

– Evaluation of the momentary time scale ballistics –
VII. What quality differences may be discerned from the differences in the definitions
of the momentary time scale between the ITU and EBU?
VIII. Are there other optima for ballistics definitions than the current recommended
ones from ITU and EBU?

1.9 Overview of thesis
The aim of this thesis is to contribute with knowledge on live loudness meters
from the perspective of the way the meter may aid the engineer in his/her
professional work. This is achieved by reviewing former methodologies and results.
A methodology is developed and two experiments are conducted where the
methodology is applied. The methodology is explorative in the sense that the
particular approach to collect data has not been tested before in loudness research. In
the early stages of this work, it was not possible to know in beforehand what kind of
results and conclusions that would be possible to draw from the data. Through the
work with the two studies and in the process of writing, the methodology has been
refined in steps, to incorporate the learned experiences in the process. Thus, the
methodology in this thesis is of as much focus as the very results from the meters
investigated.
This compilation thesis includes five publications bound together by means of an
introductory chapter. The papers considers two studies and a literature review. A
summary of the studies and papers are found in the following section. Since each of
the papers is autonomous, it was unavoidable that some background context
reoccurred among papers. Also, to give the reader a good entry point to the area
covered in this thesis, some background was given in the introductory chapter that
may reoccur in the papers. It is the author’s hope that the reader will have
forbearance with this.
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2 Studies and publications
The research conducted prior to this thesis consists of two studies (here called
Study 2013 and Study 2014) and five publications (here called Publication 1 thru 5
and referenced as P1 thru P5). Publication 1, 2 and 4 consider Study 2013.
Publication 3 reviews quality criteria for evaluating live loudness meters.
Publication 5 considers Study 2014. The papers are:
P1.

Audio level alignment – Evaluation method and performance of EBU R 128 by
analyzing fader movements
P2. Evaluation of loudness meters using parameterization of fader movements
P3. Evaluation criteria for live loudness meters
P4. Evaluating Live Loudness Meters from Engineers’ Actions and Resulting Output
Levels
P5. Evaluation of the Momentary Time Scale for Live Loudness Metering

Study 2013
Professional sound engineers and students from a sound engineering program
performed a simulated television broadcast program by aligning audio levels “on the
fly”. The content material was fetched from an original news broadcast program from
the Swedish Television. The order of elements in the program was fixed and audio
levels constituted the same variations in loudness that an engineer originally had to
cope with in the original broadcast.

Study 2014
Professional sound engineers and students from a sound engineering program
performed a simulated radio broadcast program by aligning audio levels “on the fly”.
The content material consisted of music and speech material of varying character.
The presentation order of elements in the program was randomized and different
audio level offsets were applied to the elements in a random manner.

Publication 1
Publication 1 [P1] reviews suggestions on methodologies [10] and performed
experiments [11] by to evaluate live loudness meters. Further work related to
loudness measurement was also summarized [3,6, was,12–16]. Considering the
possibilities and difficulties in the reported experiments by Soulodre and Lavoie, the
authors of P1 suggested an alternative methodology for evaluation.
The outset for the suggested methodology is the idea that the engineer should use
the very instrument that is to be evaluated. This might seem, at a first glance, a go
without saying. But in the referred experiments, this was not the case. Instead, the
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loudness meter was rather a product that was designed after testing, using the results
from a listening test in combination with a method of adjustment approach. The
validity aspect of not using the meter in the very experimental setup was pointed out
by the experimenters. Also it was reported that it was difficult to attain real-time
loudness estimations from subjects, led to the suggested approach.
P1 proposes a method where engineers performed an audio alignment task, similar
to the one of running an authentic broadcast program. Throughout the test, data was
recorded from the movements of a fader. The resulting fader data were used to draw
conclusions on how the ballistic properties in a meter affected the engineers’
performances. Evaluation was thus focusing on the engineers’ performance by using
a similar method-of-adjustment as in the reports by Soulodre and Lavoie, but in a
scenario with increased ecological validity. The process behind the performance is
regarded as a kind of “silent knowledge”, practical skill or craftsmanship; it is not at
all times the engineer may explain all the conceptions that goes into the performance;
nor is this imperative for the engineer to complete the task. The type of data should
be regarded as complementary to other data types that could be retrieved from similar
experiments, e.g. subjective assessments.
The fader data, in its original form, consist of recorded fader levels analyzed at
1/100 s intervals. A thorough account for the technique to extract the data from the
DAW is found in Section 3.2 in this thesis. Different fader parameters were
introduced to build an abstraction layer on the data in order to facilitate
interpretation. The parameters were Fader level, Fader movement and Fader
variability. The experiment was run on the EBU +9 scale [13]. The playback level
was fixed.
Besides the aim to develop the methodology, the candidates that were tested were
chosen with a specific aim; to investigate how the different time scales within EBU R
128, or combination of time scales, affect the engineers’ performances in production.
Regarding the analysis, a traditional analysis of variance was performed to test the
different factors, the main focus being on the different representations of live
loudness measurement.
The method was proven powerful enough to show significant effects. Examples of
findings were that the short-term time scale resulted in a higher average in Mean
fader level than the other tested R 128 meter candidates. A combined meter, showing
both the momentary and short-term time scale alongside with a history graph induced
more fader movements than the other meter candidates. The combined meter also
generated larger magnitudes in the movements than the Nordic and Momentary meter
did. There was also a learning effect present.

Publication 2
Publication 2 [P2] was built on the same experiment and data as P1. However, the
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analysis procedure was further extended and improved. Two new parameters were
introduced, Overshoot and Adjustment time. The experimental factor Experience (as
Professional or Student) was included in the ANOVA. So were the two factors Trial
and Normalized; Trial (or “Round”) describing the index in the presentation order of
the performed trial for a subject; and Normalized, depicting whether elements were
pre-normalized or not prior to the trial. The added explanatory factors increased the
power of and the precision in the analysis.
In the experiment, the subjects were also asked to rate two assessment scales.
Since those were not analyzed in P1, they were instead accounted for in P2. The
subjects assessed 1) how they experienced that they weighted the balance between
visual and auditory cues in their decisions for audio level compensations and 2) the
perceived difficulty to perform the task at hand, using the different meter candidates.
The main goal of the paper was to further develop the methodology from P1. The
secondary goal was to understand more on the investigated meter candidates in how
they fulfill their purpose as tools to the engineers. All investigated parameters showed
significance for at least one of the experimental factors.
Among the results, it was found that professional engineers performed faster
adjustments and larger overshoots; the professional group estimated that they use the
auditory cues to a higher degree than the student group; the students found the task
more difficult than the professional group did; both groups believed that experience
would lead to increased reliance to the auditory cues compared to visual cues.

Publication 3
Publication 3 [P3] differs from the other papers in that it is not based on
experimental data. Instead it composes a review of publications that presents
different approaches for evaluation of live loudness meters and/or presents statements
on beneficial qualities for the meter type [10, 11, 17–24]. Also, other fundaments for
loudness measurement or the relation to peak measurement were summarized [1, 2,
4, 5, 23, 25–34]. One goal was to identify the parts in the recommendations that have
strong backup from research and the parts where questions remain to be further
researched. As such, it suggests focus for future work.
Many of the cited statements regarding meter quality were acquired from
engineers. The statements were compiled into a criteria set. The criteria were then
revised to be applicable for two data types presented in the other publications in this
thesis: fader data and output levels. The review may be regarded as a contribution in
itself, but the resulting criteria set also enables a more substantial discussion on the
results for the upcoming papers, P4 and P5.
In the present paper, differences between the organizations, ITU and EBU were
identified; most important, the definition of the momentary time scale. The paper
discusses the importance of the filter type in the time domain that defines the
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momentary meter ballistics. An interval for integration time, 165 – 400 ms, was also
identified; this interval had not been as thoroughly tested in ecologically valid
scenarios as some longer integration times. From discussing previous research, it was
suggested that the momentary and short-term time scale might be assigned more
differentiated purposes than was the case in the current recommendations. This
would yield tools to the engineer that are more complementary in their practicalities.
The paper also suggests a concrete dual-criteria set by breaking down the criteria set,
described above, into two separate sets, one for each time scale.

Publication 4
Publication 4 [P4] is the final paper that is based on data from Study 2013. Two
goals were stated for the paper; one goal being to improve the methodology, in this
case, the analysis and the framework for interpreting the outcome of the analysis; the
other goal being to understand more on the very meter candidates investigated, in
their effect on the outcome in practical applications.
The review from P1 was further extended by examining one more methodology to
evaluate live loudness meters, presented by Norcross et al [21]. The methodology
focuses on subjective assessments collected from subjects in ecologically valid
scenarios. The methodology was compared to the one by Soulodre and Lavoie.
Possibilities and difficulties from both approaches were compared. The arguments for
the methodology behind both Study 2013 and Study 2014 was further refined, using
the found sources. One aim of the proposed methodology was to achieve an
alternative balance between ecological validity and control. Former experiments,
were strong in one of the aspects, but the positive traits also led to a weakness in the
other aspect. The presented methodology could be thought of as a middle road that
combines features from formerly suggested methods to realize one more approach
that offers the sought-for alternative balance.
For this paper, output levels were added as data type in the analysis. Three new
parameters were introduced, based on the data type: Output levels, Target level
failures, Reference level difference and Loudness tracking. In addition, The formerly
suggested parameters Overshoot and Adjustment time parameters were revised.
Adjustment time was revised and replaced by two versions of the same, Initial
adjustment time and Coarse adjustment time. The new parameters enable a more
diversified characterization of the engineers’ performances.
Regarding the analysis, the label for the primary factor of interest was changed
from Meter to Ballistics to more accurately frame what aspect of the meter design
was actually examined. The analysis procedure went through two major revisions.
Elements were introduced as an explanatory factor, to represent the different audio
segments that made up the complete program. The change improved the precision in
the model and increased the power of the analysis, including the Ballistics factor. The
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general linear mixed model (here called mixed models) was utilized to model the
results. Several arguments were given for the benefits of using this model before the
traditional ANOVA, considering the design of the experiment. Statistical literature
was reviewed to support the analysis procedure [35–46].
A criteria set, aimed to evaluate live loudness meters, originally proposed by
Norcross et al., was revised to be applicable for the two data types, fader data and
output levels. The different criteria were then associated with the different parameters
presented in P1, P2 and P4. The resulting framework for interpretation were applied
on the data from Study 2013. This generated several statements on meter quality for
the investigated meter candidates. Examples of findings were: the Nordic meter
candidate caused an increased number of excessive output levels for programs when
evaluated through a loudness alignment paradigm (i.e. > +1 LU); the dispersion of
output levels of audio segments was found smaller for the Short-term and Combined
meter candidates than for the Nordic and Momentary candidates; differences in
Initial adjustment time between meter candidates could not be discerned. The meter
candidates that incorporated the slower, three-second integration time, yielded more
excessive movements.

Publication 5
Publication 5 brings all advancements of the presented methodology to be applied
on data from Study 2014. The research question at stake was framed in contact with
the PLOUD group within the EBU. The paper investigates possibilities for
improvements for the definition of the momentary time scale. The aim was to find
ballistic properties for the momentary time scale that posed complementary qualities
to the short-term time scale. A motif for the study was the different ballistics designs
of the momentary time scale between EBU and ITU; the two designs used different
types of filter in the time domain, an infinite impulse response filter versus a finite
impulse response. Besides the present definitions from the ITU and EBU, a few other
candidates were tested. The candidates that were investigated in the study, as well as
several changes in the experimental design, were based on the conclusions in P3.
For study 2014, randomization was introduced in two additional stages in the
experimental design: the order of elements constituting the program and the enforced
level offsets for the different elements. This cancelled the reasons of the previous
found learning effect in Study 2013.
The analysis procedure was revised to represent the changes in the experimental
design. Level offsets were now specified as separate entity in the model rather than
being a inherent property of the elements. This increased the power of the analysis.
Also the experimental factors Difference from previous and Direction of change was
included in the models to account for effects of the applied level offsets.
Two findings that were discussed in the paper were the effect of asymmetry in a
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meter (i.e. where the attack and decay behavior are defined differently) and the effect
of the gate function in ITU-R BS.1771. It was shown that increased asymmetry, in
the direction fast attack/slow decay, pushes the resulting output levels downwards. It
was also shown that the gate function poses an offset between the integrated
measurement of the output levels and the fader levels; the gate being active only in
the first case. A model was presented to describe the bias that is introduced, between
live measurement and integrated measurement, in the particular case where
unadjusted audio content are compensated in a live context.
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3 Discussion on experimental design
“Scientists dream about doing great things. Engineers do them.”
– James A. Michener

3.1 Perspective on evaluation
This thesis focuses on the influence of the loudness meter on fader movements,
output levels and appreciation of the meter. It regards the engineer as a “black box”,
to which the experimental method applies different stimuli and registers the outcome.
Thus, it does not cover the possible cognitive process that is related to the engineers’
perceptions, judgement and decision making.
Fig. 1 illustrates the core feature of the present methodology. It illustrates the feed
to the engineer and also the feedback loop that is created between the engineer, the
fader, the output of the controlled signal and the meter. The yellow-marked fields
indicate where the different data types are acquired. The simplified model does not
cover all aspects of the setup. For example, there may be tactile sensations from the
handling of the fader. Also, the display of the video feed (Study 2014) is not
represented in this picture.
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Subjective
assessments

Fader
data

Output
levels

Fig. 1. Illustration over the stimuli, engineer and outcome in terms of fader data, output
levels and subjective assessments. A feedback loop is created where the engineers’
actions are aﬀecting the outgoing signal, and thereby aﬀecting both the playback level of
the stimuli and the consequential response of the meter.

A review of methodologies is presented in P4: Sec. 1. With help of Fig. 1,
differences in the core features of the different methodologies in former work will be
highlighted. The cited works often describe a series of experiments, each one
containing differences in the experimental approach that may deviate from the core
features. Also, in the cited works, there may exist complementary data, gathered by
other means, to support the conclusions.
In experiments by Norcross et al. [21], the same feedback loop was created, but
only subjective assessments were captured as data. In the present work, this data type
was used the same way. In addition, two more data types were added, fader data and
output levels. In the referenced experiments by Soulodre and Lavoie [11], a feedback
loop was also created. However, there was no loudness meter in the experimental
design. The feedback loop only comprised the audio path. But there was instead
another similarity between the present work and the referenced work—the collection
of fader data (or collected with a “volume control” in the latter case). In the
experiment by Norcross et al., evaluation is made from the perspective of the
engineer. In the experiment by Soulodre and Lavoie, evaluation is an inference from
correlation between fader movements and a theoretical meter.
When incorporating all the nodes in Fig. 1, comprising the aspects from both
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Norcross et al. and Soulodre and Lavoie, evaluation becomes a combination of
aspects; the meter is evaluated in the perspective of being a tool to the engineer, but
also in terms of the outcome, the output levels and the actions with the fader. The
composite evaluation is inferred by the researcher from a combination of those
aspects. A discussion on meter evaluative criteria for live loudness meters is given in
P3: Sec. 5, and a list of aspects to consider in evaluation, specifically targeting the
momentary time scale, is given in P5: Sec 1.3.
This section discusses the development of the procedure to capture data. Table 1
gives an overview over the differences between the two studies, Study 2013 and
Study 2014.
Table 1
Study

Data

Aim

Randomization of
element order

Randomization
of level offsets

2013

video + audio

R 128 time scales

No

No

2014

audio

The momentary time scale

Yes

Yes

The table shows the core feature of two studies on live loudness meters.

Both studies also includes a test candidate adhering to the deprecated EBU Tech
3205-E recommendation.

3.2 Capturing fader data
The recording of fader levels were presented in P1, but a few details were omitted
in the publication and will instead be accounted for here. The fader movements were
captured with a control unit, PreSonus Faderport. The resolution of the fader levels
were decided by 10 bits. The resolution when the control data was recorded in the
DAW was unknown, but the resolution of data was checked after a test recording
and a following export procedure, and it was concluded that the full resolution in
fader levels was contained. The last bit was identified as sometimes “flicker” in the
last bit. Therefore a filter was constructed in Matlab to identify these regions of
flicker and replace the fader data in those regions with the average fader level over
the region.
A 16-bit signed integer value was created in Matlab to represent an amplitude of
−18 dBFS on the positive side of signed-represented waveform (i.e. zero represents
the zero-crossing point of an audio signal). The formula used was:

The value was written in an array with the size of the sampling frequency (48 kHz)
times the duration of the experiment. This represented a d.c. signal of −18 dBFS. The
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function audiowrite() was then used to export the data to an audio file. The audio file
was imported to Pro Tools and put on a separate track in the session containing the
stimuli for the experiment. During the trial, automation data from the control unit
was recorded in Pro Tools. To extract the fader information from the DAW, the
automation track was assigned to control the formerly created d.c. −18 dBFS signal,
and the resulting audio was written to disk. This file was imported to Matlab with the
audioread() function, and the values were transformed to a logarithmic base by the
formula:

To the, in dB, represented signal, +18 was added in order to represent the unity
gain fader position as 0 dB in the fader data. The data was then reduced by keeping
data points at 100 Hz intervals. Last, the filtration process to filter out possible flicker,
was applied.

3.3 Other aspects on the experimental design
The following aspects were also considered in the development of the
methodology.
Comparison approach
The presented methodology adheres to a comparison approach. The audio and
video files, used are specific for the experiment. As such, the results in terms of
absolute values is of limited value. Rather, the statistical testing and the inference is
made on comparison of parameter values between meters. The limitation of this is
that future meter ballistics designs cannot be evaluated in isolation but has to be
compared to other candidates to assess the quality. P4 (Sec. 1) targets this aspect,
comparing the aspect to formerly proposed methods.
Ecological validity versus control
P4 discusses the balance between ecological validity and the control in an
experiment. The present methodology has more in common with the methodologies
with higher ecological validity. The design of randomization patters of audio level
offsets is one measure taken to add more control to the present methodology.
Fixed or user set listening level
In Study 2013, the listening level was set to the recommended standard at Swedish
Television. However, engineer had a tradition of using their own preferred listening
level. Some engineers perceived this as uncomfortable and not the optimal conditions
for the task at hand. For this reason, listening level was adjusted to personal
preference in the beginning of the experiment in the design of Study 2014.
Experience
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P5:Sec 2.3 discusses the motifs for grouping subjects by experience. Both
professionals and students were used in the present studies. Experience turned out to
be an important factor (Sec. Effects of Experience).
Differentiated test sites
For practical reasons, the experiment was set up at two different test sites. One test
site was in Luleå University of Technology in Piteå, where the education program in
sound engineering program was situated. The other test site being situated at Swedish
Radio (Study 2013) or Swedish Television (Study 2014). The effects that could be
attributed to differences in acoustics between the rooms, studio monitors, computer
screens as well as the different times that the two setups was performed, are all
confounded with the effect of the two groups of subjects, experienced and students.
This fact may impair the validity of the conclusions regarding experience. Measures
were taken, as far as possible to see to that conditions were as similar as possible.
The author regard experience as the most likely factor for the found effects. Also, the
significant correlation between the experience and the choice of meter [P2], showed
that the Nordic meter was particularly yielding different outcomes. This cannot be
explained by the test sites. This was also the most logical candidate to differ in an
interaction, as this was the standard meter at the Swedish Television and Swedish
Radio at the time.
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4 Discussion on statistical analysis
“All models are wrong, but some are useful”
(Traditional saying from the research field of statistics)

4.1 Data and experimental factors
Table 2 gives an overview over the development of the statistical procedure in the
different publications. It lists the study from which the data was retrieved from,
where different parameters were first introduced, where analysis of subjective
assessments were performed, the experimental factors incorporated in the analysis
and the type of analysis procedure used.
Each parameter that was introduced allowed for a wider perspective on evaluation.
In P4, all parameters were tied to evaluative criteria, which clarified how the outcome
of the analysis of the parameters could be used to assess different aspects of quality
in live loudness meters.
P3 was based on review data and is therefore not listed in the table below. The
assessment scales are explained in their respective publication for which they are
introduced and will not be further addressed here.
Table 2
Publ.

Data

Parameters

P1

Study
2013

P2

Study
2013

Mean fader level, Fader
variability, Fader
movement
Overshoot, Adjustment
time

P4

Study
2013

P5

Study
2014

Output level, Fader
movement*, Overshoot*,
Target failures,
Reference level
difference, Loudness
tracking, Initial
Adjustment time, Coarse
adjustment time

Assessments

Factors / Cov.

Proc.

Fixed: Subject,
Meter, Trial

ANOVA

Difficulty,
Fixed: Experience,
Visual/auditory Subject, Meter,
weight
Trial, Normalized
Fixed: Experience,
Meter, Element
Random: Subject

ANOVA

Dynamics,
highs, lows,
feedback, tool,
readability,
easy_on eye,
ease_of_task

Mixed
model

Fixed: Experience,
Ballistics, Element,
DirectionOfChange
Random: Subject
Covariates:
LevelOffset,
DiffFromPrevious

Mixed
model

The table gives an overview over the analysis procedure in the different publications. “Publ.”
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denotes the publication. “Proc.” denotes which analysis procedure was used. Parameters are
listed under the publication where they were first introduced. Asterisk denote that a revision
took place for the parameter.

4.1.1 The parameters
The parameters are explained in their respective publication in which they are
introduced. A summation of the descriptions of the parameters is found in P4:Sec.
2.4. A few parameters have been revised through the development of the analysis
procedure. The reasons behind the revisions was not accounted for in the papers, but
is instead described in the following sections.
Adjustment time and Overshoot
The parameters Overshoot and Adjustment time was revised in P4. As a result of
the revision, Adjustment time was exchanged for Initial adjustment time and Coarse
adjustment time. The revisions was performed to cope with issues that had been
discovered at a later time in the development of the analysis procedure. One problem
related to both parameters and another problem related to the Overshoot parameter
only. In the following description, the label Target level is used. This was the label
given for a metric defined in P2, that was needed prior to the computation of the two
parameters. As was mentioned in Sec. Discrepancies in definitions between papers,
this was a poor choice of label, as Target level was already used in EBU R 128 to
specify the recommended loudness for a program. However, for the present
discussion, it was necessary to keep the label in the way it was defined in P2.
Overshoot and Adjustment time relies on two metrics that needed computation
prior to the calculation of the parameters, Target level and Time to equilibrium
(TTE). The idea behind the construct of these to metrics was to assess a point in time,
TTE, for where there was no longer a trend in the engineer’s adjustment. This meant
that the fader data from this point in time until the end of the element yielded a
coefficient of zero, when fitting a 1st order polynomial to the fader data. This was
interpreted as if the engineer had finished the phase of compensating for the loudness
difference between the current element and the former, and now only adjusted for the
dynamics within the current element. As a concept this was valid. However, there
were occasions where the trend never crossed the zero, and as a result, the TTE point
became the last point of the fader data in the element. This outcome was not
considered at the time of the original design. The implications of this was that, in
those cases where this happened, Target level was based on a single data point
instead of constituting an average of many data points, preferable a few seconds or
more. The parameter thus lost robustness, and became unnecessarily dependent on
possible actions with the fader at the very end of the element. There were also cases
where the trend did cross zero, but did so close to the end of the element. The
implications was in these cases not as severe as in the first case, but target level
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would be assessed on only a short time, yielding unnecessary high variance for the
measure.
The parameter Adjustment time was dependent on Target level in the calculation of
the time to reach 90% of the difference between the start level (the fader level at the
beginning of the element) and this level. In those cases where the Target level yielded
insufficient robustness properties, this also led to that Adjustment time would yield
insufficient robustness and that the parameter could vary for the same reasons that
Target level varied (i.e. the parameter became dependent on fader movements close
to the end of the element).
The parameter Overshoot was also dependent on the Target level metric; the size
of Overshoot was calculated as the difference between a maxima and the Target level.
For the same reasons as was mentioned for Adjustment time, the final value could be
dependent on the fader actions at the very end of the element.
To solve these issues, the concept of Target level was abandoned. Instead the
algorithms behind Adjustment time and Overshoot were based on the average of fader
levels during the complete element, i.e. the Mean fader level parameter. This was a
much more robust measure. Also, as an additional benefit, the algorithms became
much more straight-forward and easier to implement. They are described in P4.
Due to the chosen threshold to reach 90% of the (former) Target level, the original
Adjustment time parameter has much more in common with the Coarse adjustment
time parameter than the Initial adjustment time parameter, as the former of the two
also is based on a similar 90% generated threshold.
Regarding the Overshoot parameter, the revision yielded one more positive trait. In
the former version, the distribution consisted of several data points with value zero.
The distribution did not belong to a normal distribution. Nor was it a distribution that
could be transformed to attain a normal distribution. The new version generated a
distribution that was skewed, but never yielded zero values. This distribution was
possible to transform to attain a normal distribution. This enabled the possibility to
use parametric methods, which was not possible for the distribution created by the
former version of the parameter.
Fader movement
Fader movement was in P1 defined as the sum of fader movements over time,
disregarding the direction of the movements. This parameter was further developed
in P4 by subtracting Fader travel from the total of movements in an element. Fader
travel is a metric that is decided by the difference between Mean fader level and the
fader level at the start of an element. By subtracting this component from the fader
movements, the Fader movement parameter was adapted to describe the fader
movements within elements, disregarding the major jumps between elements. As the
different elements had different loudness, a compensation with the fader that was
motivated. However, all fader movements, attributed to this compensation naturally
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ended up in the second element, after the transition. Thus, this would yield effects for
the element for reasons that did not belong to the element itself. Rather this
component of the movement was explained by the relationship between the two
succeeding elements, i.e. the difference in loudness between them.
In Study 2014, the revision of the parameter became even more important. The
difference in loudness in the transitions between elements was in this experiment up
to 13 dB. The size of the induced movements, as the result of these level offsets,
could potentially mask the effects of smaller movements, movements that could be of
interest to detect. And again, these large components of the movements would always
be linked to the second element in a transition, which is not meaningful if one aims to
understand the importance of the elements’ characteristics for the results. Another
aspect is that, in Study 2014, full control was applied over the level offsets that was
applied to the different elements. This made the subtraction of loudness differences
from the Fader movement parameter both easy as well as less prone to errors by the
experimenter.
4.1.2 Experimental factors
The experimental factors are explained in their respective publication for which
they are introduced. For some factors, a more thorough discussion may be given on
the relationship between the experimental design and the corresponding
representation of the factors in the statistical model.
Element
In P1 and P2, for each parameter, a value was derived for each element. The final
value for the parameter was the average of these values. The data prior to the
ANOVA for a specific parameter was thus consisting of one data point per trial. The
approach of averaging data points over elements reduces the potential power of the
test.
The alternative, however, to enter all data points for elements into the analysis
would be wrong, at least if analyzed with ANOVA and for the present experimental
design. If one would commit to this approach, a first step would be to enter a new
factor in the model—Element—and code the data points according to their respective
level within Element (i.e. an index representing the element). If this measure was not
to be taken, all data points would instead be attributed to the Ballistics factor, and the
degrees of freedom for the data would be much larger than what is representative for
the experimental design. When the Element factor is introduced, each factor,
Ballistics and Element, is attributed the correct degrees of freedom for the data.
One problem remains, however. In the present design of the experiment, the
Ballistics factor is a hard-to-change factor. For each trial, the Ballistics factor is set
and then remains constant throughout the trial. Throughout the trial, all elements are
presented. Element is thus an easy-to-change factor. This makes the design not a
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complete randomized design, but instead a split-plot design [43]. To be a complete
randomized design, the meter setting must be reset to a different setting prior to each
presentation of an element. For the current aims of the experiment, this would neither
be ecologically valid, nor would the design be able to capture the interesting effects
that occur as the result of the very transitions between the succeeding elements.
The core of the problem is that the data points taken in the same trial have
dependencies. They are correlated to some degree, just because of the fact that they
are taken in succession and not randomized with the hard-to-change factor. This
correlation challenges one of the assumptions in the ANOVA, the independency
assumption. This will have the consequences that the hard-to-change factor,
Ballistics, will gain an increased risk of Type I errors, and the easy-to-change factor,
Element, will yield a decreased risk of type I error [43]. That is, in comparison to
what is expected from the output of the ANOVA. The amount of the correlation and
the consequential shift of the type I error rate cannot be estimated by the ANOVA. It
could therefore be anything from negligible to profound. This is where the mixed
model offers a solution (Sec. The general linear mixed model).
In P4 and P5, Element was introduced as a factor in the analysis. This was only
possible with the transition from ANOVA to a mixed model procedure.
Experience
Beginning with P2, the Experience factor was added to the analysis. The aim in the
experimental design was to represent two groups of engineers, the professional
group, that worked at broadcast facilities and a student group, representing the
generation of engineers to come. The motifs for testing the two groups are given in
P2 and P4.
By introducing Experience in the analysis, the power of the analysis was
improved. If not incorporated, possible differences related to experience, would
instead become noise in other factors and possibly mask other effects. Also, the
factor was in itself of interest to analyze.
The analysis yielded several results where Experience or interactions with
Experience was significant. This demonstrates the importance of considering
Experience as a factor, both in the experimental design and in the analysis procedure.
This is a factor to consider for many other types of experiments within Audio
Technology.
Subjects
In P1 and P2, subjects were treated as fixed effects. In P4 and P5, subjects were
treated as a random effect. Subjects were entered into the model, since the design of
the experiment is a within-subjects design. The factor reduces the intra-subject effect
from the other factors, improving the power of the analysis.
Most measures that we take on or from subjects, belong to a random distribution.
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As such, we can estimate the variance for a larger population, by the data taken from
a sample of the population. In a model, subjects may be entered as a random effect,
rather than a fixed effect. First, this is a pedagogical choice. It says something about
the properties that we describe the factor; instead of being a set of fixed positions in a
system, it represents a sample from a random distribution. This also have
consequences for the conclusions we can make. In the case of the fixed factor, we can
only infer the conclusions to the very represented candidates. In the case of the
random factor, we can infer the results to the whole population the sample is drawn
from.
Back to the choice of representing subjects in P1 and P2. If subjects is the only
random component in the model, the estimate of the random component will be
exactly the same as if it was entered as a fixed factor. This is because the calculated
variance in the fixed factor case is the same as the estimated variance in the random
factor case. Therefore, the choice of entering subjects as fixed effects in P1 and P2 is
not wrong.
As soon as the model becomes more complex, incorporating several random
components, subjects must be entered as a random effect, if we want to infer the
results to a larger population. This is not possible with ANOVA which also is another
reason to choose the mixed model as the alternative. This procedure estimates all
random components together according to a Restricted Maximum Likelihood
(REML) procedure. The resulting estimations of the variance parameters are the ones
that yields the highest probability given the data at hand.
As was mentioned in a prior paragraph, when elements were introduced as a factor,
as in P4 and P5, the correlation between elements must also be represented in the
model. The correlation is represented by a random component. The several random
components means that a mixed model must be chosen instead of ANOVA. This also
means that all interactions with subjects also may, and should, be entered as random
components.
The Subject factor was in all papers entered in the model as Subject(Experience) to
indicate the property that Subject is nested within Experience. This means that the
variance of subjects is calculated within each group of experience and excluding the
differences attributed to Experience.
Trial
The Trial factor (“Round” in P1 and P2) was included in the model to account for
possible effects attributed to the presentation order of the different trials performed
by a subject. Trial was shown to affect the amount of fader movements (less
movements throughout the experiment) [P1], the magnitude of fader movements
[P2], and the perceived difficulty of the task [P2]. This demonstrates a learning
effect. The conclusion is plausible, since no randomization took place for either the
presentation order of elements or the loudness level for elements.
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In P5, considering Study 2014, randomization was applied both for the
presentation order of elements as well as the loudness level for each presented
element. This ruled out the two major aspects for the engineer to foresee what was to
come. For this reason, the inclusion of the Trial factor in the model was not as
important as it was in the previous experimental design, Study 2013. At the same, in
P5, several other factors were introduced to account for the applied level offsets to
the elements. The complexity of the model led to a necessary prioritization, both with
regards to the timely manual process of reducing the models from non-significant
effects, but also with regards to the very computation time of the models. For this
reason, the Trial factor was omitted in P5.

4.2 Modeling the data
4.2.1 The general linear mixed model
In P1 and P2 the statistical inference was made with ANOVA. ANOVA has been a
well-accepted approach to analyze parametric data in the research field of audio
technology. The procedure therefore became the natural choice of analysis procedure.
During the course of this work, the limitations of the ANOVA was realized which led
to the transition in P4 and P5 to the general linear mixed model (here referred to as
mixed model). Even though the conceptions behind the choice of a mixed model
procedure were given for the specific designs in the two studies, the general
possibilities with the mixed model approach as compared with ANOVA are
summarized below:
The mixed model, as opposed to ANOVA [37, 41, 45, 46]:
•
may cope with different group sizes (i.e. different levels of a factor may contain
different number of data points)
•
may better estimate missing data points
•
may cope with different variances among factor levels within a factor
•
may cope with several random components
•
may model correlations between random components and model hierarchical
structures in data.
In the present experiments, all these aspects were utilized. Each point would, to
different degrees, reduce the power or comprise the validity of the ANOVA
procedure. One should also take the opportunity to give a cautionary note, that there
are many ways that mixed models may be specified wrongly in statistical softwares
[44].
4.2.2 A screening design
In the presented experimental design, only one data point was acquired per subject,
meter and element. This reduces possible accuracy and power in the analysis. By

Doctorate thesis

41

Evaluating Live Loudness Meters

acquiring one data point per condition, the data point from a subject actually both
contain the subject’s individual effect as well as the experimental error. This means
that there is no well-defined estimation of the experimental error. In this case, the
experimental error will be estimated by the lack-of-fit, the residuals that are produced
when factors and higher order interactions that have been reduced from the model.
An alternative approach would be to retrieve multiple data points from the same
condition (i.e. same combination of subject, ballistics and element) in a randomized
manner. This will yield data that improves the estimation of the experimental error.
The present design of experiment has a screening approach where multiple factors
and factor levels were preferred over multiple measurements. In a possible follow-up
study, the number of meter candidates may be reduced, in favor for multiple
measurements or pair-wise comparison tests.
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5 Summary of results
“There is no such thing as failure. There are only results.”
– Tony Robbins

5.1 Results
The results from the work on this thesis are organized according to the research
questions in Sec. 1.8.
5.1.1 Methodology
I.

What methodologies exist in previous research to evaluate live
loudness meters?

The most important sources for the design of the in here presented work were
reported in P3 and refers to methodologies by Norcross et al. and Soulodre & Lavoie.
Also, methodologies that investigate different representations of microdynamics have
been referenced, as this concept is one important aspect to consider in the design of
live loudness meter ballistics, or alternatively, as basis for measures of the dynamic
range of microdynamics.
Different points of departure were found for evaluation. In the experiments by
Soulodre and Lavoie, the approach was to establish a reference for how subjects
perceive fluctuating loudness (i.e. for this thesis interpreted as microdynamics,
P5:Sec. 2.4). This was done using a method-of-adjustment approach. The quality of
the loudness meter was then decided by the correlation between this reference and
the meters’ ballistics. In experiments by Norcross et al., the approach was to evaluate
the loudness meters as tools, when used by engineers in simulated or real-event tasks.
Evaluation was made partly through subjective assessments from the participating
subjects, but also through inference from former research. Skovenborg and Shepherd
et al. uses theoretical testing (i.e. math and argumentation) to test the applicability of
different metrics or meter constructs for the design of live loudness meters or
dynamic measures of the same.
There are few reviewed sources that explores the trade-off between the speed of
the response in a meter and the readability or interpretability (P4:Sec. 2.1) of the
same. This theme could be explored further. Also, the ability for an engineer to
perform a cognitive temporal integration from the fluctuating loudness readings of a
meter has not yet been explored in ecological valid situations (i.e. where the engineer
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uses the instrument in a real-like situation). Also, only few papers describe evaluation
of meters in ecologically valid situations, i.e. where the engineers actually use the
meters in a real-like situation. More studies could be made in this direction. One
theme that could be explored further is the ability for an engineer to perform a
cognitive temporal integration from the fluctuating loudness readings of a meter in
ecological valid situations (i.e. where the engineer uses the instrument in a real-like
situation).
II.

How could existing methodologies for evaluation of live loudness
meters be improved or complemented?

In the design of the in here proposed method, the weaknesses and possibilities of
the reviewed methods were considered. This yielded an alternative methodology that
may complement former methodologies to give a wider perspective on evaluation.
The publications P1–P5 give a deeper account on the methodologies relation to
formerly proposed methodologies.
III. How may fader movements from engineers’ actions, responding to
different stimuli, be useful as data to infer meter quality?
This was both demonstrated in the methods by Soulodre and Lavoie, albeit the
actual tool for the audio level adjustment was in this case referred to as “volume
control”. The in-here presented methodology used fader data, processed through
different algorithms that conceptualized the fader data, into five different parameters:
Fader variability, Fader movement, Overshoot, Initial adjustment time and Coarse
adjustment time. The parameters were in several cases able to find significant
differences between live loudness meters and by using a proposed meter criteria set,
different statements on meter quality could be formulated.
IV. How may resulting output levels, as the result from engineer’s audio
level alignment, be useful as data to infer meter quality?
Besides the most obvious choice of measuring the resulting output level of the
program, output levels were measured and analyzed for different elements with
different audio characteristics. Output levels was further investigated both according
to the average and according to dispersion. Output levels were also parametrized into
three more parameters (Program output level and Element output level being the
former two); Target level failures, Reference level difference and Loudness tracking;
which extended the applicability of the data type. The parameters were in several
cases significant and using a proposed meter criteria set, different statements on
meter quality could be formulated.
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5.1.2 Evaluation of R 128
V.

How does the different time scales, defined in R 128, work
effectively as tools to the engineer?

The following list summarizes the findings reported in Paper 1, 2 and 4:
•

Compared to the momentary time scale, the short-term and combined time scale
yielded less dispersion in output levels among engineers for different parts of a
program. They also yielded less error to a set reference level for different parts of a
program [P4].

•

The momentary time scale yielded a slower Coarse adjustment time, for some
elements, than the short-term time scale.

•

The subjects estimated that they listened more to the audio cues in relation to the
visual cues when using the short-term scale, compared to using the combined
meter.
The short-term and combined (momentary + short-term + history plot) time scale
generated larger fader movements compared to the momentary time scale [P2, P4].
A hypothesis was posed that the exaggerated movements with the fader were a
result of the latency of the time scale to give feedback on the engineers’ actions.
The effect could be attributed to inexperience with the particular meter. The
combined time scale also induced more fader movements than the momentary time
scale [P4]. In P2, also the short-term time scale yielded more movements than the
momentary did. However, the results from P4 should be the more appropriate
analysis. The difference is most likely attributed to the revision of the algorithm of
the Fader movement parameter. In the latter version, the loudness offsets between
parts of the program were subtracted from the sum of fader movements.

•

•

Under good listening conditions, the choice of time scale does not have any
important effect on the reaction time for compensation of sudden shifts in
loudness. The studies did not account for the effects of the choice of time scale
when used in impaired listening conditions.

•

The momentary and combined time scale yielded lower fader levels than the shortterm time scale [P1, P2, P4].

A more extensive discussion on the above results are given in P4. A hypothesis
may be posed from the second and third point. The slow reaction in the short-term
time scale might force the subjects to rely to a larger extent to the auditory cues. And
as a result may normalize for inadequate levels faster than when relying on visual
cues.
VI. How does the new loudness measurement paradigm compare to the
quasi-peak measurement paradigm in terms of delivering
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appropriate audio levels to an audience?
Two of the loudness meters, short-term and combined, yielded less dispersion in
output levels than the Nordic (QPPM type) meter. The same two loudness meters also
yielded less error to a set reference level. The first result implies a higher conformity
among engineers in how to interpret an control audio levels when using the loudness
recommendation. Conformity is an aspect that is a positive quality for any audio
level recommendation, and which is independent from a recommendation’s ability to
represent subjective loudness.
Regarding the loudness meters’ result if yielding smaller error to the reference
level; since the measured objective loudness levels constitute a more representative
unit for subjective loudness than quasi-peak measurements, one may infer that the
audio levels between parts of a program, using the meters in the new paradigm
should be perceived as more even if presented to an intended audience.
5.1.3 Evaluation criteria for live loudness meters
The review in P3 accounts for many statements on qualities requested from a
loudness meter. The statements came from both practicing engineers as well as
researchers within the fields of audio technology. The publication concludes that one
ballistics definition cannot fulfill all the requested criteria in a loudness meter. The
qualities we seek in a live loudness meter could be more differentiated for different
the time scales. The results are consistent with those in BS.2103 [19]. The paper, as a
result, offers a concrete proposal for two discerned criteria sets, targeting the
momentary and short-term time scale, respectively.
5.1.4 Evaluation of the momentary time scale ballistics
VII. What quality differences may be discerned from the differences in
the definitions of the momentary time scale between the ITU and
EBU?
The ITU momentary time scale was estimated to be less fatiguing to watch in the
long run for both the +9 and the +18 scale. It was difficult to compare the two types
of ballistics regarding the ballistics possibility to render the low dynamic parts of the
signal. The factor was significant, but no specific pair could be discerned. However, it
was shown that a faster version of the ITU scale better rendered the low parts of the
dynamics.
In ITU-R BS.2103 [19], the authors also compares the IIR and FIR temporal
filtering approach to the data from Zwicker's loudness model, and it was shown that
the IIR filter approach had a closer match (0.1 dB difference at most) and that the
FIR filter approach had up to 2 dB mismatch measured 0.1 s from the onset of the
test signal. It was also argued that an FIR-based decay response would be

46

J. Allan

Summary of results

discontinuous and unlikely to mimic the sensation (by the present author interpreted
as microdynamics as defined in P5: Sec. 2.4).
VIII. Are there other optima for ballistics definitions than the current
recommended ones from ITU and EBU?
Yes. In paper 4, time constants in the 150–400 ms range, were identified as not
having been as researched in ecological valid setups as some longer time constants.
An IIR filter type with a 250 ms time constant, yielder better estimation on the meters
ability to render the low parts of the dynamics. The estimated eye fatigue from longterm use of this ballistic was higher than the ITU 400 ms version on the +9 scale, but
on par with the ITU 400 ms version on the +18 scale.
5.1.5 Additional results
This sections lists results that were not belonging to a particular question, posed at
the start of the research.
Gate
An effect from the gate was identified when adjusting audio content with widely
differing loudness.
Asymmetry
Increasing asymmetry in a meter that incorporates an asymmetric ballistics
definition (P5: Sec. 3.1.2), pushes the resulting output levels levels down. A comment
should be made on the relatively high level, generated by the Nordic meter in Study
2013. In this study, the scale was different in the Nordic meter, as well as the
instruction to the subjects on how to align the levels.
Experience
The Professional group yielded higher fader levels than the student group for EBU
meters [P2, P4]. Experience was a particularly prominent factor for for the Nordic
meter. This means that it is important to consider the long-term experience of a
meter (P2, Fig 2, p 8). Professionals had larger Overshoots. The professional group
rated higher the use of auditory cues versus visual cues, in their decision-making on
level alignment. Interestingly, both groups thought that experience should lead to a
shift towards the reliance on auditory cues.
Pre-normalization
Pre-normalization according to loudness of audio levels prior to transmission both
reduced the amount of fader movements and the size of movements. This
consequence could be inferred by logic reasoning, but know there is also metrics for
these effects. The results should have positive consequences for the listener, as there
is always a latency implied in a compensation performed live. Pre-normalization
should be recommended where possible (considering tight delivery times or live
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content, where this is not possible to achieve).
Learning effect
There was a learning effect shown in Study 2013, where neither the order of
elements, nor the audio level offsets were randomized. This result promotes
randomization in related experimental designs.
Multiple visualizations of time scales
From the results in P1, an explanation was suggested, that multiple time scales
induces more movements.
Tolerance span
The results support the range of the tolerance span in R 128 (± 1 LU). The meters
all performed within the tolerance span. Also it was shown that the tolerance span
was appropriate for the task.
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6 Original contributions
The following sections summarizes the original contributions in the papers
according to five themes: Procedure, Data, Analysis, Results and Interpretation.

6.1 Procedure
The research contributes with a procedure to capture engineers’ fader movements
with a fader and the resulting output levels of an audio signal, in combination with a
test environment with high ecological validity. The validity comprises the aspect that
the engineer, besides the auditory feedback, also has visual feedback from the
measurement instrument to be evaluated. Also adding to the ecological validity is the
aspect that the engineer does not just assesses the instrument from a visual/auditory
perspective but also use the very instrument to perform a task that is representative
for common audio engineering work within broadcast—audio level alignment. The
evaluation procedure therefore also takes into account the feedback from the
engineers’ own actions. The procedure was demonstrated to work with stimuli
consisting of auditory content only as well as with stimuli consisting of both audio
and video.
The procedure was developed in steps throughout the five papers. Among the first
steps was the technique to retrieve the very data from fader movements. The
description of this technique is found in P1, and is also further clarified in this
introductory chapter (Sec. 3.2). This step might be regarded as trivial, but there is in
fact no built-in functionality in the DAW (in this case Avid Pro Tools) to export
automation data. The technique offers an alternative technique, utilizing a higher bitresolution in the fader data, compared to the use of 8-bit MIDI controller
information.
Another step was the design of different patterns of audio level offsets to be
applied on a sequence of elements in a program. The patterns offered experimental
control over the applied audio levels and was at the same time unpredictable enough
to avoid a learning effect. The randomization of audio level offset patterns was
combined with traditional randomization of the presentation order of the stimuli.

6.2 Data
The data types that were used were fader data, output levels and subjective
assessments. Neither of the data types were new for experimental purposes. But
combined with the other features in the experimental design, the type of conclusions
that could be made from the data types were extended. The publications also
demonstrate the use of all the data types in the same experiment.
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6.3 Analysis
The general linear mixed model
The use of a general linear mixed model (i.e. mixed model) was demonstrated as a
tool for analysis for an experimental design within the research field of audio
technology. The model, albeit being relatively new, has a strong tradition in the field
of social sciences. A very interesting similarity between the two research fields is the
use of subjects—human beings—as part of the data collection. For this reason, the
mixed model has many applications within the research field of audio technology.
Subjects, when modeled correctly, is a random source for variability, at least if
inference should be made to a larger population. The ANOVA may only include one
random component in the model. As such, the possibility for adding a random source
is used by the representation of subjects. As soon as one needs to add more random
effects, the ANOVA will not suffice. The mixed model, as an alternative, offers
unlimited random components. The mixed model may also deal with other common
design issues of experiments, unequal group sizes, unequal variances between levels
in a factor and different possible correlations between random effects, like nested
designs patterns (i.e. another factor is fixed whilst the nested factor iterates through
the different level). To be able to use all these aspects, without breaking assumptions
in the traditional ANOVA, opens up for a lot more choices in the experimental
design.
Definitions related to ballistics definitions
A few definitions were introduced to enable a more straightforward analysis with
regards to the investigated ballistics designs: meter speed, meter asymmetry,
timebase and the construction of labels to identify different ballistic definitions.
These definitions were helpful both when designing the experiment as well as when
modeling the outcome of the results. Here follows a few examples; The meter speed
definition, simple as it may be, yielded a correlation of Pearsons’s r as high as 0.95
with the results for the estimated induced eye fatigue from the ballistics of the meter
indicator; The definition for meter asymmetry helped to explain one underlying
property in the ballistics that pushes the resulting audio levels down; The concept of
timebase was introduced to be able to talk about FIR- and IIR-based ballistics, sideby-side, with regards to the most defining property in the ballistics definitions—time.
It helped to simplify the language in Paper 5, and as contribution, it offers a
simplified way to deal with similar conceptual hurdles in the future when it comes to
timebases from different filter constructs; The type of labels for FIR- and IIR-based
meters, using the three letters followed by one or two figures (e.g. 100/400 IIR)
offers a simplified way to talk about ballistics definitions that, at the same time,
reveal the essential information that defines the corresponding ballistics definitions.
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The labelling strategy will at least be useful ballistics constructs that uses only one
or two timebases.
Parameters
Nine parameters were developed to conceptualize the data by the use of
algorithms. Five of them were based on fader data and four of them were based on
output levels. This was also a necessary step prior to modeling the data, i.e. the
generation of the mixed models, where the parameters were used as dependent
variables. Several significant differences were found and several statements on meter
quality were expressed, that was grounded in the effects for the different parameters.
The parameters could be useful for future experiments within audio technology, or
any type of experiment, where the subjects is part of a control system.

6.4 Results
Time scales and ballistic definitions
We know more about the effect of using the different time scales from the present
recommendations in ITU-R BS.1771 and EBU Tech 3341 (R 128). Also we know
more about a few other ballistic designs; a faster version of the momentary time
scale, as defined by ITU (using a 250 ms time constant), two asymmetric ballistic
designs, and the deprecated peak programme meter defined in EBU Tech 3205-E.
We know that, when comparing the time scales in EBU R 128, the short-term time
scale yielded a smaller dispersion in output levels when compared to the momentary
meter.
The publications presents several quality differences between the investigated
meter candidates besides dispersion in output levels: overshoots, generated fader
movements, the magnitude of movements, induced eye fatigue, the ease to read out
the fluctuating values. This list is not exhaustive.
Results have been presented when the momentary time scale has been presented,
side-by side, with the short-term time scale, to evaluate its complementary value as a
tool to the short-term time scale.
We know more about the gate, and effects from running live, unadjusted audio
content. These effects could either lead to possible changes in the gate or be used as
an incentive to publish additional information on the benefits of using the integrated
time scale as complement to the other time scales, in the relevant recommendations.
The publications bring data from studies on the +18 scale, which were not
previously found in sources.
Overall, the results should be able to assist the broadcasting organizations in
deciding for future updates of recommendations. Particularly, there is evidence for
the direction to go for the momentary meter candidate, that was defined differently by
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the ITU and the EBU. The optimum ballistics are now reduced to an interval of 150–
250 ms, using the IIR type of filter. Ballistics using a 250 ms time constant has been
shown to be supersede the candidates from the existing recommendations in several
aspects. This information will hopefully make up a part for a beneficial transition to a
common definition of the momentary time scale between the ITU and the EBU.
Meter criteria
In paper 3, a review was delivered on published statements on desired qualities of
a live loudness meter. The statements came from both practicing engineers as well as
researchers within the fields of audio technology. Paper 5 adds further sources on the
subject of loudness perception from the research filed of psychoacoustics. The review
showed that all of the requests was not feasible to optimize in the one and same
ballistics definition. This is the same conclusion that was made in the internal work
within the EBU and that led to the proposal of the two time scales, short-term and
momentary. This principle was later adopted by the ITU.
The results led to the definition of a meter criteria set. It also presented a concrete
suggestion on differentiated purposes for the two time scales that may be adopted in
future recommendations by broadcasting organizations. The criteria set was
subsequently further processed into a concrete proposal of two separate sets of
criteria. If adopted, the two time scales would be designed to be more complementary
to one another in their effectiveness as tools to the engineer. The criteria was also
further processed and rephrased, to be applicable for the data types that were used in
the experiments, specifically the fader data and output levels.

6.5 Interpretation
Suggested links between parameters and evaluation criteria
The criteria set was also used, as an additional layer, to interpret the outcome of
the analysis. Publication 4 suggested links between parameters and criteria, that
enabled this final step of the evaluation process, i.e. to make statements on meter
quality that was derived from fader levels and output levels. The workings of this
type of conclusions on experimental data was also demonstrated.
Definitions related to subjective loudness
In the process of compiling the criteria and adopting them for the data types at
hand, a need for clarification was needed for some of the expressions found in the
former review. One such clarification resulted in the concept “content-dependent
delimited offsets in loudness”. It related to the model of auditory scene analysis from
Bregman [47]. This clarification, proposed in Publication 4, will hopefully help
future researchers to quicker, easier and more accurately target one of the (possible)

52

J. Allan

Original contributions

purposes of live loudness meters.
Microdynamics
This research has collimated sources from both audio technology and
psychoacoustics to develop further the concept of microdynamics. As such, it brings
the two disciplines somewhat closer. Bringing more sources from the
psychoacoustics field, into research on loudness measurement, should be beneficial
for future development in the area.
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7 Errata and clarifications on papers
7.1 General
Integration time
The concept “integration time” was used throughout the five publications. In
publication 1–4 the term was used to describe the ballistics definition for all meter
candidates. In P1 (Sec. 2.1.1: Table 2: p. 4) and P4 (Sec. 2.3.1: Table 2: p. 560), the
following text was presented as a figure caption text:
“*Integration time for the quasi-PPM meter has a different definition than
for the other meters. Here integration time is defined as the time to reach –
2 dB below a reference for a tone burst (1 kHz sine) when the level of the
reference is measured for a continuous tone. In practice the level of the
continuous tone has settled within a few seconds. For the other meters
integration time is defined as the length of a square sliding window.”
Constituting a figure caption text, the importance of the definition was obscured
for the reader. The text was not clear that the first part of the description was referring
to EBU Tech 3205-E [48], which in turn refers to IEC standard 60268-10 [49].
Neither was it clear that the second part, “For the other meters...”, was a definition
made by the authors. The first part is correct for the Nordic meter, that with the
publication of Tech 3205-E, adopted the ballistics definition in the standard. The
second part is correct if one sees it as a definition made by the authors for the purpose
of the present publications. However, the choice to use the concept for FIR-based
meters may cause confusion when used in a wider context since it is not the
commonly accepted definition. Also, this text did not appear in P2 and P3. Outside
the scope of the publications, the usage of the term may cause a misunderstanding in
that the integration time also for the FIR meter type is measured as the time for the
indicator to reach −2 dB from the level of a corresponding long-term measurement of
the test tone. P5 (Sec. 1.8) clarifies the correct usage of terms attributed to ballistics
definitions for live loudness meters. The proper way to reference the defining value
for the speed of an FIR-based loudness meter is to use the term “window time”, as a
short for “the length of a sliding rectangular window”, the full expression just given,
or by the author suggested expression “timebase”, if the discussion refers to meter
ballistics of both FIR and IIR types.
Capitalization of time scale labels
P1-P3 addresses the momentary and short-term time-scale using capitalization. It
should be mentioned that the labels for the time scales in EBU Tech 3341 originally
are not capitalized.
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7.2 Publication 1
Sec. 1: p. 2
“The meter is then evaluated in terms of how close the meter resembles the curve”
Correction: The curve representing the fader movements should be inverted before
comparison is made with the indicator movements from a meter ballistics design.
Sec. 2.4: p. 5
“A criterion for a cut is also that it may only contain one voice.”
Correction: This should not be stated as a criterion. The first cut contains a jingle
(i.e. not a voice), which is only clarified at a later point.
“Some of the ‘broadcast audio’ was then exchanged for the audio on editors’
tapes...”
Clarification: “some” relates to all audio except the voice of the news anchor.
Sec. 2.6: p. 6
Clarification: A few details were missing in the description of the retrieval of the
automation data for fader levels. The full description is clarified in Sec. 3.2 of this
Introductory chapter.
Sec. 3.2.5: p. 9
“However, there may still be individual subjects or individual cuts that may violate
the recommendation.”
Correction: The recommendation cannot be violated for segments of a program.
The idea of R 128 is to offer creative freedom in adjusting audio levels, given that the
program conforms to the recommended target level. Sec. 2.4: p.563 describes this
aspect accurately and distinguishes between the concepts target level and reference
level.
Sec. 5: p. 11
“higher mean” is a vague expression.
Clarification: It should say “higher average in fader levels”.

7.3 Publication 2
Sec. 1: p. 2
“The authors attempted such an approach...”
When the statement directly follows information retrieved from other authors’
publications, it is not clear at this instance that the discussion changes focus to the
work by the present authors.
Clarification: It should say:”the authors of this paper”.
Sec. 4.2: Fig. 2: p. 8
An erroneous p value was given.
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Correction: p value should read p<0.001.
Section 5.9: p. 9
A factor name is referred to as “Professional”. This was a remnant from an
abandoned naming of the factor and factor levels.
Correction: The factor name should be “Experience”.

7.4 Publication 3
Sec. 2.1: p. 2
Fig. 1 is not fully accurate. It was based on a former version of ITU-R BS. 1770. A
later revision of BS.1770 corrected the description of the signal path.
Correction: Fig X illustrates the signal path more correctly. The ballistics node
rather controls the temporal integration node, instead of being applied in series after.
Sec. 4.1: p. 6
“The goal was to evaluate a multichannel version of the Leq(RLB) algorithm,
namely the Leq(K).”
Correction: The Leq(K) formula is not related to the number of audio channels. It
always measures one channel. The measure may then be used in a combined
measure, summing several channels with different weights.
Sec. 4.1: p. 6
“The multi-band model, TC HEIMDAL, scored significantly higher and the singleband model, TC LARM, was ranked higher than Leq(RLB) by all evaluation metrics
(except for one evaluation metric in one of the listening experiments). However,
between TC LARM and Leq(RLB) no metric was found significant.”
Clarification: It is not clear in the first sentence that “ranked higher” was not a
significant effect.
Sec. 4.1: p. 6
“TC LARM was one meter candidate, however, that both performed strong and,
being a single-band algorithm, is comparable in complexity to Leq(K).”
Clarification: The term “complexity” only regards the difference between multi
band versus single band models.

7.5 Publication 4
Sec. 2.3.1: p. 561
“In all live loudness meter implementations, the gated loudness measurement was
used. As was mentioned in the Introduction, the gate is not incorporated for
integrated measurements.”
Correction: The two sentences got mixed up. It should say the exact opposite: “For
all live loudness meter implementations, the gate was not implemented. As was
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mentioned in the Introduction, the gate is incorporated for integrated measurement.”

7.6 Publication 5
No errata.
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ABSTRACT
A method is proposed for evaluating audio meters in terms of how the engineer acts with the fader as dependent on
the meter and corresponding recommendation at hand. The proposed method is used to evaluate different meter
implementations, three conforming to the recommendation EBU R 128 and one conforming to EBU Tech 3205-E.
In an experiment, engineers participated in a simulated live broadcast show and the resulting fader movements were
recorded. The movements were analyzed in terms of different characteristics: Mean fader level, Fader variability and
Fader movement. Significant effects were found showing that engineers do act differently depending on the meter
and recommendation at hand. The method was found useful and may complement other methods to give more
perspectives when evaluating audio meters.

1.

INTRODUCTION

1.1. Background and research aim
The problem of differing loudness in broadcast is still
a subject of great concern. For television broadcast,

level disparities are causing annoyance to the
audience [1]. The problems and suggested solutions
are well covered in reviews by the Journal of the
Audio Engineering Society [2][3][4]. One issue
causing problems is the use of amplitude based quasiPPM meters in conjunction with audio sources that
differ widely in their peak-to-loudness ratios. As a
solution to the problem, EBU has proposed a new
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recommendation, R 128 [5], which bases audio level
metering on loudness according to measurement
algorithms stated in ITU-R BS.1770 [6]. Studies have
shown that if levels are adjusted in this way, more
evenly perceived audio levels would be delivered to
the audience [7][8]. Most prior studies use Integrated
loudness value (i.e. one loudness value calculated on
a whole section) to establish how close objective
measurements corresponds to subjective evaluation.
For live shows, however, the integrated value is of
limited help to the engineer since the reading is not
representative until the end of the show. Therefore
shorter integration times need to be used in audio
meters to give more of a real time loudness
indication. Two different integration times for real
time measurements are proposed in R 128, 400
milliseconds (Momentary mode) and 3 seconds
(Short-term mode). For simplicity let us refer to
meters that bases measurement on a moving window
with a fixed size (i.e. fixed integration time) as live
meters. This concept will include both concepts of
Momentary and Short-term meters in literature.
These live meter measurements are more difficult to
evaluate
than
integrated
loudness
values.
Nevertheless, there is great need to evaluate them.
The recommendation, R 128, is relatively new, and
broadcast facilities are at the point of deciding for
fundamental changes in their specifications and in
measurement equipment for the audio path. Also, the
different modes suggested in R 128 needs to be
investigated from a practical point of view. Are there
fundamental differences in how the meter modes
affect the engineer’s way of working? How shall we
evaluate meter implementations from different
brands? We now need to know more on what modes
are helping the engineer the most in his task of
adjusting for even perceived loudness and at the same
time conform to a recommendation

measures are proposed and one of them is calculating
the variance for differences between meter value and
reference run based on each point in time. One
difficulty with this approach is drifting. That means
that when the subjects make the runs that the
reference will be based upon, the level may drift over
time. This will show up as the last part of the audio
having much higher variance between subjects than
the first part. Despite this difficulty the method could
with success tell us things about integration time,
reaching conclusions like ten seconds will be a to
long integration time and one second a to short
integration time for the meter to successfully relate to
the perceived loudness.
A presumption for the above approach is that the
meter should adequately represent the perceived
loudness at each given time. In this paper we try to
look at evaluation of live meters from a different
perspective. In short, instead of looking at the
correlation between meter and perceived loudness we
will look at the engineers success in adjusting for
even perceived loudness and conforming to a
recommendation as dependent on the meter and
recommendation at hand.
For this paper a study was performed aiming to
investigate the following question:
How does the meter and corresponding
recommendation impact the engineer’s level
adjustments in a live broadcast situation?
This is broken down to the following more concrete
questions:

Soulodre and Lavoie have made several efforts to
evaluate live loudness meters [9][10]. One approach
is to validate meters against a reference. The
reference is constructed from continuous loudness
estimation over time. The stimuli consist of an audio
sequence that may consist jumps and/or continuous
audio level shifts. A pool of subjects adjusts volume
playback continuously over time and a mean is
calculated for each point in time making up the
“reference run”. The meter is then evaluated in terms
of how close the meter resembles the curve. Different

As dependent on meter and recommendation,
1) How will mean fader level differ?
2) How large is the variability in fader
levels?
3) How much will the fader be moved?
4) How will the mean fader levels differ
from the ideal mean fader level given
by the recommendation?
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1.2. Recommendations EBU R 128,
EBU Tech 3205 and the Nordic
meter
For this study, three implementations of R 128 meters
were chosen. Two were single bar graph meters
representing Momentary and Short term mode. One
meter represents the choice of a combined meter. A
combined meter in this context is a meter that
visualizes graphically more than one information
stream at a time. There are many on the market, and
their appearance may differ a lot. A combined meter
was included in the study to see if more information
available to the engineer will have impact on the
engineers actions compared to a simple bar graph
meter based on a single integration time.
It was also of interest to see how R 128 relates to the
former, but still in use, EBU Tech 3205-E [11]. This
recommendation addresses the use of Quasi-PPM
meters.
Nordic meter belongs to this category of meters and
is commonly used by the broadcast companies in the
Nordic countries. It was defined in 1974 in a
technical document authored by the different national
broadcast institutions [12]. Since its definition,
Swedish Television (SVT) has conformed to EBU
Tech 3205, and that alters some of the characteristic
originally attributed to the Nordic meter.

2.

METHOD

In the experiment, the different meters were
measuring a sequence (video + audio) of cuts that
would be normally occurring in television newscasts.
The sequence existed in two versions: the original
without additional dynamic processing and a version
where each cut within the sequence was subjected to
normalization of the audio level. Subjects were
monitoring each meter and were instructed to adjust
the audio level according to the recommendation
associated with the particular meter. The fader
movements were recorded and analyzed.

2.1. Factors under investigation
2.1.1. Meter
The most important factor under investigation
Meter. Four meters were evaluated. They belong
one of two different recommendations according
Table 1. All meters were software-based plug-ins
type RTAS, running on a Pro Tools platform.
Meter

Definition
Technical
recommendation N9
[12]+EBU Tech
3205-E [11]

Nordic
Momentary
Short term
Combined

1.3. Importance of loudness prenormalization

BS.1770 +
R 128

is
to
to
of

Recommendation
Technical specifications
for transmission on
Sveriges Television [13]
R 128

Table 1 Meters under investigation

In the present situation at SVT, engineers have to
deal with large audio level differences in edited video
files for live news shows. There is no possibility for
pre-listening. If the major audio level differences
between video segments were adjusted beforehand,
the engineer would have to compensate less for
differences. This might give positive effects
regarding audio level alignment like less fader
moments and less variability in fader position
etcetera. To investigate how pre-normalization
according to R 128 affects the actions of the engineer
regarding level adjustments, this was added as a
factor in the experiment.

Nordic, Momentary and Short term meter were
implemented by zplane1 with PPMulatorXL (build
1773, 32 bit). Vertical bar graph display was chosen.
For the two R 128 meters, calibration was set to -23
LUFS and scale markings were presented as LU
relative to reference. Integrated loudness value was
always shown as number on top of the meter and was
automatically reset at the start of a sequence. For
Nordic meter, over level indication was set to +9 dB,
peak hold to 2 s and over hold to 0.5 s (preset
settings). See figure 1 and 2.

1

http://www.zplane.de/
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Combined meter was implemented by Nugen Audio2
with VisLM-H (v.1.5.1.0). This shows Momentary
values as a bar graph and Short term values as a
triangular mark on the side of the bar graph. One area
of the meter displays the Short term values like a
plotter, keeping the values from the most recent time
within view. Resolution of scale markings was set to
0.5 dB. History window was set to display 30
seconds.

Integration time, fallback time and scale markings
are summarized for all meters in Table 2. A
fundamental difference in properties is also that all R
128 meters are based on BS.1770 loudness algorithm
whereas the Nordic meter is based on amplitude
without spectral filtering.
Meter
Integr. time
Fallback time
Range
Nordic
10 ms*
24 dB/2.8 s
-42/+12 dB
Momentary
400 ms
Short-term
3s
NA
-18/+9 LU
Combined
NA
*Integration time for the quasi-PPM meter has a different
definition than for the other meters. Here integration time is
defined as the time to reach – 2 dB below a reference for a tone
burst (1 kHz sine) when the level of the reference is measured
for a continuous tone. In practice the level of the continuous
tone has settled within a few seconds. For the other meters
integration time is defined as the length of a square sliding
window.

Table 2

Properties of investigated meters.

2.1.2. Loudness pre-normalization

Figure 1 Nordic, Momentary and Short term meters

In the pre-normalized version of the sequence, the
audio level of each cut (see 2.4 for detailed
definition) was adjusted according to R 128. The
different cuts were each normalized to -23 LUFS
using
integrated
measurement.
The
label
Normalization will be used for this factor.

2.2. Setup
A room used as radio broadcast studio was used. A
measurement of frequency response was made for the
listening position and some treatments were made to
come as close to a linear response as possible. Two
Genelec 8040A were used in a standard symmetric
triangle stereo setup. Distance between speakers was
120 cm.

Figure 2 Combined meter

2

http://www.nugenaudio.com

Video from news broadcast sequences was shown on
a 19”, 4:3 monitor. The monitor was placed in the
middle in between the speakers. All software meters
were aligned to the upper left corner of the screen.
Only one meter at a time was presented to the subject
in the experiment. Video window was aligned to
upper right corner. Meters were scaled so that
measured distance between top and bottom values on
meters were the same (see table 2).
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A 100 mm digital fader control was used (Presonus
Faderport3). The fader control samples fader level
with a resolution of ten bits. RME Fireface 8004 was
used as soundcard. Video and audio playback was
controlled from Avid Pro Tools5 software on a
MacBook Pro6. The supervisor for the experiment
used the computer’s monitor for controlling Pro
Tools, whereas the external monitor was showing the
relevant content to the subject.
Technical guidelines [13] at Swedish television was
used for setting audio playback level. A fixed
playback level of 57 dB(C)/channel was set for all
subjects. The stimuli used for calibration was the
newsreaders dynamically reduced voice (taken from
a real broadcast). The level corresponded to 56-60
dB(A) to the listener for the sound of the newsreader.

2.3. Subjects
There were in total 36 subjects participating. 24
subjects were employed at SVT. They were all
professionally working with audio in broadcast. 12
subjects were students at Luleå University of
Technology studying sound engineering. All subjects
participated voluntarily.

2.4. Stimuli
The stimuli consisted of a video sequence with
authentic news material that had previously been
broadcasted by SVT. The sequence had been edited
to a for the experiment proper duration of two and a
half minute. The sequence included in its final form
ten cuts. A cut will in this context be defined as a part
of video where the audio comes from one and the
same source, and has been processed in one and the
same way. Only voices were used as audio except the
first cut containing a jingle. A criterion for a cut is
also that it may only contain one voice. This criterion
was set up to make a sound as consistent as possible
within a cut. Between cuts the sound may vary
widely with regards to level, compression and timbre.
3
4
5
6

http://www.presonus.com
http://www.rme-audio.de
http://www.avid.com
http://www.apple.com

Video signal were taken from a recorded reference
from the broadcast. Some of the “broadcasted audio”
was then exchanged for the audio on editors’ tapes to
recreate the wide differences that the engineer has to
deal with in a live situation.

2.5. Procedure
The subjects were presented an introductory text
explaining the scope of the study, procedure and the
two different recommendations that will be present at
times during the experiment. The texts for the
recommendations are presented in table 3. For R 128
a verbal clarification was made that audio level
should average around 0 LU for the session as a
whole. The subjects filled in a demographics form
and complementary questions were asked about their
background. For the professional group, the questions
addressed duties and to what extent the engineer had
experience in live broadcast. For students, the
questions addressed what parts in education
regarding broadcast had been accounted for and if the
student had experience in live broadcast. For both
groups questions were asked about former experience
of any of the meters in the test.
After introduction a training session was performed.
The subject got to level adjust a training sequence of
two minutes. This was repeated once for each meter.
The purpose was for the subject to get acquainted to
the listening level, the response of the fader and the
behavior of the different meters.
SVT
R 128

Normal speech should be leveled to
between +0 dB and +6 dB. Audio peaks
may not exceed +9 dB.
Audio should be leveled around 0 LU for
the session as a whole.

Table 3 Texts with recommendations as presented
to subjects. (Translated from Swedish.)
The main session consisted of a video sequence that
was different to the training session sequence. A
round consisted of that the subject ran the main
session sequence once for the selected meter. This
was repeated for each meter. The order was
randomized but it was checked that each meter was
represented equally many times at all order positions
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(as far as possible). The subject also made two
additional rounds with two of the meters chosen
randomly. These rounds were loudness prenormalized. Half the subjects did the pre-normalized
versions before the non pre-normalized and vice
versa. It was checked that all meters with this
condition were equally represented in the long run (as
far as possible). After each round the fader was set to
0 dB with motorization.
After each round the subjects reported their
experiences by means of two assessment scales. On
one continuous scale the subject rated to what extent
they believe they based their level adjustments on
either the auditory cues or the visual cues from the
meter. After all rounds an interview was performed.
The purpose was to catch perceived qualities of the
different meters in terms of how helpful they were to
the engineer. Assessment scales and interview was
made for future purposes and will be analyzed in a
forthcoming paper.
Total time per subject including all parts was
approximately one our. The interview could at times
lengthen this.

2.6. Exporting data
Fader automation data was exported from Pro Tools
using an ordinary audio bounce. First, a reference
waveform was created in Matlab consisting of
positive values representing -18 dB. This waveform
was imported in to Pro Tools. When this reference
waveform was played back together with fader
automation a new waveform was created consisting
of fader values at a sampling frequency of 48 kHz.
The resolution in time for automation data within Pro
Tools is unknown but parameter thinning was set to
none to achieve best possible data.

Section 3.2 describes how the parameterized data was
analyzed with ANOVA followed by post-hoc tests.
Here, the results will be presented together with
confidence intervals. Since much of the discussion
deals with differences between performances rather
than absolute measures, detailed presentation of
certain values is omitted in favor of showing the
significant differences.

3.1. Processing fader data
The raw data collected consisted of fader level values
exported from Pro Tools at 48 kHz sampling
frequency. Further processes were made in Matlab.
To facilitate calculation times, fader data was thinned
by keeping samples at a rate of 100 Hz. Conversion
was then made to dB, where zero dB coincides with
the zero dB mark on the fader control. This fader
level data will be labeled Fader data.
From this data, mean was calculated for each
sequence. This measure will be labeled Mean fader
level.
In order to collect the magnitude of the variability of
fader movements, standard deviation was calculated
on Fader data. First standard deviation was calculated
for each cut. Then a collective value was calculated
for each sequence taking the pooled standard
deviation from all 10 cuts within the sequence. This
measure will be labeled Fader variability.
To understand on how much the fader was moved,
the sum of absolute values of the differences between
all adjacent data points in Fader data was calculated
for each sequence. This measure will be labeled
Fader movement.

3.2. Analysis
3.2.1. ANOVA

3.

RESULTS

The raw data collected consists of fader level data, i.e
the position of the fader. Different procedures like
conversion and parameterization are necessary before
a meaningful discussion on the results may take
place. They are described in section 3.1.

A set of ANOVAs was made to investigate the
effects of the factors Meter, Round and Subject. This
was followed up with post-hoc tests using 95%
Tukey HSD intervals. The post-hoc tests resulted in
three tables (Table 4, 5 and 6), one for each
dependent variable of interest. The variables were
Mean fader level, Fader variability and Fader
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movement. Data was filtered to only contain data
with non-normalized sequences. The analysis was
made on all subjects, without exclusion of extremes.
In all figures throughout section 3.2, 95% Tukey
HSD intervals are plotted.
At all places where the term meter is used it refers to
both
the
meter
and
it’s
corresponding
recommendation.
Source
Meter
Round
Subject
Meter *
Round
Residual
Total
(corr.)

SS
24.4459
1.6905
89.2397

Df
3
5
35

6.156
45.3883
180.715

143

Table 4

Source
Meter
Round
Subject
Meter *
Round
Residual
Total
(corr.)

F-Ratio
15.26
0.63
4.77

P-Value
0.0000
0.6749
0.0000

15

0.4104

0.77

0.7078

85

0.5340

3.2.2. Mean fader level
The Nordic meter scored significantly higher for
Mean fader level compared to Momentary and
Combined meter (p < 0.001). (Table 4 and Figure 3.)

Type III Sums of Squares for Mean fader
level

SS
0.1866
5.0683
2.0877

Df
3
5
35

Mean Sq.
0.0622
1.0137
0.0597

F-Ratio
4.53
73.92
4.35

P-Value
0.0054
0.0000
0.0000

0.0768

15

0.005

0.37

0.9825

1.1656

85

0.0137

8.7350

143

Table 5

Source
Meter
Round
Subject
Meter *
Round
Residual
Total
(corr.)

Mean Sq.
8.1486
0.3381
2.5497

Round on Fader level and Fader movement. Subject
was also found to be a significant factor.

Type III Sums of Squares for Fader
variability

SS
5707.29
5421.02
334057

Df
3
5
35

Mean Sq.
1902.43
1084.2
9544.49

F-Ratio
8.02
4.57
40.23

P-Value
0.0001
0.0010
0.0000

1778.5

15

118.567

0.50

0.9345

20167.4

85

237.263

420354

143

Table 6

Type III Sums of Squares for Fader
movement

As indicated by the ANOVA, significant effects are
found for Meter on all dependent variables, for

1 – Nordic
2 – Momentary

3 – Short term
4 – Combined

Figure 3 Mean fader level as dependent on Meter
The difference between the Nordic meter and the R
128 based meters was expected since Tech 3205 and
R 128 specifies different reference levels. Since R
128 introduces more headroom compared to Tech
3205, one expected the former to give lower levels in
general. However, results will greatly depend on the
audio content, and it is difficult to draw general
conclusions regarding this. What is more interesting,
are the differences found between the R 128 meters.
Short term meter scored significantly higher than
Momentary and Combined meter. The explanation
for this could be that the Momentary meter is a fast
meter, and when the meter scores high for dynamic
content, the engineer pulls down the level. This could
be a reflex from many years of usage of Quasi-PPM
meters. Also, the engineer might not be used to think
in terms of average level. Third, it might actually be
hard to evaluate what the average level is on a fast
loudness meter.
Worth to note in Figure 3 is also that the mean for
Combined meter does not differ significantly from
Momentary meter, whereas both of these differ from
Short time meter. The Combined meter had
Momentary information displayed as a bar graph

AES 134th Convention, Rome, Italy, 2013 May 4–7

Page 7 of 12

Allan and Berg

Evaluating R 128 – analyzing fader movements

whereas Short term information was shown as a
relatively small triangular mark at the side of the bar
graph. The short term level information is in this way
given less area in the graphical presentation than the
momentary level and this may imply that the
momentary level receives more attention from the
engineer and thereby gets a larger influence on the
engineers decisions. This may explain why the
combined meter differs from the momentary meter
and why the short term meter is significantly
different from those two. The way data is presented
in combined loudness meters and how this affects the
engineer is a subject that could be explored further.

3.2.4. Fader movement
The total amount of fader movement was calculated
for all sequences. Figure 5 shows the difference in
amount of movement for each meter. For the
combined meter the fader was moved the most. This
was found to be significant (p < 0.001). (Table 6.)

3.2.3. Fader variability
The Combined meter differs significantly from
Nordic and Momentary meter regarding Fader
variability (p < 0.01). (Table 5 and Figure 4.)
This result suggests that the subjects are deviating
more from the Mean fader level of the cuts within the
sequence for the Combined meter than for the other
meters. Short term meter is not significantly different
from the Combined meter. Nordic, Momentary and
Short term meter are not significantly different from
one another. (Figure 4).

1 – Nordic
2 – Momentary

3 – Short term
4 – Combined

Figure 5 Fader movement as dependent on Meter
The values on the y-axis reflect the sum of
movements in decibel. However, the absolute
magnitude of movement is of less interest; When
comparing the values from a relative point of view,
interesting results emerge.
Why is the combined meter inducing more fader
movements? If movements are based on what is
heard, the result should be similar regardless the
choice of meter. The explanation should thus be that
these movements are triggered visually. In the case of
the Combined meter, several streams of information
are displayed simultaneously. A tentative explanation
is therefore that the more information streams
available to the engineer, the more fader movements
are incited. This has to be investigated further before
it should be considered as an established fact..

1 – Nordic
2 – Momentary

3.2.5. Comparing Mean fader level to
recommendation

3 – Short term
4 – Combined

Figure 4 Fader variability as dependent on Meter
In order to analyze the Fader levels’ compliance to
the R 128 recommendation for the R 128 group of
meters, loudness measurements were made to assess
what adjustment should be made to each cut to
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measure 0 LU. These are the same values that were
used in the normalization process. To get a value for
the whole sequence, the ten results were then
weighted with the length of each cut. The mean of the
weighted measures was -1.5 dB. Looking at Figure
3, it seems that Short term and Combined meter, with
means of -1.3 dB and -1.9 dB, are quite close to the
recommendation, whereas the Momentary meter,
with a mean of -2.1 might be slightly on the low side.
When assessing these values it is valuable to have in
mind that the R 128 recommendation allows
deviations of ±1 dB from recommended levels for
live shows. Based on the mean across subjects, all R
128 meters comply to the recommendation. However,
there may still be individual subjects or individual
cuts that may violate the recommendation.
For the Nordic meter, it is hard to draw conclusions
on how close to the recommendation the mean is.
The recommendation is simply not based on mean
values, and the reference of “normal voice” is too
vague to analyze in an objective way.

3.2.6. Loudness pre-normalization
Another set of ANOVAs was made to investigate the
effect of pre-normalization. The factors were Meter,
Normalization and Subject. The analysis showed
significant results on the three factors for all tested
dependent variables, Mean fader level, Fader
variability and Fader Movement (p < 0.01). However
only Fader Movement will be of interest here. The
results show that there are 11.2 dB in less movement
for the normalized condition compared to the nonnormalized. The significance was expected and
confirms that the engineer compensate less for
differences when the material is pre-normalized.

Figure 6 Fader movement as dependent on Round
It’s highly probable that the subjects learn the
sounding material during the repetitions which may
result in less over-compensation of level changes at
the transitions between cuts An additional
explanation could be that the subjects get more
confident in using the meters during the course of the
experiment, thus getting a more relaxed attitude to
the meter indications. After all, most subjects had
never used the loudness-based meters before the
training session. Some subjects reported that they got
used to the meters during the experiment, which
supports the latter explanation.
Regarding the larger confidence intervals for round
one, two, five and six: This ANOVA was only made
on the non-normalized conditions. Since round one
and two or round five and six were used to present
normalized conditions in turns, there were simply
less data points available in these rounds for nonnormalized conditions.

4.

DISCUSSION

4.1. Implications of results

3.2.7. Learning effects
The effect of Round on Fader movement was
checked to look for possible learning effects. Figure 6
shows a clear pattern that less movement was made
each time the sequence was run. This was significant
(p<0.01).

It was expected to find significant effects for the
Quasi-PPM type Nordic meter when compared to the
loudness meters. These effects are easy to explain.
Significant effects were in this study also found
between different implementations of R 128. These
founds pose more questions.
For Mean fader level, the Combined meter was in the
same homogenous group as the Momentary meter but
differed significantly from the Short term meter.
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Does this result hold for all Combined meters? As
mentioned in the introduction, the design of those
meters may vary widely, and many implementations
present Momentary and Short Term information
streams in different ways. This might mean that one
information stream may affect the engineer more than
another, depending on their respective visual impact.
The result could also be explained by the engineer’s
choice. When two modes were available, the engineer
might have chosen to go by the Momentary meter for
one reason or another. It would be interesting to
evaluate a Combined meter where both Momentary
and Short term values are displayed as bar graphs.
The faster movement of a momentary level display
might also affect the engineer’s attention.
The combined meter induced significantly more
movements than the other meters and had
significantly higher variability than the Nordic meter
and Combined meter. One possible explanation for
this is the more information displayed in the
Combined meter. Perhaps each graphically presented
information stream may induce a response of action
from the engineer. It would be interesting to explore
further the reason behind the result.
The fact that different implementations of R 128 give
significantly different Mean fader levels raises the
question what meter to use to get closest to the
recommended level in a live situation. The
differences are in this case small, approximately one
decibel and less, and will probably not be critical for
practical usage. The fact that there is a difference
might be scope for further studies, investigating in
what situations one meter may be more suitable than
another. This effect could perhaps be even smaller
when the engineers get more experience of the
meters.

4.2. Evaluation of method
4.2.1. Biased experience of meters
One must have in mind that two thirds of the subjects
have long experience in using the Nordic meter but
very little experience with the loudness meters.
Therefore conclusions regarding differences between
the Tech Tech 3205 based meter and R 128 meters
must be done with this in mind.

4.2.2. Learning effect
A learning effect was the result of a repeated
measures deign. This effect could obscure the effect
of other factors of interest. However, it seems that
randomization in procedure was successful and that
the ANOVA successfully found several significant
effects besides the effect for Round.

4.2.3. Displayed integrated value
The integrated loudness value was shown in numbers
at all times. It was always reset at the start of a
sequence. In the beginning it fluctuates more and as
the sequence progresses stabilizes more and more.
The impact of this presentation is hard to tell but it
shouldn’t be out ruled that it could affect the results
in unpredictable ways.

4.2.4. Listening level
Some engineers were uncomfortable with not being
able to set the listening level. They were, as they
described, highly dependent on a personal listening
level to be able to use their ears as reference. This
choice might affect the results.

4.2.5. Usefulness
The method seems strong enough to find significant
effects. There is no possibility to evaluate a single
meter to some absolute criteria. Instead the method’s
strength comes forward when comparing meters. The
effects found give other perspectives on meter
evaluation than former methods and may
complement these. Especially when trying to
understand the interaction between meter and
engineer. There is definitely room for improvement,
either by more control over the stimuli or by
analyzing at more detailed levels of data. As an
example, the individual cuts may be analyzed with
regards to dynamics or spectral content-. It might in
this case also tell us things about the cuts.
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4.3. Future work
4.3.1. More parameters
More parameters like Subjective target level,
Subjective target adjustment time and Overshoot are
planned. They will, to begin with, be used to analyze
the data already collected in this study.

4.3.2. Importance of experience

6.

It might be interesting to see how experience as a
factor might affect the results. Data on experience
from professionals and students were collected to be
able to do this analysis later on.
In this study engineers had very biased former
experience of the meters. It would be interesting to
do a follow up some years from now, either with the
same group of subjects or with any group of subjects,
when R 128 has been the chosen recommendation for
some time.

4.3.3. Correlation of subjects
assessments
In the assessment data collected from the subjects,
there may be clues to what is happening. One of the
assessment scales asks to what degree the subject
thought he based his actions on auditory stimuli
versus visual stimuli. This could be valuable for
understanding the larger amounts of movements
induced by the Combined meter. Analysis of
assessment scales and interviews will be subject for
future work.

5.

alongside with a history graph induced more fader
movements than other meters. It’s important to say
that these results are derived from subjects with little
or no former experience of loudness meters. The
results show that meter and corresponding
recommendation do have an impact on the engineer’s
actions. The method was found useful and may
complement other methods to give more perspectives
when evaluating audio meters.

SUMMARY

A method was proposed for evaluating audio meters.
Four meters were investigated, three different
implementations of R 128 and one implementation of
EBU Tech 3205-E. Data was collected through
recording of the engineers fader movements in a
simulated live broadcast show. Analysis of the data
with ANOVA and post-hoc tests showed several
significances. Short term meter had higher mean than
other tested R 128 meters. A combined meter
showing both Momentary and Short term values
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ABSTRACT
The EBU recommendation R 128 regarding loudness normalization, is now generally accepted and countries in
Europe are adopting the new recommendation. There is now need to know more about how and when to use the
different meter modes, Momentary and Short term, proposed in R 128, as well as to understand how different
implementations of R 128 in audio level meters affect the engineers’ actions. A method is tentatively proposed for
evaluating the performance of audio level meters in live broadcasts. The method was used to evaluate different
meter implementations, three of them conforming to the recommendation from EBU, R 128. In an experiment,
engineers adjusted audio levels in a simulated live broadcast show and the resulting fader movements were recorded.
The movements were parameterized into “Fader movement”, “Adjustment time”, “Overshoot”, etc. Results show
that the proposed parameters produced significant differences caused by the meters and that the experience of the
engineer operating the fader is a significant factor.

1.

INTRODUCTION

The EBU recommendation, R 128 – Loudness
normalisation and permitted maximum level of audio
signals [1], bases audio level metering on loudness
definitions according to ITU-R BS.1770 [2]. Studies
have shown that if levels are adjusted in this way, more
evenly perceived audio levels are conveyed to the
audience [3][4]. The R 128 recommends three metering
modes that utilize algorithms with different

measurement time windows: Momentary (400 ms),
Short term (3 s) and Integrated (entire program)
loudness [5]. Now, when R 128 has been generally
accepted and countries in Europe are adopting the new
recommendation, there will be some need to know more
about how to implement the new recommendation in
audio level meters. Implementation decisions may
include what information to present to the engineer and
the graphic design of the information. Examples of such
decisions are which of the three modes or combinations
thereof to show and which visual aids (e.g. arrows,
needles or bars of different colors) should be used. Also,

Allan and Berg

Parameterization of fader movements

the inclusion of historic loudness data to the audio level
meter may have an affect on the engineer’s actions. We
need to know more about the effect of different choices
when implementing R 128 in loudness meters, for
example meters that combine different metering modes
and also how the meters compare with earlier meters, of
type quasi-PPM, that are well-know to engineers. All
these questions will not be answered in this paper, but
the aim here is to explore the ability of a proposed
method to deal with questions like these.
It has been shown that live meters (i.e. meters
employing momentary or short term measurement) are
harder to evaluate compared to meters that measure
integrated loudness. Studies have been performed where
engineers evaluated different meters subjectively.
Soulodre and Lavoie also have explored different
methods to evaluate live meters that collect data in other
ways than from verbal data. In [6], three different
approaches are suggested. One approach, that was
further explored in [7], compares meter performance to
a reference created from a group of subjects adjusting
the audio level in real time. In order to study the
performance of live meters, methods for quantifying
engineers’ response to different audio level meters have
to be developed and refined. The authors attempted such
an approach where the aim was to devise a method that
accounts for how different meter algorithms and
presentation modes affect the engineer's actions and
subsequently the resulting audio levels. In short, this
was accomplished by engaging audio engineers in a
setting similar to live broadcasting where fader
movements were recorded followed by a subjective
assessment of the task and an interview [8]. Some of the
results were presented in [8]. One aim of this approach
was to strive for high ecological validity as the fader
movement data was generated by subjects performing a
task that is frequently occurring for an audio engineer.
This paper continues the previous work and defines and
explores some different parameters that may account for
differences in level adjustments caused by different
meter implementations. The current work also reports
on further results from applying the proposed method
for evaluating live audio meters. In the previous paper,
data from fader movements was parameterized to
parameters like Mean fader level (i.e. fader position),
Fader variability (standard deviation of fader positions)
and Fader movement. The results, as dependent on the
meter used, from the former analysis include:
• Significant but small differences in Mean fader
level.

• Larger amount of fader movements was found
for a combined meter that showed more
information simultaneously (two different
integration times and a 30 second history
plotting) than the other meters.
• Differences in Fader variability.
This paper extends the analysis of the previous
experiment by incorporating more experimental factors
and more data points. Experimental factors now include
Normalization (to test the impact of loudness prenormalization prior to the live audio level compensation
in broadcast) and Experience (subjects categorized as
professionals or students). With the inclusion of
Normalization follows the inclusion of all data points
registered as normalized. Those were filtered out in the
previous paper. Also, three more parameterizations of
fader data have been added; Target level, Adjustment
time and Overshoot. In addition, the subjects assessed a)
how they experienced that they weighted the balance
between visual and auditory cues in their actions of
audio level compensations and b) the perceived
difficulty of using the different meters.
2.

FADER DATA PARAMETERIZATIONS
AND TASK ASSESSMENT

2.1.

Overview

The fader data parameterizations and task assessment
scales will together form the dependent variables in the
experiment to follow. The parameters are Mean fader
level, Fader variability, Fader movement, Adjustment
time and Overshoot. The task assessment includes
Difficulty and Visual/auditory weight. An overview of
all dependent variables is found in Table 1. The
dependent variables that were not included in [8] will
also be described in detail below (section 2.2 and 2.3).
To be able to follow the descriptions in section 2.2 and
2.3, two concepts need to be defined. Program element,
in this text often shortened as element, is defined as a
part of a video track where the audio stream is
consistent. Consistent audio stream in this case means
that the acoustical sound source remains the same and
no change occurs in technical equipment or settings (i.e.
there is no alterations of microphone(s) or other
technical equipment and all audio settings remain the
same.) The element may however include video cuts of
insert type (i.e. a part of a video track is exchanged for a
period of time whilst the audio track remains unaltered.)
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Program sequence, shortened as sequence, is defined as
the composition of several program elements.
2.2.

Fader data parameterizations

The dependent variables Mean fader level, Fader
variability and Fader movement were analyzed in an
earlier work by the authors [8]. Target level, Adjustment
time and Overshoot are new parameters, defined in this
paper. The algorithm behind these parameters should be
seen as a first step, a trial or suggestion, to assess some
different qualities in the performance of the engineer as
dependent on the meter and other experimental factors
of interest. All fader data parameterizations are
measured in dB units. Figure 1 may assist the reader
through section 2.2.

Figure 1 Symbolic representation of Fader level data at
the transition between two program elements.
2.2.1. Target level
Purpose
Target level is necessary to calculate before it is
possible to calculate Adjustment time and Overshoot
(2.2.2 and 2.2.3) and will not be analyzed further as a
dependent variable for the time being. To be able to use
the concept of Target level, some assumptions must first
be made. For a single program element with a consistent
audio stream (as defined in section 2.1) it is assumed
that any subject may find the optimal individual Target
level. For wide loudness variations in an audio source
this means that the engineer may move the fader around
a mean level if the engineer wants to counteract for too
large dynamics. For small loudness variations, this
means that the fader could be held completely still at a
preferred level. An important criterion is that the
reasons for level adjustments could be completely
explained by the loudness variations of the original
acoustical source and not to other changes in the audio

stream caused by e.g. different gain settings. In the
following experiment, the criterion for a consistent
audio stream has been fulfilled within each element.
Each element is thus consistent with regards to
acoustical sound source, microphone gain, equalization
and compression. However, one element may vary
widely from another regarding these matters. This
means that there will be leaps in loudness between
elements as a result of the different audio streams.
When the transition from one element to the following
occurs, these loudness differences will probably induce
an audio level compensation that will show some
latency due to the subject’s reaction time and progress
for some unknown time.
Calculation
The calculation is done for each element in all
sequences for each subject. First the point when level
equilibrium has been reached has to be found. We here
use the mathematic definition of Trend in Matlab [9].
Only trend calculation of the first-degree polynomial is
of interest. Trend is calculated for all fader level data
points. The sign of the result is stored. Then one data
point at a time, taken from the beginning, is omitted and
a new trend value is calculated. The procedure is
repeated until the calculated trend value has the opposite
sign from the first calculated trend. This will mean that
the single polynomial trend function has just passed a
zero crossing. At the time where the trend calculation
gives zero, no slope is seen in a first degree polynomial.
This will be interpreted as that no audio level
compensation is taking place caused by loudness
differences between the present program element and
the former. The data point right after the time of the
zero crossing will be called Time to equilibrium, or
TTE. A mean is calculated from the data points
beginning from TTE till the end of the element. This
mean will constitute the Target level. The algorithm
behind Target level will also serve as the first step when
calculating Adjustment time and Overshoot.
2.2.2. Adjustment time
As for Target level, this calculation is first done for each
element in all sequences. To calculate Adjustment time,
one starts with the values derived from the calculation
of Target level. The value (i.e. Fader level) of the very
first data point of the element will be called Start value.
The difference between Start value and the value at TTE
is calculated. Difference is then multiplied with 0.1.
This value is used to create an acceptance span for when
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Target level is considered to be reached. In practice this
corresponds to when 90 % of the movement from the
starting point to the Target level has been carried out.
The Fader level data points are then scanned from the
beginning of the current element. The data point that is
the first to be within the acceptance span is called Time
to target level, or TTT. Adjustment time is now defined
as the time between start of the element and the data
point that occurs first of TTE or TTT. Adjustment time
for each sequence was acquired by taking the mean of
all elements within each respective sequence.
2.2.3. Overshoot
Overshoot is calculated for each element in all
sequences performed by subjects. Calculation of Mean
target level and Adjustment time must first be
performed for the element. Then the direction of change
is assessed. This is done by comparing Target level to
the fader level found at the start point. For a positive
shift in level, then the maximum fader level that occurs
between Start point and the latter point of TTE and TTT
is assessed. If this value minus Target level is positive,
the absolute of the difference is taken as the Overshoot
value. Otherwise Overshoot value will be set to zero.
For a negative shift in level one instead assesses the
minimum level occurring between Start point and the
latter point of TTE and TTT. The absolute of the
difference is between the found minimum level and
Target level is then calculated (and set to zero if level
does not drop below Target level). Of course, in the
latter case where level drops from one element to
another, one may instead label the excessive movement
as Undershoot. Parameters Overshoot and Undershoot
may be treated in isolation and analyzed separately, but
for the purpose of this paper, both concepts will be
treated together as Overshoot. A value for Overshoot for
the whole sequence is acquired by taking the mean of all
element values in the sequence. It is worth mentioning
that calculating the sequence value by taking the mean
of element values will have the effect that the number of
zero-values in a sequence (i.e. elements with no
Overshoot) will have impact when comparing values for
sequences.
2.3.

Task assessment

A task assessment is proposed to gain information about
the subjects’ experiences of the different meters. This
may complement the parameters to give a richer
understanding of the meters and the effect of using
them. In the task assessment, for both assessment scales,

the instruction was given that subjects may mark at any
place on the scale, not just at the scale labels. Here
follows descriptions of the questions, translated from
Swedish. All subjects' assessments were coded from 0
to 100.
2.3.1. Difficulty
The perceived difficulty of the task was examined by
asking:
"How do you perceive the difficulty? – The
difficulty should be understood as how difficult it
is to adjust for even [audio] levels and follow a
recommendation
with
the
measurement
instrument at hand and the material that is
played back".
The scale had markings equidistantly: very easy – easy
– average – difficult – very difficult. A verbal
clarification was also made that they should treat audio
levels exactly as they would do in a real broadcast
show, i.e. how they would like to deliver the audio to
the audience.
2.3.2. Auditory/visual weight
The perceived auditory/visual weight assigned to the
task was examined by asking:
"To what extent do you let the eye decide from
what the measurement instrument reads and to
what extent do you let the ear decide from how
loud you perceive the audio? – 100 % perceived
audio level corresponds to a situation where you
have no meter at all. 100 % measurement
instrument corresponds to a situation where the
audio is switched off and you only have meter to
go on".
The scale had markings equidistantly: 100 %
measurement instrument – 50/50 – 100 % perceived
audio level.
3.

METHOD

3.1.

Experimental design

The method and experiment that are the basis for the
analysis of the proposed parameters in this paper is
covered in the previous paper [8]. A shorter summary of
the method will follow and readers who want to know
more about the details are directed to the earlier
publication. However, some details that were not
discussed before and that will have special importance
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for the following analysis and conclusions will also be
addressed.
Engineers adjusted audio levels on sequences of
authentic broadcast material as if running a live
broadcast show. The fader movements were collected
by recording the fader positions at 10 ms time intervals.
This constituted the Fader data. The Fader data was
parameterized to different characteristics: Mean fader
level, Fader variability, Fader movement, Adjustment
time and Overshoot. Data was also collected through
subjective task assessment scales, labeled Difficulty and
Visual/auditory weight (section 2.3). The parameterized
fader data as well as the assessment scales constitute the
dependent variables in the analysis. An overview of all
dependent variables is found in Table 1. One data point
for each of the dependent variables was acquired for
each sequence performed by a subject. The presentation
order of the sequences was coded and analyzed as factor
Round.
Dependent
variable
Fader data
parameterizations
Mean fader level
Fader variability
Fader movement
Adjustment time

Overshoot
Assessment scales
Difficulty
Visual/auditory
weight

Short description

The mean taken from all fader
positions
The standard deviation calculated
on all fader positions
The sum of all fader movements
disregarding direction of
movement.
The time for the subject to reach the
new target level when a transition
between to program elements has
occurred
Possible excessive movement as
result of a level shift between
elements
The perceived difficulty
The perceived weighted balance
between visual and auditory cues
for the decision of level adjustment

Table 1 Overview of dependent variables. All fader
data parameterizations are measured in dB units. All
assessment scales are coded from 0-100.
The independent variables in the form of the
experimental factors are found in Table 2 and explained
below.

Factor
Meter
Round
Subject
Experience
Normalized

Table 2

Levels
Nordic, Momentary, Short term, Combined
1-6
1-32
Professional, Student
Yes, No

Experimental factors and their respective
levels

Four meters were used. Three of them were
implementations of R 128. Two of the implementations
represented the proposed measurement time windows:
Momentary (400 ms) and Short term (3 s) loudness [5].
One of them represented a Combined meter where both
Momentary and Short term loudness were shown
simultaneously as well as a running 30 seconds history
view plot. The fourth meter chosen, the Nordic meter, is
commonly used by the broadcasting companies in the
Nordic countries, the Nordic meter. This meter was set
to comply with the former, now superseded but still in
use, recommendation from EBU regarding quasi-PPM
measurement: Tech 3205 [10]. The four meters will
constitute the four levels of factor Meter.
The stimuli consisted of an edited sequence of broadcast
material. The sequence was made in two versions. One
of the versions consisted of untreated audio levels
whereas the other version had each element in the
sequence adjusted in level according to integrated
loudness measurement as stated in R 128. This factor
will be labeled Normalized (consisting of levels Yes and
No). To lessen the risk of listener fatigue and because
other factors were prioritized by the authors, this factor
was not fully balanced in the study. Whereas each
subject confronted each of the meters in the nonnormalized condition (i.e. 4 rounds), only two meters
per subject were presented to each subject for the
normalized condition. These were chosen in a
randomized pattern with the control that possible
pairing were equally represented (as far as possible).
The subject adjusted audio levels for a total of six
rounds, each round consisting of one of the two
sequence versions and one of the four meter
implementations. The sequence order was analyzed as
factor Round.
A total of 36 subjects participated in the study. 24 of
them were professional sound engineers at Swedish
Television and Swedish Radio. 12 of them were
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students attending the sound engineering program at
Luleå University of Technology. These two groups will
be attributed a variable named Experience (consisting of
levels Professional and Student).
To analyze the results, one ANOVA was planned for
each dependent variable. The structure of these
ANOVAs is described in 4.1.1. Correlation tests
between all dependent variables were also planned. The
results from those will however not be completely
reported but instead presented in the discussion where
appropriate. A short interview with the subjects was
performed individually to collect possible explanations
for certain results.
3.2.

Important differences in experimental
setup

There were differences in the experimental setup for the
professional group and the student group. It was
desirable to get the conditions similar but two different
localities and practical reasons made the experimental
setup somewhat different between the two groups. One
difference was the monitoring system. For the
professional group, Genelec 8040A loudspeakers were
used whereas for the student group, Genelec 1031A
were used. For the professional group the distance
between the loudspeakers was 1,20 m whereas for the
student group the distance was 1,00 m. The distance
between loudspeakers and subject was matched
correspondingly to get a standard symmetric triangle
stereo setup. The room area was larger for the
professional group (approx. 30 m2) than for the student
group (approx. 14 m2). The video monitor was a bit
smaller for the student group than for the professional
group, but distance to the monitor was compensating for
this.
3.3.

Processing fader data

The fader level data was exported from Pro Tools at 48
kHz sampling frequency and were then further
processed in Matlab. Fader level data was reduced by
keeping values at a rate of 100 Hz. Conversion was then
made to dB, where zero dB coincides with the zero
mark on the fader control. This fader level data will be
labeled Fader data. The fader data parameters found in
Table 1 were calculated. One value for each parameter
was derived for each sequence performed by a subject.

3.4.

Data analysis

Section 4.1 describes how the parameterized data was
analyzed with ANOVA followed by post-hoc tests. Here
the results will be presented together with confidence
intervals. Since much of the discussion deals with
differences between performances rather than absolute
measures, detailed presentation of absolutes is omitted
in favor of showing the significant differences.
The interviews will not be analyzed in this paper, except
for a few questions that were examined to be able to
explain or support some of the results that came up from
the ANOVA. The results from these interviews will be
presented at relevant places in section 5.
4.

RESULTS

4.1.

Analysis of variance

The Shapiro-Wilk and Kolmogorov-Smirnov tests was
performed on the residuals of the ANOVA model with
the change that subjects were omitted as an
experimental factor. Neither test could out rule the
possibility that the residuals belong to a normal
distribution.
4.1.1. Structure
One ANOVA was made for each of the dependent
variables (Table 1). Each ANOVA was based on five
experimental factors (Table 2) as main effects. The
factor Subject was treated as nested within the factor
Experience. This complies with the design of the test
where each subject may only belong to either group of
professionals or to the group of students. Three
interactions were also tested for, Meter*Experience,
Meter*Normalized and Round*Experience. Since only
Meter*Experience among the interactions showed
significant effects, a second set of ANOVAs was
performed where the two other interactions were
omitted. These latter ANOVAs are the ones that are
presented below and make up the basis for the
discussion and conclusions. Each ANOVA was
followed by Post-hoc tests using 95% Tukey HSD
intervals. All analysis was made in Statgraphics
software.
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Dependent variables

Experimental factors
Meter

Round

Subject

Experience

Normalized

Mean fader level

p<0.0001
[1 3]>[4]>[2]

p=0.4523

p<0.0001

p<0.0001
Prof.>Stud.

p<0.0001
Norm.>Origin.

Fader variability

p<0.0001

p<0.0001

p=0.4372

p=0.1244

p<0.0001

p=0.7015

p<0.0001

p=0.5857

p=0.0889

p<0.0001

p=0.0923

p=0.9398

Difficulty

p=0.0765

p=0.0236

p<0.0001

p=0.4086

p=0.1429

Auditory/visual
weight

p=0.0004
[3]>[1 4]

p=0.0527

p<0.0001

p<0.0001
Prof.>Stud.
p=0.0202
Stud.>Prof.
p<0.0001
Prof.>Stud.
p=0.0105
Stud.>Prof.
p<0.0001
Prof.>Stud.

p<0.0001
Origin.>Norm.
p=0.0024
Origin.>Norm.
p=0.3173

Overshoot

p=0.0002
[3 4]>[1 2]
p=0.0002
[4]>[1 2]
p=0.0412
[2]>[3]
p=0.0954

p=0.7407

p=0.3615

Fader movement
Adjustment time

Legend

Table 3

Meter*
Professional
p<0.0001
Prof:[1]>[3]>[2 4]
Stud: [3]>[2]
p=0.0699
p=0.1438

Meters: 1–Nordic 2–Momentary 3–Short term 4–Combined
Experience: prof.–professionals stud.–students
Normalized: Origin.–Original (non-normalized) Norm.–Normalized

Overview of ANOVA and post-hoc results (95% Tukey HSD). Shaded cells mean that a significant effect
was found at α=0.05.

4.1.2. Results from ANOVA and Post-hoc tests
An overview (Table 3) presents all p-values and
significant effects for all combinations of experimental
factors and independent variables. The results for the
post-hoc tests are also written in the table in a
condensed form.
The factor Subject generated significant effects for all
dependent variables. The other found effects will be
listed for each dependent variable. Interactions will be
dealt with separately in section 4.2.
Mean fader level – Nordic meter and Short term meter
showed a higher level than Combined meter that in turn
showed higher level than the Momentary meter.
Professionals had a higher level than students. The
normalized conditions scored higher levels than the
non-normalized.
Fader variability – Short term meter and Combined
meter had larger standard deviation for fader levels than
Nordic and Momentary meter. Round was significant.
The normalized sequence generated less standard
deviation than the non-normalized.
Fader movement – Combined meter generated higher
values for fader movements than Nordic meter and

Momentary meter. The professional group moved the
fader more than the student group. The normalized
sequence generated less fader movements than the nonnormalized.
Adjustment time – Momentary meter had slower
adjustment time than Short term meter. Students had
slower adjustment time than professionals.
Overshoot – Professionals had larger overshoots than
students.
Difficulty – Round was affecting difficulty. Students
perceived the task has more difficult than the
professionals did.
Auditory/visual weight – Subjects perceived that they
used the auditory stimuli to a greater extent, compared
to visual stimuli, in their decision making for the Short
term meter than for Nordic and Combined meter.
Professionals believed they used the auditory cues to a
greater extent, compared to visual stimuli, in their
decision making than students believed they did.
4.2.

Interactions

The interaction between Meter and Professional was
significant for Mean fader level. The post-hoc test
shows that professionals treat the Nordic meter in a
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different way than students. The Mean fader level for
the Nordic meter was significantly higher than for all
other meters in the professional group whereas for the
student group, the Nordic meter could not be discerned
from any of the other meters. An interaction graph is
shown in Figure 2. For Mean fader level, one more
difference between professionals and students could be
found. A significant difference between Short term
meter and Combined meter was only found in the
professional group.

Even if the main focus for this study was to test the
usefulness of a proposed method, there are some results
related to the different parameters that are worth
mentioning as well. Those results will be presented
below.
5.2.

Mean fader level

The fact that different meters generate different fader
levels was found in [8]. The Post-hoc results here
compared to the earlier analysis give the same results
regarding the meter subsets. The conclusion will be the
same as in [8]. It is not surprising that the Nordic meter,
a meter that complies with the EBU Tech 3205 differs
from any of the meters complying with R 128. It is
however of interest that the different meter modes of R
128 and/or different meter implementations of R 128
generate different resulting audio levels. The direction
of the differences found here should however not be
interpreted as true for all cases. The differences
probably depend on the audio stimuli used.

5.

ANALYSIS AND DISCUSSION

The fact that professionals set the audio level higher
than students is interesting. A closer look on the
interaction graph (Figure 2) shows that the difference is
found for the Nordic meter only. Two explanations are
suggested. First, this could be the result of a common
“in-house” norm that has developed during the course of
many years within the broadcasting company and at this
date does not fully comply with the specification on
paper. The second suggestion is based on the fact that
the professional group has used the Nordic meter for
their whole career (varying from 1-35 years) whereas
the student group has little experience of any of the
meters. How experience of a meter exactly influences
an engineer’s behavior is hard to tell from this, but the
latter suggests that the experience of a subject is an
important factor to consider when evaluating audio
meters.

5.1.

Method and parameterization

5.3.

N–Nordic M–Momentary S–Short term C–Combined

Figure 2 Interaction between Meter and Professional
(p<0.0001). The figure shows that the Nordic meter is
treated differently for the two categories of subjects,
Professionals and Students.
4.3.

Correlation tests

Correlation tests between all dependent variables were
performed. Of special interest for the discussion was the
moderate negative correlation between Adjustment time
and Overshoot (Pearson’s r = -0,5083).

The main focus for this study was to test the usefulness
of a tentatively proposed method to evaluate live audio
meters. Several significant effects were found in this
study. The engineers' audio level compensations
resulting from variations within the experimental factors
(e.g. meter implementation) showed to create different
parameter responses. Hence, the method is capable of
finding significant effects for parameters that are of
interest when evaluating live audio meters.

Fader variability

The results for Fader variability is somewhat different
than found in [8]. Here not only the Combined meter
deviated significantly from Nordic meter and
Momentary meter but also Short term meter follows this
pattern. As the current analysis both contains more data
points as well as is based on more experimental factors
compared to the analysis is [8], the current result
probably shows higher accuracy. One possible
explanation is the differences in integration time. Nordic
and Momentary meter have faster integration times than
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Short term meter; If it is believed that the subject acts
on the information given by the short term information
presented by the Combined meter, this will hold true for
the Combined meter as well. The effect could perhaps
either be induced by the speed of the fluctuations of the
present meter or perhaps, in the case of slower meters,
the delay of the visual information.
Normalized conditions generated less variability than
non-normalized. This is an expected observation that to
some extent indicates the feasibility of the parameters.
5.4.

Fader movement

Combined meter caused significantly more movements
than did Nordic and Momentary meter. In [8],
Combined meter differed from all other meters
regarding this measure. The difference in outcome
between these analyses is probably due to the fact that
the former analysis was made on non-normalized
conditions only.
Professionals moved the fader more than students.
Regarding this effect a more composite discussion
relating to more factors will take place in 5.9.
Normalized conditions caused less movement than nonnormalized. This seems reasonable.
5.5.

Adjustment time

The students experience the task as harder than
professionals do.
5.8.

Auditory/visual weight

Subjects perceived that they used the auditory stimuli to
a greater extent, compared to visual stimuli, in their
decision-making for the Short term meter than for
Nordic and Combined meter. For Combined meter, a
greater visual load due to the multiple data presentation
may cause this. Spontaneous statements from the
interview support this; On the open question on what
reflections the subject had on the different meters, some
subjects answered that the Combined meter demanded a
lot of attention. The subjects that made this remark often
regarded this as a negative quality.
For Short term meter, a possible explanation may be
that due to the delayed presentation of loudness, the
subjects were forced to put more attention on listening,
i.e a longer integration time may be the cause. Another
effect relating to integration time is the faster
fluctuations of a fast meter. The faster fluctuations of
the meters might increase the visual load. The effect
found will have implications for the choice of meter. If
one believes that actions based on listening is preferred
over actions based on visual cues, then the Short term
meter mode might be chosen before the Combined
meter mode.

Momentary meter caused a longer adjustment time than
Short term meter. If one believes that a longer
integration time always leads to slower reaction times,
this result may at a first glance seem counterintuitive.
However, if one connects the results for several
variables, a suggestion for an explanation may be
formulated (section 5.9.)

Professionals believed they used auditory cues to a
greater extent than visual cues in their decision-making
compared with the students. This result is in line with
answers from interviews where the majority of subjects,
both professionals and subjects, thought that experience
will lead to trust one’s ears more and that the engineer
will treat the auditory cues as more important than the
visual cues.

5.6.

5.9.

Overshoot

Professionals had larger overshoots than students. This
result will be discussed in 5.9.
5.7.

Difficulty

Round was significantly affecting difficulty. In [8], it
was shown that there exists a learning effect. This was
based on the analysis of fader movement as dependent
on Round. The found effect for Difficulty will be used
to further verify that conclusion.

Relationship between Adjustment time,
Overshoot and Professional

The correlation test shows a moderate negative
relationship between Adjustment time and Overshoot
(section 4.3). This result is in line with common
intuition; If you make a fast transition to compensate for
the loudness difference between two program elements,
you also take a greater risk to overcompensate. This
could be described as a trade-off line between fast level
compensations and small overshoots.
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It is interesting to see that Adjustment time is slower for
students than for professionals but Overshoot is larger
for professionals than for students. With the background
knowledge discussed above, we may say that
professionals and students are at different positions on
the trade-off line between fast level compensations and
small overshoots.
The results show that professionals regard themselves to
put more weight to auditory cues compared to visual
cues than students do. This corresponds with results
from the interviews on the open question "How do you
think experience will affect the engineers way of audio
level compensation in broadcast?". A majority of the
subjects, both professionals and students, said that they
thought that more experience would lead to an increased
weight on auditory cues. No subject expressed an
opposite view.
A suggestion of explanation for the different behavior
between professionals and students regarding
Adjustment time and Overshoot could be that
professionals put more weight to auditory cues and that
this will lead to faster adjustments and more overshoots.
If so, this could explain that the result in Adjustment
time for Short term meter not necessarily has to be
slower than for the other meters. The explanation could
be that the delay in loudness presentation for the Short
term meter forces the engineer to go by auditory cues,
and that this leads to faster reactions.
6.

CONCLUSIONS

The results show that the tested parameters can account
for differences between the tested audio meters. This is
encouraging for further development of fader movement
data parameterizations. Several significant effects were
found and among the interesting ones we find that meter
design affects the auditory/visual weight employed by
the engineer. Professionals seem to use the auditory
cues to a higher degree. They make faster level
adjustments at the cost of larger overshoots. The results
suggest that relying mainly on visual cues incites slower
level compensations than if mainly acting on auditory
cues.
The results show that the investigated parameters can be
used for differentiating between the engineers’
performance caused by the different audio level meters.
Hence, the proposed method shows validity as an
evaluation tool. Thus the method could complement
other methods for performance evaluation. Where a

defined problem is to be studied, parameters and stimuli
may be adjusted accordingly to target that specific issue.
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ABSTRACT
As a response to discrepancies in loudness levels in broadcast, the recommendations of the International
Telecommunication Union and the European Broadcasting Union state that audio levels should be regulated based
on loudness measurement. These recommendations differ regarding the definition of meter ballistics for live
loudness meters, and this paper seeks to identify possible additional information, needed to attain a higher
conformity between the recommendations. This work suggests that the qualities we seek in a live loudness meter
could be more differentiated for different time scales (i.e. Momentary and Short-term that is defined by two different
integration times), and therefore also should be evaluated by different evaluation criteria.

1.

INTRODUCTION

Loudness discrepancies in broadcast audio have been a
cause of annoyance for the audience in the last decades.
One source to the problem is the use of Quasi Peak
Program meters (QPPM) meters in conjunction with
different dynamic treatment for various audio materials.
As a step to confine this variance, ITU (International
Telecommunication Union) and EBU (European
Broadcasting Union) have published documents on how
audio levels should be handled based on loudness
measurement.

Document ITU-R BS.1770 [1], specifies a model to
calculate loudness on audio channels or programmes.
EBU Tech 3341 [2] (a subdocument to the EBU R 128
recommendation [3]) and ITU-R BS.1771 [4], further
defines the ballistic properties of live loudness meters
(i.e. meters that can be used in a live environment),
using BS.1770 as the foundation. Common to Tech
3341 and BS.1771 is that two time scales (as they are
referred to by EBU) are defined, Momentary and Shortterm. The two scales are discerned by different
integration times: 0.4 s and 3 s, respectively. The
algorithms used to derive the specific meter ballistics
from the integration time are, however, different
between EBU and ITU. This divergence causes a
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difference between the meters in their visual
performance. Hence, the rationale behind the two
meters' ballistic algorithms and the consequences of the
difference between them, especially when implemented
in live loudness control, is important to study. Also, if
one algorithm may be preferred over another in any
aspect would constitute valuable knowledge.
The decision by EBU and ITU to define two time scales
(i.e. Momentary and Short-term), instead of one, leads
to a new point of departure for future evaluations. We
now have the possibility to design a study with the
intention to refine the two existing time scales to be
more complementary. Different evaluation criteria could
be utilized for the Momentary and Short-term time
scales to find their respective optimal integration time
and ballistic algorithm. The evaluation criteria may be
designed so that all qualities we seek in a (single)
loudness meter will be covered, but distributed between
the two time scales.
The purpose of this paper is to identify additional
information that may enable possible further
refinements of the recommendations from EBU and
ITU, with the hope to reach compatibility them inbetween. As the differences between ITU and EBU
concern meter ballistics, this paper will mainly focus on
this aspect of meter design.
As one result of this work, different sets of evaluation
criteria for the Momentary and Short-term time scale
will be proposed. Also, with the information
summarized from former studies, we will identify where
the focus of a future study may be of most use.
2.

by measuring an arbitrary length of audio. In EBU R
128, this type of measurement is referred to as
Integrated measurement. The algorithm behind this
concept may be explained as consisting of two blocks.
The first block, a frequency weighting function, has the
purpose of simulating the sensitivity of the auditory
system as dependent on frequency. This part may model
both the Fletcher-Munson equal loudness contour type
of curves as well as some acoustical properties, like the
impact of the shape of the head. The second block
integrates the values from several digital audio samples
in to one single measure that represents energy over
time. This will be referred to as temporal integration.
The conversion in to a logarithmic base is also
performed here. Figure 1 shows the structure of a
loudness meter as a block diagram, illustrating the order
in which the two blocks process the audio and also how
they connect to a third block that will be addressed in
Section 2.2 (Live measurement). BS.1770 does not
specify how loudness readings should be updated to
reflect on the fluctuations in loudness as a function of
time.
The structure may be utilized for other loudness meter
models as well. In the case of BS.1770, the spectral
weighting is posed by K-weighting [1], which is a
development of the standardized B-weighting curve [6].
In this paper, several former studies will also be
reported that use the RLB-weighting. This revised Bweighting curve was proposed by Soulodre and Lavoie
[7] and is closely related to the K-weighting. The Kweighting adds a shelving filter to the RLB-weighting
with the purpose to simulate the impact of the sphere
shape of our heads for multichannel audio.

THE LOUDNESS METER

2.1.

Integrated measurement

The recommendation BS.1770 enables objective
loudness estimation of audio channels or programmes

Figure 1 Block diagram for a BS.1770-based live loudness meter
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The temporal integration in BS.1770 is constituted by
the function Leq(W), Equivalent Sound Level:

𝐿!" 𝑊 =   10 log!"

!
! !!
d𝑡
!
! ! !!"#

!

2.3.

dB

where:
xw: signal at the output of the weighting filter
xRef: some reference level
T: length of the audio sequence
[W: the frequency weighting used]
(Cited from ITU BS.1770 [1])
The formula for integrated loudness measurement
according to BS.1770 may thus be written as Leq(K).
The expression Leq(lin) will indicate that no spectral
weighting has been applied prior to the calculation of
the Equivalent Sound Level.
2.2.

extent and by what measures these different blocks have
been evaluated.

Live measurement

The label Live meter will be borrowed from the
document Tech 3341 [2] and be defined as a meter used
in a live environment (i.e. where the meter is used as a
tool to adjust audio levels "on the fly"). A live loudness
meter should react on the loudness fluctuations inherent
in an audio signal and update the reading on the
instrument at regular time intervals to reflect those
fluctuations in real-time. To accomplish this, some
smoothing algorithm in the time domain is needed. The
readings are updated at sufficiently short time intervals
to be able to animate a seemingly continuously
changing loudness indication. Soulodre and Lavoie [7]
expressed that "Perhaps the most important aspect in
identifying the requirements of a real-time loudness
meter is to define the timeframe over which loudness
readings should be measured." Real-time will here be
interpreted as "live".
The ballistic properties, or ballistics, of a live loudness
meter defines how the instrument should react to
fluctuations in sound energy of the audio signal. This
part will constitute the third block in Figure 1. Both
Tech 3341 and BS.1771 have inherited the first two
blocks from BS.1770 and then further added their
respective definitions for attaining the ballistic
properties.
The complete live loudness meter may thus be regarded
as consisting of three building blocks, Spectral
weighting, Temporal integration and Ballistics. Former
studies will be investigated below to discern to what

Difference in ballistic formula between
ITU and EBU

In EBU Tech 3341, the ballistics properties are defined
by a sliding rectangular window in the time-domain.
Within this window, an integrated measurement will
take place. The approach may be described as applying
a Finite Impulse Response filter, FIR, in the time
domain. Integration time will for this type of meter
response be defined as the length of the window,
expressed as time.
In ITU-R BS.1771, the ballistics properties are defined
by a first-order Infinite Impulse Response filter, IIR, in
the time domain. The filter is defined by two filter
coefficients controlling the attack and decay response of
the meter, respectively. For this paper, we will utilize
the same definitions for Attack time constant and Decay
time constant as were used by Norcross et al. [8]. Attack
time constant is defined as the time it takes, from the
onset of a test signal, for the pointer to reach a reading
of -2 dB relative the level of test signal as measured in
its steady state. Integration time will for this type of
ballistics be synonymous with Attack time constant. The
definition for Decay time constant will be defined by
the time it takes, from the offset of the test signal, for
the pointer to drop 4.3 dB from the steady state level of
the signal. Where the expression Time constant is used,
in this paper, without the attack or decay connotation,
this will mean that the attack and decay time constant
both will have the same value. In this case, the meter
will be a symmetrical meter. If not, the meter will be an
asymmetrical meter. Symmetry will, by this definition,
not necessarily mean symmetry in the graphical
presentation, i.e. that the attack and decay behavior is
perceived as balanced and equally fast. The test signal
for the above definitions is constituted by a 1 kHz sine
wave.
For this paper, two concepts are defined that are related
to meter ballistics. Readability will be defined as how
easy it is for the engineer to read a value from a moving
pointer. Where the response time is shortened, the
indicator will eventually be hard to read. Interpretability
will here be defined as how easy it is for the engineer to
estimate some integrated value over time from the
fluctuations of the indicator. If the pointer has too large
fluctuations it will be hard to interpret. This process is
similar to the temporal integration described in Section
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2.2, but in this case the integration is performed by the
engineer and it is applied to the signal after the meter
ballistics and meter display block described in Figure 1.
3.

loudness measure, but it should also “listen” over a
longer period of time and provide a reading that is
more reflective of the overall loudness of that portion
of the song. The task of measuring instantaneous
changes in signal level would be left to existing meters
such as a VU or PPM meter.

THE EVALUATIVE CRITERIA

When evaluating loudness meters, the chosen evaluation
criteria will play a decisive role for the resulting
preferred meter properties. Before investigating some
studies more thoroughly, we will first discuss the
criteria that will be encountered. Later, conclusions will
be drawn regarding the extent the different evaluative
criteria that have been used and the implications of the
chosen criteria for the results.
3.1.

For a live loudness meter, it seems like there is a
resemblance between Soulodre's and Lavoie's
characteristics above and Criterion 4. At the same time
there seem to be a conflict between these characteristics
and Criterion 1 regarding the necessity of a fast
response from the meter.
In a later report from ITU [9], one may read the
following statement:

Meter criteria in former work

The purpose of a short-term loudness meter in
broadcasting is to give a short-term indication that
reflects the likely contribution to long-term loudness,
rather than short-term loudness per se. While these
quantities are related, recent research has shown that
they are not the same thing. The references used for
performance assessment of each short-term meter
variant are therefore listening test results on longterm loudness.

The Canadian Broadcasting Corporation (CBC) audio
production staff in collaboration with Communications
Research Centre (CRC) suggested three evaluative
criteria for live loudness meters, reported by Norcross et
al. [8]:
1. The ability to display signal levels that are reactive
to changes in fader levels and to changes in the
perceived level to provide immediate feedback to the
mixing engineer;
2. The capacity to provide an indication of the current
loudness level relative to the listener’s “comfort zone”
[14];
3. Providing information to the mixing engineer to
help achieve specified long-term loudness targets (e.g.
-24 LKFS, ±2 LU) while mixing live sound.

This statement is compatible with the one from
Soulodre and Lavoie, and would mean that Criterion 1
is subordinated. The expression short-term loudness
will in this paper be replaced by live measurement to
distinguish from the Short-term time scale, defined by
EBU. We will for this paper utilize the description of
Long-term loudness from the ITU-report above, which
here also will be equated with Criterion 3.

Soulodre and Lavoie discussed the following desired
characteristics of a loudness meter [4]:

In ITU-R BS.2103 [9], it is said that one application for
a loudness meter is "For production, as a level meter to
replace the VU meter". Later one may read: "[I]t may be
useful to have some indication of the perceived dynamic
range as well as having an indicator fast enough to
display individual loudnesses where these can be
discriminated aurally." The two statements would relate
to Criterion 1 and be contradictory, especially to the last
sentence in Soulodre's and Lavoie's statement regarding
the relationship to the VU meter. The authors of
BS.2103 conclude that several definitions of loudness
meter characteristics might be required to fulfill all the
different needs that have been expressed.

[I]n monitoring the loudness of a rock song, we
probably do not want the real-time loudness reading
to change with every drum hit. The meter should of
course integrate these drum hits into its overall

It seems that there are several viewpoints on what needs
the loudness meter should fulfill. This is probably also
the reason for why the results from different studies
diverge from one another. It is worth noting that, at the

As the studies were proceeding, Norcross et al.
identified a further quality:
4. A loudness meter should be able to represent
more general changes in loudness.
This quality was not formally proposed as a criterion at
the time, and consequently was not indexed. For the
purposes of this paper we will refer to it as Criterion 4.
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time when the above proposals on meter criteria were
posed, the focus was primarily to find one loudness
meter that would fulfill all needs in a single definition.
It was not until after several studies that it was
concluded that it would be beneficial to utilize two
different definitions for meter characteristics, which
later led to the definition of two time-scales, the
Momentary and the Short-term which are now
recommended by both EBU and ITU.

than the response to changes in fader levels. Of course,
increasing the speed of the meter response will improve
the feedback on changes in fader level as well.

Soulodre and Lavoie also poses an interesting question:
"[I]s it necessary for the short-term readings from a realtime meter to somehow add up to the long-term reading
from a non real-time meter?". "Long-term reading" will
here mean the same as Integrated measurement and a
"Non real-time meter" will mean the same as a meter
that is not a live meter. The statement may be
interpreted as a question whether it is necessary to fulfill
Criterion 3 and/or 4 from Norcross et al., or expressed
in other words: Is it necessary for a live loudness meter
to assist the engineer to achieve a recommended longterm loudness target?

Criterion C is essentially the same as was suggested by
Norcross et al.

3.2.

Revised meter criteria

To facilitate the examination of former studies (Sect. 4),
we will use a criteria set that has been revised from the
original criteria from Norcross et al. The suggested
revised criteria are:

Criterion B refers to Criterion 4 that was later identified
by Norcross et al., but this formulation focuses on the
meter as a tool to the engineer. The criterion also targets
the characteristics suggested by Soulodre and Lavoie
cited above: "[I]n monitoring the loudness...".

Criterion D emanates from the suggestion in the
BS.2103 report: "[I]t may be useful to have some
indication of the perceived dynamic range as well as
having an indicator fast enough to display individual
loudnesses where these can be discriminated aurally."
The expression refers to the engineer's possibility to
estimate the dynamic range by assessing the magnitude
of and/or the extreme values of the fluctuations in the
loudness readings. Fast loudness fluctuations will here
be defined as those resulting from loudness models
based on perceptual studies (i.e. models from Zwicker
[10], Glasberg & Moore [11]). The information is aimed
to assist the engineer in the decision-making for
dynamic treatment in the 50-400 ms timeframe.
4.

A loudness meter should assist the engineer:
A. to compensate for fast changes in loudness.
B. to compensate for more general changes in
loudness.
C. to achieve the specified loudness target for the
full program.
D. to estimate the dynamic range of fast
fluctuations in loudness.
Criterion A refers to a situation where a sudden shift in
loudness occurs as the result of e.g. a switch from one
sound source to another in a video sequence or between
two parts in a song. The new source supposedly
introduces differences in voice characteristics,
microphone properties, gain settings and/or dynamic
treatments. It is good if the meter helps the engineer to
identify these transitions to be able to compensate
quickly and accurately. The criterion is a revision from
Criterion 1 from Norcross et al. but this version focuses
on the representation of fast loudness changes, rather

FORMER STUDIES ON LOUDNESS
MEASUREMENT

This section will investigate previous studies with
regards to what building blocks have been evaluated
(Sect. 2.1 and 2.2) and what evaluative criteria have
been used (Sect. 3.2) when evaluating those building
blocks.
4.1.

Studies on integrated measurement

Even if this section does not directly target live loudness
meters, it will target building blocks that also are
represented in live loudness meters.
Soulodre and Norcross created a subjective database
where subjects assessed the perceived loudness of a
wide range of different audio material [12]. The
database was then used to compare the meter readings
from different loudness meters. A close match between
the loudness meter and the subjective database rendered
a high score for the meter. Several metrics were
suggested on how the evaluation of the performance, i.e.
matching and scoring, could be performed. The results
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showed that the algorithm Leq(RLB) had the best
performance, even if the performance of Leq(C) was
comparable. RLB stands for a revised B-weighting [12]
from the standardized B-weighting [3] and C was the
standardized C-weighting [3]. In 2004, Soulodre
continued on the approach by expanding the subjective
database to cover more audio material, suggesting
additional evaluation metrics and to and evaluate added
loudness meters [13]. The Leq(RLB) was still scoring
the highest, even though it could not be significantly
discerned from some of the more perceptually-based
and complex algorithms. Document BS.1770 further
reports on a third study evolving from the former two,
reported above. The subjective database was expanded
to 336 audio sequences and now also included
multichannel material. The goal was to evaluate a
multichannel version of the Leq(RLB) algorithm, namely
the Leq(K). The results showed a strong correlation, r =
0.977, between the subjective database and Leq(K).
Skovenborg and Nielsen [5] tested twelve models on
loudness perception using speech and music segments.
They first established a reference, or subjective
database, using 12 subjects in two listening
experiments. Different statistical measures were then
developed that investigated the correspondence between
the loudness models and the subjective database.
Among the Leq(W) loudness models, the Leq(RLB)
scored the highest. Two models performed better than
Leq(RLB). The multi-band model, TC HEIMDAL,
scored significantly higher and the single-band model,
TC LARM, was ranked higher than Leq(RLB) by all
evaluation metrics (except for one evaluation metric in
one of the listening experiments). However, between
TC LARM and Leq(RLB) no metric was found
significant. The standardized Peak Program Meter
(PPM) was evaluated in conjunction with a statistical
function. In this case, the engineer was treated as a part
of the model together with the meter. The engineer was
assumed to temporally integrate the fluctuating loudness
readings in to a longer-term estimation of loudness.
Skovenborg and Nielsen modeled how the engineer
might interpret the needle swings in to a long-term
reading. They analyzed the cumulative distribution of
the needle swings in terms of the share of the total time
the needle read below certain percentiles: 50%, 75% or
99%. Among the different measures, the 50% percentile
scored the highest. Compared to the other models, the
50% PPM was rated as Class 3 out of 4 possible (Class
1 ranked the highest). This shows that the PPM meter,
even if not the most proper tool for loudness
estimations, at least ranks higher than some other

models, used by the industry at the time. The authors of
this paper also would like to highlight one interesting
quality in the TC LARM; It incorporates some
asymmetric properties, derived from the definition of a
PPM meter.
Begnert et al. made an evaluative study on the
Integrated measurement as defined in R 128 (which
means Leq(K) as defined in BS.1770), where 27 subjects
evaluated the perceived loudness of 15 different real-life
broadcasting audio segments. The audio represented
five different types of audio (e.g. compressed speech,
non-mastered music etc.) and were loudness-equalized
by means of R 128. The audio segments were then
compared in pairs and the subjects were asked to
normalize the pairs according to perceived loudness.
They showed that the largest difference between two
types of audio, taking the mean from the subjects
compensations, was at most 2.8 dB. Some material with
less intra-dynamics differences was perceived louder
than the objective measure. Their conclusion from the
study was that the perceived loudness differences
between audio segments after the R 128 process were
minor compared with the major differences that
occurred in the original unequalized broadcast material.
The above reported studies support that Leq(RLB) or
Leq(K) have scored equal or higher than other
algorithms except when compared to the TC HEIMDAL
which was significantly rated higher and the TC LARM
that was ranked higher by several metrics. Since
integrated measurement has been used as evaluative
criteria, one may say that these studies could be
compared to a study where the goal is to normalize
audio sequences to a recommended target level of -23
LUFS. This would be applicable to the loudness of both
segments of audio that is consistent regarding dynamics
or timbre as well as a whole program. Expressed in
terms of the evaluative criteria stated in 3.2, we may say
that Leq(RLB) or Leq(K) (Block 1 and 2 in fig. 1) have
been well investigated in terms of Criterion B and C.
The results show that the algorithms work reasonable
well for these criteria, counting in that they may deviate
from subjective estimations for some types of material.
In most cases, other algorithms that has shown similar
performance have also been more complex and thereby
more computationally heavy. TC LARM was one meter
candidate, however, that both performed strong and,
being a single-band algorithm, is comparable in
complexity to Leq(K).
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Studies on live measurement

4.2.1. Soulodre and Lavoie
Soulodre and Lavoie performed a series of studies,
based on the Leq(RLB) algorithm, with the aim to find a
working approach to evaluate live loudness meters [15].
A common theme was to find a way to create a
subjective reference where perceived loudness
fluctuations were described as a function of time. The
database was created by asking subjects to adjust audio
sequences in real-time to normalize the perceived
loudness in a continuous manner. The resulting
subjective compensation curves were then compared to
different ballistic settings in a loudness model. The
results showed that an objective meter with a 3 s
timeframe (i.e. 3 s FIR-filter) was a good match to the
subjective assessments; it constituted a compromise
between reasonable fast reaction to changes in loudness
and at the same time not having too severe overshoots
or undershoots. They identified several methodological
problems and concluded that evaluating live meters was
considerably more difficult than evaluating integrated
measurement. One difficulty was to capture the
subjective loudness fluctuations over time. Another
challenge was to find proper metrics to use when
comparing the models to the subjective reference. One
interesting reflection was that subjects seem to react
more quickly to large changes in loudness than for
smaller ones. They use this as an argument to support
the choice of IIR-type of ballistic formula.
Using our measures, we see that Soulodre and Lavoie
examined the ballistics (Block 3) in terms of Criterion A
and B, having Block 1 and 2 fixed to Leq(RLB). Their
focus was rather the balance between Criterion A and B
rather than evaluating each one of them in separate. The
results showed that a 3 s timeframe was a good
compromise between the two criteria.
4.2.2. Norcross et al.
Norcross et al. performed a study in collaboration with
CRC and CBC [8]. The criteria set, cited in Section 3.1,
was a result of this work. They tested a range of
different meter response times in conjunction with IIR
and FIR type of ballistic formulas. All meter candidates
were based on the Leq(K) algorithm. The study consisted
of four phases. In Phase I, a core group of three
experienced audio engineers at CBC began to use the
instruments in live production as well as in controlled
test environments. At the end of this test, it was
concluded that further testing should be restricted to

meter response times of 250-1500 ms. In Phase II, eight
different ballistic settings were tested, with integration
times ranging from 300 ms to 1500 ms. 24 audio
professionals were asked to adjust audio levels on the
fly in a simulated broadcast show. They should use the
meter as a tool and modulate around the 0 LU target
level while trying to achieve a balanced mix. The results
were that IIR-based ballistics was perceived to have a
more natural and stable reading than FIR-based
ballistics. The 300 ms and 500 ms response times were
both preferred to the longer times. As the two times
were on par, they concluded that a time constant of 400
ms was the preferred response time. Asymmetry in
attack and decay time constants caused the engineers to
underestimate or overestimate the program loudness.
Integration times of 3 to 5 seconds were found better at
presenting more general changes in perceived loudness.
Norcross et al. connects this result to the results found
by Soulodre et al. [15] and Skovenborg [16].
It is noteworthy that, even if 300 ms and 500 ms
response times both were rated higher than other
integration times, one cannot out rule the possibility that
an integration time below 300 ms might be rated even
higher. Integration times below 300 ms has not been
tested by a larger group of subjects when implemented
in a meter and tested under real-like conditions.
Phase III consisted of field tests performed, during three
years, by CBC and CRC. In these tests, both the 400 ms
and 3 s based meters were displayed side by side. The
results showed that these meter settings gave useful
information, during live audio mixing, for maintaining
consistent loudness levels and that the meters better
represented the changes in perceived loudness than the
traditional meters did. The meters in these tests were
symmetric and used the IIR-type of ballistics.
In Phase IV, the difference between the two types of
ballistic formula, FIR and IIR, in combination with
different meter response times was investigated (Section
2.3). Four different meter characteristics were
compared, using 5 different stereo audio sequences with
typical broadcast material. Two of the meter candidates
were constituted by the current definitions in BS.1771
and Tech 3201. In some settings, the characteristic was
constructed by an FIR type of filter for the attack
response and an IIR type of filter for the decay
response. Table 1 replicates the meter characteristics
that were tested.
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Setting
Attack
Decay

1 (BS.1770)
400 IIR
400 IIR
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2 (Tech 3201)
400 FIR
400 FIR

3
400 FIR
200 IIR

4
400 FIR
400 IIR

Table 1 Meter characteristics tested by Norcross et al.
Time constants are given in milliseconds.
43 subjects looked at the meter response and evaluated
the response together with the audio that was heard. The
instructions to the subjects were described in the paper
as follows:
Subjects were asked to rate the meter response for
each ballistic setting based on the ease of interpreting
meter readings and on the general behaviour of the
meter response. Scores were indicated using the
subjective rating scale described in ITU-R
Recommendation BS.1534 [23].

The 400 ms symmetric IIR filter (Setting 1) was
significantly preferred. The results further showed that
both attack and decay response treated in isolation was
significantly preferred for the IIR setting. Norcross et al.
explains the results with references to psychoacoustic
research on sensation of loudness, mentioned in the
BS.2103 report from ITU [9]. They also motivate that
the time constant should not be slower than the
commonly used VU meter because of reports from
operational trials in Japan (referred to later in this
section).
From Phase IV, an important aspect is that, even if the
IIR ballistic formula was preferred, we do not know
how the subjects weighted the two qualities "ease of
interpreting meter readings" and "general behavior of
the meter response", in the citation above. Also, the
evaluation of each of the two qualities may result from a
composite of several aspects that the subjects think are
relevant for the expressions. For example, "interpreting
the meter readings" may refer to either the task for the
visual sense to read the indicator or to the task of
reading an average from the meter fluctuations. We may
not discern if the expression incorporates the possibility
to estimate the inherent dynamics in an audio sequence.
4.2.3. ITU-R BS.2103
Document BS.2103 reports on a study where
combinations of three different frequency weightings
and three different meter response characteristics were
explored. One of the tested combinations was the Leq(K)
loudness algorithm. The meter performance was

evaluated by looking at how the needle swings of a live
meter in combination with frequency weighting may
contribute to the integrated measurement. Different
metrics, like average and quartiles, were calculated from
the cumulative distributions of the needle swings. The
correlation between these metrics and a subjective
database were then investigated for a set of audio
sequences. A stronger correlation would indicate a
better meter. In different test phases, the attack time
constant, the decay time constant and the frequency
weighting were alternatively assigned as the dependent
variable.
No significant difference between Leq(K) and Leq(lin)
was found for correlation as dependent on frequency
weighting.
Both
weightings
were,
however,
significantly better than the third candidate. Effects of
rise and fall times was shown but they were weak
compared to the effect of frequency weighting. One
important finding was that if asymmetrical time
constants were chosen, a calibration factor would need
to be incorporated to maintain consistency with the
average metric of the cumulative distribution. Another
interesting found was that, when comparing the median
from the VU and PPM meter needle swings to
integrated loudness measurement according to R 128
(i.e. BS.1770), the median of the PPM meter and the
BS.1770 algorithm were equally accurate at assessing
loudness and the Leq(lin) algorithm was almost as
effective.
In the document ITU BS.2103 [9], one may read:
Operational trials in Japan have shown a longer time
constant to be preferred over the 100 ms time constant
for short-term loudness measurement and indication.
It is the view of Japanese experts that a ballistic that
changes faster than the commonly used VU meter is
not desirable for short-term loudness measurement
and indication.

"Short-term" will, as was mentioned in Section 2.2, for
this paper be interpreted as live measurement. The
statement supports that the time constants of a live
loudness meter should be equal or slower than the VU
meter. In IEC 60268-17 [19], the VU meter is specified
to have a response time of 300 ms. The definition for
response time in this case is the time it takes for the
pointer to reach 99% of the reference indication. This
figure should not be confused with integration time (as
is measured at the -2 dB point). The corresponding
integration time for the VU meter is around 165 ms
[22]. Norcross et al. only explored integration times
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down to 300 ms, but it is possible to explore times down
to 165 ms, without contradicting the statements form the
Japanese studies. This makes integration times between
165 ms and 300 ms for IIR-based meters interesting to
explore. The decay time constant in the reviewed study
was also considerably slower than the VU meter. With
the defined decay rate of 4.3 dB per 400 ms it will take
approximately 1.9 seconds to reach the bottom of the
scale (at -20 dB below the reference). The VU meter,
according to IEC, should not deviate much from 300
ms, measured from the offset of the test signal, for the
pointer to drop below the -20 dB mark. This allows for
faster decay times as well, without contradicting the
statement from the Japanese experts. One problem with
the above citation is that the Japanese references were
difficult to follow up. We do not know what criteria
were posed to reach this conclusion. We still need
information on how the trade-off between a fast
response and readability or interpretability looks like.
In ITU-R BS.2103, the authors also compares the IIR
and FIR temporal filtering approach to the data from
Zwicker's loudness model, and it was shown that the IIR
filter approach had a closer match (0.1 dB difference at
most) and that the FIR filter approach had up to 2 dB
mismatch measured 0.1 s from the onset of the test
signal. It was also argued that an FIR-based decay
response would be discontinuous and unlikely to mimic
the sensation.
4.2.4. Glasberg and Moore
Glasberg, Moore & Baer suggested a loudness model in
1997 [17] that was later improved by Glasberg and
Moore (G&M) in 2002 [11] and 2003 [18]. Their work
was a further development from a loudness model
presented by Zwicker, which in its turn was based on
data from perceptual studies by Bauch, Fastl, Hellman,
Grimm, Zhang, Zeng and Stone. The model belongs to
the multiband type of loudness models and is as such a
too complicated model for the scope of this paper. Their
work from 2002 is, however, relevant here in that it
adds ballistic properties to the model from 1997. This
improved the model's accuracy in estimating shortduration (< 100 ms) and amplitude-modulated sounds.
The ballistic properties were compared to the data from
perceptual studies and the ballistic part of the model
succeeded well in estimating loudness for different test
signals. The test signals were either amplitude
modulated sine waves or short bursts of sine waves.

The paper from 2002 is interesting in that the proposed
ballistics was applied in series, after the otherwise
complex spectral processing. Since pure sine tones were
used as test stimuli, one may argue that the ballistic
properties were evaluated in isolation. The ballistic
properties, proposed by G&M, should therefore be valid
and valuable in isolation as well as in combination with
other processing blocks in a complete loudness model.
The authors of this paper suggest that a meter candidate
may be constructed from a combination of G&M's
ballistics and Leq(K). This would render a simple
BS.1771-based loudness meter, which utilizes ballistics
properties that are supported by perceptual data. It
should be noted, though, that G&M, only compared the
output of the model's live measurement to the perceptual
models, and did not evaluate the models capabilities to
estimate longer-term loudness. This still needs to be
evaluated. Two versions of ballistics were proposed by
G&M, denoted Short-term and Long-term. We will for
this paper denote them as fast and slow version
respectively. Both definitions render an asymmetrical
meter response. The ballistics was tested empirically
using Zwicker's data and the performance was good.
Skovenborg evaluated the model from 1997, but the
revised models from 2002 and 2003 were not available
as implementations at the time.
4.2.5. Allan and Berg
Allan and Berg explored a method to evaluate live
loudness meters by analyzing fader movements
[20][21]. The intent was to capture the engineers'
actions in a simulated broadcast show. The setup and
stimuli was designed to achieve a high ecological
validity. Sound engineers from the Swedish Television
and Swedish Radio participated as well as sound
engineering students. The method was effective in that
several significant effects were found. It may therefore
complement former known methods.
4.3.

Conclusions from former studies

The following observations has been made from
sections 4.1 and 4.2:
• There have not been as many studies related to meter
ballistics as there have been for frequency weighting
and temporal integration. This is expected, since the
ballistic meter block builds on the other meter blocks
and has not been available the same amount of time.
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• Most studies evaluate meters by comparing objective
readings to subjective databases on loudness for
different audio sequences. This means that Criterion
B ("assist the engineer to compensate for more
general changes in loudness") is the most evaluated
criterion. On the other hand, we have very little data
that reflects on Criterion A ("assist the engineer to
compensate for fast changes in loudness") and no
data on Criterion D ("assist the engineer to estimate
the dynamic range of fast fluctuations in loudness").
• Time constants below 300 ms have not been
investigated by a larger group of subjects in readily
accessible sources. From the conclusions in the
reviewed sources, it cannot be out ruled that a time
constant below 300 ms might be preferred.

5.

CRITERIA SETS FOR THE MOMENTARY
AND SHORT-TERM TIME SCALE

The choice to utilize two time scales offers new
possibilities for future evaluations of live loudness
meters. We may now intentionally seek two definitions
on meter characteristics that together will fulfill all the
different criteria we define for a (single) loudness meter.
The very same criterion does not have to be fulfilled by
both time scales. By relieving a time scale from a
criterion, we may find meter characteristics that score
higher in performance for the remaining criteria. This
can be done with the knowledge that the other time
scale satisfyingly fulfills the criterion at hand.
5.1.

Suggestion on criteria sets

• Studies exploring the trade-off between a fast
response in the meter and the readability or
interpretability (as defined in Sect. 2.3), in the
context of loudness metering, was not found by the
authors. We don't know the impact on the speed of
the meter on the difficulties to read and interpret the
instrument and where the speed of the meter turns
problematic.

To test the above idea, two sets of evaluative criteria are
proposed, one for each of the time scales, the
Momentary and the Short-term. We will emanate from
the criteria set in Section 3.2.

• The possibility for the engineer to perform a temporal
integration from fluctuating loudness readings has
not yet been explored in ecological valid situations
(i.e. where the engineer uses the instrument in a reallike situation).

M1 to compensate for fast changes in loudness. (A)

• Few papers describes evaluation of meters in
ecologically valid situations, i.e. where the engineers
actually use the meters in a real-like situation.
• There seem to be more data supporting the 3 s
response time of the Short-term time scale than the
0.4 s time for the Momentary time scale. There is still
a need, however, to understand if the IIR or FIR
ballistic type is preferred for the 3 s setting.
• There are other loudness models of single band type
that are computationally simple, but yet may
outperform Leq(K).
• Studies have shown that asymmetric meters may be
successful for estimating longer-term loudness, when
the effect of the engineers' temporal integration is
simulated by a statistical function. The type of meters
needs to be evaluated in an ecological valid situation.

Set M: Momentary time scale
The loudness meter should assist the engineer:
M2 to estimate the dynamic range of fast fluctuations in
loudness. (D)
Set S: Short-term time scale
The loudness meter should assist the engineer:
S1 to compensate for more general changes in
loudness. (B)
S2 to achieve the specified loudness target for the full
program. (C)
The letters within parenthesis denote the former label on
the criteria from Section 3.2. As mentioned in Section
3.2, M1 will also reflect on the meters feedback to the
engineer on changes in fader levels.
Even if we utilize separate criteria sets, it is still of
interest to evaluate all criteria (M1, M2, S1, S2)
regardless of the time scale considered. Even if a
criterion is not demanded for a particular time scale, it
may still be of value that these criteria are covered to
some degree. Considering that the proposed criteria for
a time scale are rated equal for two meter candidates,
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the other criteria may be decisive. It is also important
that the consequences of choosing a time scale for
achieving different tasks is known. Even if S1 and S2
are not demanded for the Momentary time scale, it
cannot be out ruled that a faster meter candidate may
perform well for these criteria as well. We do not know
to what extent the engineer may perform a temporal
integration from loudness fluctuations. The test
described by Skovenborg at least shows that where the
needle swings are temporally integrated by a statistical
function, an asymmetric meter (implying a fast attack
time constant) may perform well.

Considering that:

5.2.

– focus on the ballistics of live meters. The most
pragmatic approach would be to have the basis in
BS.1770 fixed. The results would then only be relevant
for a possible revision of Tech 3341 and/or BS.1771.
However, as there are others, non-BS.1771 based
single-band models that have been shown strong, future
evaluations may incorporate these as well. A preference
for such a meter would however require a revision of
the BS.1770 document as well.

Implications for the suggested criteria
sets

For the Short-term time scale, the division of criteria
will not infer a practical change since the criterion S1
and S2 already are acceptably fulfilled in today's
recommendations from EBU and ITU. For the
Momentary time scale, a significant change is expected.
Neither of the two present recommendations from ITU
and EBU could be said to fulfill criterion M1 (assist the
engineer to compensate for fast changes in loudness).
The criteria set will encourage the testing of some faster
meter candidates.
If the above criteria are utilized, and a reduced
integration time and or asymmetric response for the
Momentary time scale is considered, the following
aspects should also be considered and evaluated:
• Existing specifications utilizing Maximum or
Minimum Momentary measurement will be obsolete.
These will have to be reconsidered.
• A too fast meter may be hard to read or interpret.
• An asymmetrical meter, using a fast attack and slow
decay may not discern the information of softer
loudness.
• An asymmetrical meter may cause an offset in the
resulting program target level and may cause
incompatibility
with
existing
Short-term
measurement or Integrated measurement (as specified
in R 128 [3]).
6.

SUGGESTED FUTURE WORK

Based on the observations summed in 4.3, future studies
may focus on the following aspects:

• we have different definitions regarding the ballistics
for the Momentary and Short-term time scale from two
major broadcast unions.
• prior evaluations did not specifically look for two
definitions for meter characteristics and that we now
intentionally may seek definitions for the two time
scales, Momentary and Short-term, that are more
complementary.
We should:

– investigate the effect of FIR- or IIR- ballistics when
meters are used in real-like situations.
Considering that:
• we presently do not have a time scale that conforms to
Criterion A.
• perceptual models show that it is possible to discern
faster loudness fluctuations than in either of the
definitions from ITU and EBU for the Momentary time
scale.
• time constants below 300 ms has not been thoroughly
tested.
• integration times down to 165 ms would still not be
faster than the commonly used VU meter.
• the tradeoff between a fast response in the meter and
the readability or interpretability of a live loudness
meter has not been investigated.
We should:
– prioritize research on the Momentary time scale. By
having the Short-term time scale fixed, we may evaluate
the Momentary time scale as complementary to the
Short-term time scale. We should measure all criteria in
separate as well as the anticipated negative effects.
– investigate the effect of utilizing a faster response in
the Momentary time scale. This would imply integration
times below 300 ms integration time. For symmetric
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meter definitions, integration times down to 165 ms
would be meaningful to explore.
– investigate the tradeoff between readability or
interpretability of the meter and Criterion A
("compensate for fast changes in loudness")
Considering that:
• most former studies do not evaluate the meters under
ecologically valid situations.
• the accuracy and/or with what comfort, engineers may
perform temporal integration. This will be of special
interest for a fast meter in terms of how it fulfills
Criterion B and C. The statement includes the effect of
utilizing an asymmetric meter.
We should:
– design an experiment where the engineer uses the
instrument in a real-like situation. Several studies might
be necessary to cover different real-like situations.
Considering that:
• an asymmetric meter may satisfyingly succeed in
targeting the target loudness. Skovenborg & Nielsen
showed that model, utilizing asymmetrical properties,
might be used in loudness assessments.
We should:
– evaluate asymmetric meter candidates in real-like
situations.

7.

SUMMARY

Several studies on live loudness models were reviewed.
By discerning to what degree different parts in a
loudness model have been evaluated and by what
evaluative criteria, some suggestions on focus for future
work have been formed. The paper also suggests that
criteria sets should be separated when evaluating the
Momentary and Short-term time scale, as defined in
EBU Tech 3341 and ITU-R BS.1771, and includes one
concrete proposal on a differentiated set for the two
time scales. The authors hope that the paper contributes
with information that will be useful when designing a
future study on live loudness meters, and that the results
from such a study be useful in possible future
refinements of the two documents Tech 3341 and
BS.1771.
8.
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Luleå University of Technology, Luleå, Sweden

Qualities of loudness meters were investigated by running a simulated live broadcast show,
mixed by subjects with different degrees of audio engineering experience. The subject-induced
fader movements and the resulting output levels were analyzed using a general linear mixed
model and then interpreted according to a proposed set of quality criteria for live loudness
meters. The results show that, for subparts of the program, meters with slower integration time
caused less dispersion of the resulting output levels and a smaller error to a given target level.
The varying integration times of the meters did not cause any significant differences in reaction
time. It is concluded that this type of data may be used in evaluation of loudness meters and
the specific study provides insight into the effect of time scales and meter implementation for
EBU R 128-compliant meters.

1 INTRODUCTION
Loudness discrepancies in television and radio have been
a frequent cause of audience annoyance [1, 2]. One cause of
large loudness variations is the usage of quasi-PPM based
audio level meters in conjunction with different amounts
of applied compression of dynamics. The EBU Tech 3205E recommendation [3] that defines quasi-PPM metering,
which is deprecated but still in use, is no longer relevant
for today’s production equipment and techniques. In response to these issues, the European Broadcasting Union
recommends that audio levels should be loudness normalized according to EBU R 128 [4]. The document states that
measurement should be based on the loudness estimation
algorithm defined by the International Telecommunication
Union in ITU-R BS.1770 [5]. EBU Tech 3341 [6], a supplementary document to R 128, further defines some properties for live loudness meters. A live meter is defined by
the EBU as “a meter that can be used in a live environment to measure an audio signal as it happens” [6]. A live
loudness meter will here be defined as a live meter that is
intended for loudness measurement. One major property of
live loudness meters that is defined in Tech 3341 is the meter ballistics. This property describes the attack and decay
response of the visual indicator when reacting to an audio
signal. In Tech 3341, two time scales are proposed for live
measurement of loudness: momentary and short-term. The
two scales correspond to two different integration times
that in turn affect the attack and decay response. The time
scales are meant to offer two different tools for engineers
556

to use during live broadcasts. The integration times for the
momentary and short-term time scale are 400 ms and 3
s, respectively. Publications that present methodologies to
explore optimal integration times for loudness metering or
presents results from such studies are found in [7–10]. Further incentive for the three-second integration time in the
short-term time scale is found in [11]. There is a third time
scale, integrated, where the user defines the audio region to
be measured by a start and stop functionality. The integrated
time scale is not investigated in this study.
The recommendation ITU-R BS.1771 [12] also defines
properties for live loudness meters, including definitions
for the momentary and short-term time scales (or modes
as they are referred to by the ITU). This recommendation
is also based on the loudness algorithm in BS.1770. The
definitions for the short-term time scale are identical between the EBU and the ITU, but the definitions for the
momentary time scale differ. The difference lies in the type
of windowing (i.e., time-based filter) that is applied on the
audio data feed that, besides integration time, also affects
the ballistic response of the indicator. This paper investigates the definitions in EBU R 128, but the methodology
that is presented may be useful and the results informative
to other recommendations. All units in this paper will be
measured in Loudness Units (LU) or Loudness Units Full
Scale (LUFS) where 0 LU corresponds to the −23 LUFS
target level, as specified in R 128. The corresponding units
that are defined in the loudness-related recommendations
from ITU-R are LU and LKFS [5, 12]. The recommended
target level from this union is −24 LKFS [13], but this
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August
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only concerns international exchange of digital television
programs.
It is possible to consider the definition of the ballistic properties in a live loudness meter as being separate
from the definition of the very loudness estimation algorithm. The ballistic response is not in itself dependent on
which loudness estimation algorithm is used. The ballistic
response is applied as an addition to any loudness estimation algorithm. The definition of a particular live loudness
meter is therefore a construct defined by two parts, the
loudness estimation algorithm and the meter ballistics. This
distinction leads to the possibility to evaluate the two parts
separately.
There is one exception to the complete separation of
the defining of the two parts described above. BS.1770
uses a gating strategy to prevent too soft audio passages
from being included in the integrated measurement of a
complete program or file. Therefore, silent parts are not
treated as a part of the integrated measurement of any
program material. In the design of the momentary and
short-term time scales in R 128, no gating strategy is incorporated. Silent parts are therefore treated differently in
those time scales than in the integrated measurement. This
aspect might cause a distinction between the integrated
measurement of a meter and the engineers’ interpretation
of a corresponding measure from a fluctuating live loudness meter. This should be considered when interpreting the
results.
Although it is possible to track the research that leads up
to the recommendations Tech 3341 and BS.1771, research
into the effect of live meters on engineers’ actions and the
resulting outcome when used in production is scarce. More
information is needed on how engineers’ treatment of audio
levels are affected by the choice of time scale—or combinations of time scales—where engineers have access to
possible optional data such as integrated loudness, plotted
history loudness, and so on. The difference in the definition
of the momentary time scale between the two broadcasting
unions is a motivation in itself to seek deeper understanding
of how the resulting audio levels are affected when engineers use different measurement tools in practice. Also, in
[14] it was deduced from earlier research, that there are
reasons to investigate further integration times in the region
of 165–400 ms for the ITU-R version of the momentary
time scale. This interval has not been as thoroughly tested
as some longer integration times, when implemented in
measurement tools and used in more real-life contexts.
Evaluation of integrated loudness measurements in accordance with BS.1770 has been successful and it has been
possible to estimate the deviation between the algorithm
and perceived loudness for a wide range of audio content [2, 15, 16]. Also, the related measure Leq(RLB), Revised Low-frequency B curve, that is a major component
of BS.1770, has been subject to successful evaluation [5,
17–19]. When it comes to evaluation of live loudness measurements, however, the methodology becomes more difficult. There are two types of methodologies in past research
that are especially relevant for the present paper. The first
type examines the extent to which a meter’s loudness esJ. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August
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timation, at any given instant in time, accurately tracks
the subjective perception of loudness. Soulodre and Lavoie
performed several studies on this path that led to such insights as a better understanding of the optimal attack and
decay times of a loudness meter [9, 10]. They concluded
that finding a method that accurately captures live loudness
assessments from subjects is difficult. The second type of
methodology uses subjective assessments to evaluate meter qualities. Norcross, Poulin, and Lavoie describe a series of studies where engineers evaluated loudness meters
in both broadcast production and more controlled environments [8]. The engineers were asked to rate different meters
as tools to accomplish their tasks as well as on how they
assessed the correspondence between the ballistics of the
meters and perceived changes in loudness.
Soulodre and Lavoie approached the issue of evaluating live loudness meters by creating a time-variant loudness reference norm [9]. Subjects were presented authentic
broadcast audio material and were asked to continuously
adjust the audio level so that constant loudness was perceived. The mean was then calculated across all subjects
for each point in time. This yielded a reference curve that
described the necessary change at each given moment to
achieve a loudness that was perceived as equal. The reference curve was then inverted so that it instead described
the loudness variations in the test stimuli. This reference
curve could then be matched to any other loudness meter
under the assumption that a good loudness meter should
correlate well with this reference. One important aspect of
the above approach is that the subjects never saw or used
the actual meters. The final implementation of the meters
will be products built after the evaluation process.
Norcross, Poulin, and Lavoie described a collaboration between the Communications Research Centre (CRC)
and the Canadian Broadcasting Corporation (CBC)/Radio
Canada [8]. In this work a set of criteria were developed that
was based on the engineers’ own requirements of a meter
to be satisfactory as a tool for monitoring and controlling
audio levels. Several loudness meter candidates were then
tested under production-like conditions, and engineers were
asked to rate the different qualities from useless to excellent. In contrast to the approach of Soulodre and Lavoie,
the subjects had access to both visual and auditory cues in
this case. Also, these cues involved feedback from the engineers’ level adjustments, as if the engineers were leveling
the audio in a real broadcast situation.
The two types of methodology enable us to answer different research questions: the first case investigates the correlation between meter value and perceived loudness, while
the second case investigates what qualities make a meter
a good tool for the engineer. The latter case may assess
what integration time is comfortable to work with as well
as whether needles, bars or digits are preferred. To illustrate the impact of the test approach on the outcome of
the evaluation, one may think of the following hypothetical
situation: the first test approach shows that a fast meter is
an accurate tool in describing the perceived loudness, but
the second test approach shows that the meter flickers too
much to be used effectively as a visual tool.
557

ALLAN AND BERG

The two types of methodology also lead to different discussions of validity. In the experiment by Soulodre and
Lavoie, the data were acquired using a continuous methodof-adjustment approach, whereas in the experiment by Norcross et al. it was acquired with assessment scales. The data
retrieved from subjects’ assessments, as in the second case,
are vulnerable to affective bias caused by a range of factors
that might be hard to control, such as context, mood, emotion, background, and expectation [20, 21]. On the other
hand, including the visual feedback from the meter as well
as the effects of the engineers’ owns actions—as was done
in the approach of Norcross et al.—increased the ecological
validity of the study.
There are also two approaches to compare meters. Either
by using a fixed reference or by using relative comparison.
In the fixed reference approach, all meter candidates are
compared to one and the same reference. The reference
represents in this case the best possible outcome, and all
meter candidates will yield different degrees of degradation
as compared to the reference. In the relative comparison
test approach, conversely, the meter candidates themselves
make up the best and worst possible outcome of the selected
meters. In this case the resulting score for a meter will be
relative to the other meters investigated in that particular
study. Soulodre and Lavoie’s use of a reference norm is an
example of a fixed reference test approach. The experiment
by Norcross et al., on the other hand, where different meter
candidates were compared to each other, is an example of
a relative comparison test approach. One benefit of having
a fixed reference is that any future meter candidate may be
tested against it, and no further tests involving subjects are
needed to complete evaluations.
The inherent difficulties and possibilities in both described approaches above led the authors of the present
paper to propose a third approach in [22]. The methodology was then further explored in [23]. In a study, subjects
were presented authentic broadcast material and were asked
to adjust audio levels in real time, as if running a live broadcast show, aided by different meter candidates in different
trials. The fader movements were recorded and then analyzed using a set of parameters that described different
characteristics of the fader movements. This included information about reaction time, the total amount of fader
movements, the magnitude of the movements, and possible
overshoots.
The proposed method contains properties from both
methodologies described above. By retrieving data from
fader movements and the resulting output levels, the method
has the method-of-adjustment property that also is present
in the methodology described by Soulodre and Lavoie. The
data is collected straight from the engineers’ actions, which
avoids the type of bias that may come with the cognitive
process of assessing the quality of a meter. The fader data
provide information on other qualities than the pure relationship between perceived and objective loudness. The
inclusion of the visual stimuli from a meter implementation,
and the formulation of an audio alignment task in which the
subjects were asked to use the meter as a tool, is similar to
the methodology described by Norcross et al. This aspect
558

PAPERS

of the methodology adds ecological validity as it mimics a
frequently occurring audio engineering task.
Previous papers by the authors showed that the proposed
method was powerful enough to detect significant effects
for several of the parameters. However, the authors did not
go deeper into how to link those effects to actual statements
about meter quality, like the criteria proposed by Norcross
et al. This paper intends to bridge that gap. As the previous papers mainly were aimed to develop and evaluate
the method and because the present paper is based on the
same data, we will not replicate the results of the previous
papers here. This paper may be regarded as a refinement of
the analysis procedure accompanied with a framework to
interpret the results.
This paper investigates how the ballistic properties of
live loudness meters affect the engineers’ actions with a
fader and the resulting output levels. The paper proposes
a set of evaluative criteria for such meters that is inspired
by the original requests by engineers reported by Norcross
et al. The criteria is revised in a way so that they may
be evaluated by the two types of data, fader movements,
and output levels. Relationships are suggested that will link
different parameters, that are based on the two types of data,
to the different criteria. Inferences will then be made about
meter quality that are based on the objective measures and
that are expressed in terms of the different criteria.
Thus, as one objective, the present paper evaluates the
specific meters in the study in accordance with the proposed evaluative criteria. Specifically, live loudness meters
are evaluated in terms of how effective the different time
scales in R 128 works as tools for the engineer to fulfill the
R 128-recommended target level for live broadcast shows
and to deliver comfortable audio levels to an audience. As
a second objective, the paper investigates whether the proposed criteria and the suggested relationships between the
collected data (fader levels and output levels) and meter
criteria can be used to assess the quality of live loudness
meters.
2 METHOD
The method of analyzing fader movements in a simulated broadcast show was first presented and used in [22].
In [23], further ways to analyze the data were introduced,
exploring some new ways to parameterize the data. For the
convenience of the reader, the method is summarized below.
More details may be found in the earlier publications. Sec.
2.4 describes how different parameters are derived from the
fader and output level data. Sec. 2.5 elaborates on evaluative criteria for loudness meters and results in a proposal of
a meter criteria set. Sec. 2.6 makes the connection of parameters to the proposed criteria set. Sec. 2.7 describes the
analysis. The data were acquired in an earlier study [22]. In
the present paper the analysis was improved compared to
earlier papers [22, 23] in that calculations were performed
on individual segments of audio in a program to resolve the
parameters. This increased the number of data points used
and provided more detail to the analysis. Also, the general linear mixed model, presented in this paper, is more
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Fig. 1. The graph visualizes the fader data. Each curve represents one of the four meters and each point on a curve is the average from all
subjects at that point in time for that meter. The element transitions are marked with gray solid vertical lines. The effect of the transitions
on the engineers’ movements with the fader may be seen clearly.

accurate for the design of the particular study than the traditional analysis of variance (ANOVA).
2.1 Definitions
The following definitions are used in this paper:
Element—A unit of content material. In the present study
a video cut where the audio is inherently consistent
with regard to audio source, gain, and applied treatments like compression, EQ, and so on.
Program—A sequence consisting of several elements.
In the present study a video sequence with authentic
broadcast material.
Loudness—Perception of sound intensity. When objectively measured, this means loudness measurement
according to ITU-R BS.1770 [5]. For integrated measurement, the gated LKG measure is used and for the
momentary and short-term time scales, the non-gated
LK measure is used.
Loudness Units—A unit defined in EBU R 128 [4],
where 0 LU corresponds to −23 LUFS.
Loudness normalize—The level adjustment of a segment
of audio (i.e., element) so that the resulting element
measures 0 LU when taking an integrated loudness
measurement on the whole element.
Target level—The recommended audio level for a program in R 128, which states −23 LUFS.
Tolerance span—A ±1 LU deviation from the target level
that is acceptable for live scenarios according to R 128.
Output level—The loudness measurement of a program
or an element after compensation by a subject using
the algorithm in ITU BS.1770.
Fader level—The position of a fader measured in dB in
how it affects the gain of the signal.
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August

Fader data—Fader levels as a function of time. The data
describes the fader movements and is visualized in
Fig. 1.
Fader parameters—Parameters that are derived from
fader data.
Output level parameters—Parameters that are derived
from output levels.
Parameters—Fader parameters and Output level parameters treated together.
Reading a meter implies that the engineer may perceive
and/or detect the fluctuating values. Interpreting a meter
implies that the engineer performs some kind of cognitive
processing to integrate the fluctuating values to be able
to derive a loudness measure for some arbitrary length of
audio.
2.2 Procedure and Equipment
Subjects adjusted audio levels on a sequence of authentic broadcast material, a program, as if they were running
a live broadcast show. Each subject performed four trials,
adjusting the same program, in each trial aided by one of
four different meters. Two additional trials using another
version of the program, in which elements within the program had been loudness normalized prior to the trial, are
disregarded in this paper. Fader levels from a single fader,
registered at time intervals of 10 ms, constitute the fader
data.
A set of fader parameters was defined to describe different characteristics of the fader data, like the amount of
movement, the magnitude of movements, possible excessive overshoots, and adjustment time. Data were also collected through subjective task assessment scales, labeled
Difficulty and Visual/auditory weight, but the analysis for
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Table 1. Factors and levels.
Factor
Meter
Element
Experience
Subject

Levels
Nordic, Momentary, Short-term, Combined
1–10
Student, Professional
1–35 (divided 12 | 23 between
Student | Professional)

these was covered in a former paper [23] and will not be
treated in this paper. A program consisted of 10 elements.
Each element contained the audio of a single human voice
and was inherently consistent with regards to production
technique. There was no change in choice of microphone,
gain setting, dynamic treatment, or other processing. An exception to this was the first element that consisted of a jingle
instead of a voice. The program was constant throughout
the trials and hence also the playback order of the elements.
The presentation order of the different meters was randomized for each subject.
The instructions to the subjects on how to adjust the audio
levels were twofold:

Table 2. Meter properties
Meter
Nordic
Momentary
Short-term
Combined

Integr. time

Fallback time

Scale range

10 ms*
400 ms
3s
N/A

24 dB / 2.8 s
N/A
N/A
N/A

–42 . . . +12 dB
–18 . . . +9 LU
–18 . . . +9 LU
–18 . . . +9 LU

*The integration time for the quasi-PPM meter (Nordic) has a different
definition than that of the other meters. Here, integration time is
defined as the time to reach −2 dB below a reference for a tone burst
(5 kHz sine) when the level of the reference is measured for a
continuous tone [3]. In practice, the level of the continuous tone has
settled within a few seconds. For the other meters, the integration time
is defined as the length of a sliding rectangular time window.

• They should adjust the audio level as they would like to
deliver the audio to an audience.
• The audio level for the program as a whole should average around 0 LU.
The recommendation EBU R 128 and the concept of
loudness normalization were explained to the subjects verbally. In this introduction the subjects’ familiarity of loudness normalization was picked up. The subjects were invited
to ask questions if there were parts that were unclear in the
instructions. All the experienced engineers were acquainted
with the concept. Few of the students were acquainted with
the concept. Only a few of the experienced engineers had
ever used a loudness meter.
The audio was presented through a standard 60◦ stereo
speaker setup: L and R position in ITU-R BS.775 [24].
Near-field studio monitors without a subwoofer were used.
Audio and video was presented from a DAW (Avid Pro
Tools) and the audio level was controlled through a single
fader (PreSonus Faderport).

Fig. 2. The appearance of the Nordic, Momentary, and Short-term
meter all implemented by zplane in PPMulatorXL.

2.3 Factors—The Independent Variables
The experimental factors and their respective levels are
presented in Table 1. The following subsections present the
factors in more detail.

2.3.1 Meter
To facilitate the terminology in this paper all meter candidates are simply called meters, even though some of them
are referred to as time scales, originally, in EBU Tech 3341.
All meter labels are also capitalized. Table 2 shows some
properties of the meters investigated. Fig. 2 shows the appearance of the Nordic (a), Momentary (b), and Short-term
meter (c). Fig. 3 shows the appearance of the Combined
meter.
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Fig. 3. The appearance of the Combined meter, implemented by
Nugen Audio in VisLM-H. The Momentary indicator is shown
as a bar graph and the Short-term indicator as a triangular mark
on the side of the bar graph. The history plot is based on the
Short-term values and was set to display the last 30 seconds.
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The Nordic meter was the standard meter at the time
of testing at Swedish Television. Its ballistic behavior conforms to the EBU recommendation for quasi-PPM meters
[3] but the indicator is rendered on a different scale, the
Nordic scale [25]. The closest resemblance to the Nordic
scale is the scale of the DIN meter that is defined in IEC
60268-10 [26]. The zero or “TEST” mark of the Nordic
meter is calibrated to 0 dBU. This makes an offset of +6 dB
when compared to the reading of a DIN meter.
The Nordic meter is not a loudness meter but there are
several reasons for including it in the current study: (a) to see
the effect the deprecated EBU standard for quasi-PPM metering on the engineer’s actions, when evaluated according
to a loudness recommendation; (b) many engineers have a
long experience of using the QPPM type of meter and find
it useful even when working towards a loudness recommendation; (c) it is plausible to expect a transition period in
which meters from both recommendations will exist, side
by side, before the meters from the deprecated recommendation eventually are removed; and (d) by collecting data
from the Nordic meter, it will be possible to look for quality differences between the old and new recommendations,
e.g., differences in dispersion in output levels.
The Momentary and Short-term meters are implementations of the EBU R 128 recommendation for the two different time scales. The Combined meter displays both the
Momentary and the Short-term time scales simultaneously,
as well as a history plot of Short-term values.
The program material was all mono and therefore no L–R
interchannel differences occurred. Hence, both meter bars
of the Nordic meter had the same tracking.
In all live loudness meter implementations the gated
loudness measurement was used. As was mentioned in
the Introduction, the gate is not incorporated for integrated
measurements. This might lead to a discrepency between
the integrated measurement of an audio segment and the
engineers’ interpretation of a corresponding loudness measure from the fluctuating live loudness meter. The study was
not designed to investigate this particular question. The paper compares the effects of differences between time scales
and gating is not performed in any of the meter candidates.
That said, if a systematic deviation from the target level
would be found for any meter, the non-gating vs. gating
aspect might be a part of the explanation.

2.3.2 Element
Element is a factor that is used to introduce control over
the composition of the stimuli and to add power to the
analysis. An element contains a segment of audio that for
some reason may be treated separately as a subunit of a full
program. The motivation in this case was the segmentation
of the video feed into different video cuts that resulted from
the original live transmission. Each cut contained audio
material that was constant in terms of audio source and
treatment. Different video cuts, on the other hand, differed
in those regards. The purpose of dividing the program into
elements is to present to the subject distinct motives to
perform compensations for loudness shifts at the transitions
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August
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between elements but also to present a variety of program
material.
A sequence of video cuts was chosen from a former and
authentic news broadcast transmission. This set was chosen
because it contained elements with varied dynamic range
and timbre. Each transition between elements introduced a
significant shift in loudness. Both the order and the timing
of the elements were maintained from the original transmission. They were retrieved from a recording of the original
broadcast at the receiving end. This choice retained the authenticity in that the natural flow of events was kept. Hence,
the presentation order of elements was not randomized. For
each element, the audio from the reference video material
was replaced by the audio from the original master tapes
that were once used in the particular transmission. This restored the state of loudness differences between elements to
the original levels prior to any adjustment made by an engineer in the original broadcast transmission. That engineer,
who mixed the original transmission, did not participate in
the study.
The choice of not randomizing the presentation order of
elements bears the consequence that the result for a specific
element may be affected by its position in the playback order and by other elements in the sequence. Because of this,
the authors do not make any inferences about the elements
themselves. They are used primarily to create varied and
authentic stimuli to test the effect of the Meter factor.
Table 3 shows the various properties of the different elements forming the program. Loudness range [27] was considered as a property but was omitted. The measure is not
robust for short form content due to the nature of the statistical calculation. All audio was played back from mono
sound files.

2.3.3 Subjects and Experience
Subjects were recruited to two groups divided according to experience: sound engineering students from Luleå
University of Technology and professional sound engineers in the broadcast industry from Swedish Television
and Swedish Radio.
2.4 Parameters—The Dependent Variables
The complete list of parameters is presented in Table 4
together with their respective labels and short descriptions.
Parameters may be calculated on two levels of granularity for the data: on the program and on elements within
the program. The expressions element data set and program data set are used to distinguish between these two
levels. The data for a particular analysis is retrieved either
from the program data set or the element data set. Where
not otherwise stated, the parameters are calculated on data
from the element data set. For the Output level parameter
both data sets are used. To distinguish between the two an
extension is appended to the label: “OutpLevel prog” for
program loudness and “OutpLevel elem” for element loudness. In the text the parameters are referred to as Program
output level and Element output level, respectively. The
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Table 3. Element properties

Element
1
2
3
4
5
6
7
8
9
10

Description

Type

Loudness
(original) [LU]

Jingle
Presenter 1
Correspondent
Presenter 1
Voiceover 1
Respondent 1
Presenter 1
Voiceover 2
Respondent 2
Presenter 1

Music
Female
Male
Female
Male
Male
Female
Male
Male
Female

2.7
2.5
1.2
2.4
5.7
7.0
0.5
−2.9
−1.1
1.7

LDPE – Loudness
Diff. from Prev.
Elem. [LU]

Max Mom.
(loudness
normalized)
[LU]

Max TP
(loudness
normalized)
[dBFS]

PLR
(loudness
normalized)

–0.2
−1.3
+1.2
+3.3
+1.3
−6.5
−3.4
+1.8
+2.8

3.3
3.9
3.1
4.0
5.8
6.2
5.0
4.5
6.8
4.3

−15.0
−7.3
−8.8
−9.3
−6.3
−9.0
−8.0
−8.5
−3.4
−8.6

8.0
15.7
14.2
13.7
16.7
14.0
15.0
14.5
19.6
14.4

“Loudness Diff. from Prev. Elem.” (or LDPE) displays the difference in loudness between the present and the preceding element. “Max Mom.”
displays the highest Momentary reading during the element. The value is only visualized in the Momentary and Combined meters (Sec. 2.3.1).
“Max TP” represents the maximum true-peak value during the element. “PLR” represents Peak to Loudness Ratio (here calculated as the
difference between Max TP and −23 LUFS). “Loudness normalized” in all descriptions refers to the values calculated on a loudness normalized
version of the file (i.e., −23 LUFS).

parameters are described more thoroughly in the following
paragraphs and in Fig. 4.
Output level (OutpLevel) is calculated from the resulting
adjusted waveform after the engineers’ adjustments using
the ITU-R BS.1770 algorithm for loudness measurement.
The value is stated in LU units (0 LU corresponds to −23
LUFS).
Fader variability (FaderVar) is calculated by taking the
standard deviation on all fader levels. It describes the magnitude of fader movements within an element.

Fader movement (FaderMov) is the sum of all movements with the fader over time, disregarding the direction
of the movements. This parameter was further developed
from the previous paper [22] by subtracting Fader travel
from the total movements in an element. Fader travel is
the difference between the Mean fader level of an element
and the fader level at the very start of the element, Initial
fader level. Thus, the effect of the coarse adjustment—
necessary in order to loudness normalize two consecutive elements—is removed from the Fader movement

Table 4. Description of parameters.
Parameters

Label

Type

Short description

Output level (LU)

OutpLevel

O

Fader variability* (dB)
Fader movement* (dB)

FaderVar
FaderMov

F
F

Overshoot* (dB)

Overshoot

F

Target level failures

TargetFail

O

Reference level difference (LU)

RefDiff

O

Loudness tracking (LU)

LoudTrack

O

Initial adjustment time (s)

AdjTime10

F

Coarse adjustment time (s)

AdjTime90

F

The resulting loudness after the engineers’ adjustments
when measured according to ITU-R BS.1770 and
presented in LU (i.e., relative to the −23 LUFS
reference in EBU R 128).
The standard deviation calculated for all fader levels
The sum of all fader movements, disregarding the
direction of movement
Possible temporary overcompensation related to the
transition between two elements differing in loudness
The number of trials where OutpLevel deviates more
than the tolerance span of ±1 LU from the
recommended target level according to R 128
(i.e.,−23 LUFS)
The absolute value of the difference between
OutpLevel and the –23 LUFS reference level
The remaining loudness difference between two
successive elements as measured after the subject’s
level adjustment (i.e., a lower value indicates an
improved loudness tracking)
The instant when 10 percent of the necessary fader
movements for loudness compensation between two
successive elements has been completed
The instant when 90 percent of the necessary fader
movements for loudness compensation between two
successive elements has been completed

Type denotes what type of data the parameter is derived from. “O” denotes output levels and “F” denotes fader data. The parameters indicated by an
asterisk were introduced in [20, 21] where also further information on the formulas may be retrieved.
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Fig. 4. The figure illustrates how the AdjTime10 and AdjTime90 parameters are found. The curve describes some typical fader movements
through a transition between two elements.

parameter. This makes the parameter more fit to describe the effects as a consequence of the dynamics within
elements.
Overshoot (Overshoot)—The algorithm behind Overshoot was changed from the previous paper [23]. First,
the Mean fader level is established. Then the instant when
the fader level first crosses the Mean fader level was derived. From this point on, the first maximum or minimum
is located depending on the direction of compensation. The
Overshoot value is the difference between the fader level
at the found point and the Mean fader level. The signs
are treated in such a way that the Overshoot parameter, if
not zero, always take on a positive value regardless of the
direction of compensation.
Loudness tracking (LoudTrack) describes how successful an engineer’s adjustment is in loudness normalizing consecutive elements. The parameter takes the absolute value of
the difference in OutpLevel elem between two consecutive
elements. A low value implies that the original difference
in loudness (LDPE, Table 3) has been successfully normalized. The parameter relates to the smoothness in transitions
between elements within a program and is not sensitive to
offset errors from the whole program being too loud or too
soft. Since there are 10 elements in a program, there will
be 9 instances per program for this parameter.
Initial adjustment time (AdjTime10) and Coarse adjustment time (AdjTime90) are two instants in the fader
data where 10 and 90 percent of the necessary adjustment, respectively, has been accomplished to compensate
for the loudness difference between two successive elements. Fig. 4 facilitates the understanding of the following
description. To obtain these parameters, we first need to assess the Initial fader level. This is the value of the fader level
at the very start of Element 2. We also need the Mean fader
level—the mean of all fader positions—in Element 2. The
Initial fader level is then subtracted from the Mean fader
level. The fader data in Element 2 must logically travel over
this range at a minimum, or else the Mean fader level of
Element 2 would never be achieved. We call this difference
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August

Fader travel, and this value may be negative. AdjTime10
is defined as the time it takes from the start of Element
2 to the point in time where the fader data cross Initial
fader level plus 10% of Fader travel. The purpose of the
parameter is to reflect on the reaction time, the time elapsed
from the transition between elements, and the initiation of
some compensation with the fader. AdjTime90 is similarly
defined as the time it takes for the Fader data to cross the
Initial fader level plus 90% of Fader travel. The purpose
of this parameter is to describe the speed of adjustment to
perform the greater part of the fader movement, necessary
to achieve the output level of the new element. The parameters are not calculated for the first element in the program
since there is no audio prior to that element.
Target level failures (TargetFail) represents the number of
trials where OutpLevel deviates more than ±1 LU from −23
LUFS, which is the acceptable tolerance in live contexts
according to R 128. The data come from the program data
set.
Reference level difference (RefDiff) is used to investigate
the precision with which an engineer hits a given reference
level when adjusting the audio level of individual elements.
It is calculated as the absolute difference, in LU, between
the OutpLevel and a reference level of −23 LUFS. The
term “reference” was chosen over “target” in this case to
clarify that different parts of a program do not on their own
need to conform to the target level in R 128. The chosen
value for the reference is, however, the same as the target
level.

2.5 Meter Criteria
Here, a set of criteria is proposed to be able to evaluate
loudness meters from the acquired data. The criteria set
is a revision, emanating from the work by Norcross et al.
[8].
In a collaboration between the CRC and the CBC,
engineers were asked about what criteria they use to
judge whether a live loudness meter is satisfactory. The
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following criteria for a satisfactory live loudness meter have
been compiled by Norcross et al. [8]:
1. The ability to display signal levels that are reactive
to changes in fader levels and to changes in the perceived level to provide immediate feedback to the
mixing engineer;
2. The capacity to provide an indication of the current loudness level relative to the listener’s “comfort
zone” [28];
3. Providing information to the mixing engineer to help
achieve specified long-term loudness targets (e.g.,
−24 LKFS, ±2 LU) while mixing live sound.
Early approaches to meter evaluation identified a further
quality: “A loudness meter should be able to represent more
general changes in loudness” [8], but this quality was not
formally proposed as a criterion at the time. As this criterion
later on came to play an important part for the conception
of the Short-term meter, a reformulation of it is included in
the criteria set revised by the authors of the current paper.
The revised criteria for a live loudness meter is defined as
follows:
A satisfactory live loudness meter should assist the engineer to:
1. Achieve the recommended target level for a
program;
2. Compensate for content-dependent delimited offsets
in loudness;
3. Compensate for fast changes in loudness.
The word “satisfactory” was adopted from the works by
Norcross et al. but will here be used in another context.
In the original formulation a “satisfactory” meter is evaluated by engineers’ assessments. In the revised version and
present context, a satisfactory meter is an inference made
by the researcher through analysis of objective data such as
fader movements and output levels.
The word “assist” might be regarded as a vague choice
of wording. The underlying point of departure is that it is
possible that the usage of a meter can be minimal for a professional engineer in cases where the engineer is working
in calibrated and well-known listening conditions. The authors would like to see the meter as a tool that the engineer
find useful for his/her professional work from the engineer’s
own perspective. It is the engineer who is responsible both
for delivering appropriate audio levels to the audience and
to conform to the 0 ±1 LU EBU target level. Any tool that
may assist the engineer with these goals is a “satisfactory
tool.” Consequently, any live loudness meter that may assist the engineer achieve these goals is a “satisfactory live
loudness meter.”
Criterion 1 is essentially the same as suggested by the
CRC (#3). Details on reference levels were omitted in order
to be compatible with different audio level recommendations. Both the deviation from a target level as well as the
dispersion of output levels are of interest when evaluating
this quality.
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Criterion 2 is based on the quality later found by the
CRC, “more general changes in loudness.” However, this
expression was revised to encompass details on what constitute sources to changes in loudness and how these may
affect live loudness adjustments.
There are several motives for an engineer to make adjustments to the audio level in a live broadcast situation. Some
of those motives are related to an understanding of the different components that make up the audio. This could be
the identification of different audio sources, like different
individuals speaking. It also could be the understanding of
the different processes related to audio technology, which
may have contributed to the final audio signal. To illustrate
the idea we may think of a scenario where two people are
speaking with each other but the audio is delivered through
the same channel. The engineer perceives one voice as constantly being louder than the other. In the understanding of
the process that goes into the making of the audio signal,
the engineer may easily identify a reason behind this unbalance. Either the voices themselves explain the difference, or
the engineer identifies that this may be the result of picking
up the audio with separate microphones, different distances
to the microphones, and/or separate gain settings. In either
case, there is a motive to treat the voices as separate entities
that will need separate treatments. The additional information that the engineer has extracted from the audio signal
may be used in the decision making besides the very perception of the audio intensity itself. We will, for the present
discussion, leave out the engineer’s own awareness of this
process.
The engineer uses the additional information to parse the
audio into objects, or layers, that each may have their own
contribution to a loudness offset in the audio signal. The
engineer may then find instants in the audio feed where such
components enter or leave the compound signal to motivate
an action to compensate for the resulting shift in loudness.
This would be an example of an auditory scene analysis
process that is described by Bregman [29]. The objects or
layers above have their counterpart in Bregman’s work as
“auditory streams.” The word “offset” in the revised version
of Criterion 2 refers to a constant loudness contribution to
the compound signal and the word “delimited” indicates
that this contribution is delimited in time. Accordingly,
Criterion 2 captures the compensation for loudness offsets
that are introduced along the timeline as different auditory
streams enter or leave the audio signal.
Criterion 3 may represent the inherent dynamics within
an audio segment. The segment may still be constant as regards audio source and production technique. The criterion
may also help to identify the instants in time of the sudden
shifts in loudness that occur as the result of an onset or offset of an auditory stream. In the present study these instants
are designed to occur at the transitions between elements,
i.e., different segments in a program. It is good if the meter
helps the engineer to identify these transitions to be able to
compensate quickly and accurately.
In this study elements are used to present distinct motives
to perform compensations for loudness offsets along the
timeline. The video cuts themselves reveal information of
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change of scenes that in turn bring in motives for such
compensations. Thus, the experiment aims to control for
loudness compensations along the timeline to be distinct at
the element transitions and at the same time to be minimized
within the elements.
For the remainder of this paper criterion or criteria set
always refer to the revised criteria set.
2.6 Evaluation
This section describes how the parameters in the experiment are connected to the different meter criteria.

2.6.1 Criterion 1—Achieve the Recommended
Target Level for a Program
Criterion 1 is evaluated in three ways. First, the Program
output level (OutpLevel prog) is compared to the recommended program target level to investigate how the different meters fulfill Criterion 1. If any meter causes the mean
across subjects to be outside the ±1 LU tolerance span
around the target level, this would indicate a systematic error of the meter, which would consequently fail Criterion 1.
Second, the number of trials for each meter in which a subject fails to reach the recommended target level (TargetFail)
is counted. The number of failures is used to differentiate
the meters regarding the fulfillment of Criterion 1. Third,
the spread of OutpLevel prog is investigated. A low spread
would mean that engineers read and interpret the instrument
in a similar way and/or that it is easier to use.
2.6.2 Criterion 2—Compensate for
Content-Dependent Delimited Offsets
in Loudness
Criterion 2 is also evaluated in three ways. First, the
Loudness tracking (LoudTrack) parameter measures how
accurately the engineer compensates for the difference in
loudness between two consecutive elements. This measure
focuses on the balancing act between two succeeding elements leaving out the offset error for the whole program.
Second, various descriptive statistics for the dispersion of
Element output level (OutpLevel elem) is investigated. A
low spread would mean that engineers read and interpret
the instrument in a similar way and/or that the errors caused
by the different elements are small. Third, the parameters
OutputLevel elem and Reference level difference (RefDiff)
are used to investigate the mean of output levels and how
close the output levels of the different elements are to the
reference level of −23 LUFS. R 128 does not address the
alignment of audio levels in different parts of a program,
but it is still valuable to investigate the dimensions of the errors across various elements. A small error should indicate
that the meter accurately registers the loudness of different
parts of a program and should also facilitate targeting −23
±1 LUFS for the full program.
2.6.3 Criterion 3—Compensate for Fast Changes
in Loudness
Criterion 3 is evaluated in two ways. First, by looking at
the adjustment resulting from a transition between two elJ. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August
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ements. Second, by looking at how the dynamics within
an element were treated. The parameters Initial adjustment time (AdjTime10) and Coarse adjustment time (AdjTime90) are used to investigate the time of adjustment
that is related to the transition between two elements. This
makes it possible to investigate whether the integration time
of a meter affects these measures. Overshoot measures any
temporary overcompensation that is related to the transition to the present element. Fader Movement (FaderMov)
and Fader variability (FaderVar) are used as measures of
how the dynamics within an element are treated. If a meter
induces more and larger adjustments, one may question if
these adjustments are justified. The listening audience does
not have the visual stimuli of a meter that the engineer has,
and a meter might induce adjustments that would not have
been made if only the audio stimuli had been present.
2.7 Analysis
A general linear mixed model (called hereafter “mixed
model”) was used to analyze the data. In the literature by
Seltman [30], Corbail & Searle [31], and Pinheiro & Bates
[32] we find several arguments for fitting a mixed model
and using a restricted maximum likelihood (REML) method
[31, 33] to estimate the random effects instead of applying
the more traditional analysis of variance (ANOVA). First,
the REML approach is more suitable for estimating several
random components in the same model, as compared to
the least squares method that is used in ANOVA. As will
be accounted for below, Subject, interactions with Subject,
and the error term were all treated as random components.
Second, the mixed model can cope with unbalanced data as
opposed to ANOVA, where this trait instead would violate
one important assumption. In the present study there were
not equal numbers of subjects within each category in the
Experience factor. Third, as opposed to ANOVA, the mixed
model may cope with heterogeneous variances of the different levels within a factor. As we will see in the results,
the Meter factor had this trait.

2.7.1 Distribution and Transformation of Data
For each parameter (except for Target level failures, see
Sec. 3.1.2), the distributions for each factor and factor level
was examined. For several parameters the data had a positive skew. The data were transformed to attain normal distribution prior to the analysis. For each parameter, several
transformations were tested and normal probability plots
of the transformed data were created for each factor and
factor level. By visual inspection, the transformation that
yielded the best match betwen the residuals and the projected√line in such a plot was chosen. A transformation
with 3 x was chosen for the parameters LoudTrack, RefDiff, AdjTime10, AdjTime90,
Overshoot, and FaderMov. A
√
3
transformation with x 2 was chosen for FaderVar. That
is, the cubic root was applied to the variance measure instead of the original standard deviation measure (Table 4).
Data from OutputLevel elem and OutputLevel prog were
not transformed.
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2.7.2 Mixed Model
A separate model, of the type of mixed model described
above, was fitted for each parameter. The factors in Table 1
constitute the independent variables and the parameters in
Table 4 constitute the dependent variables in the analysis.
Meter, Element, and Experience, as well as their first-order
interactions, were modeled as fixed effects. Subjects were
modeled as a random effect. The interaction between Subject and Meter and between Subject and Element were also
modeled as random effects. The MIXED procedure in IBM
SPSS was used to fit the model. The procedure was based
on the REML method to estimate the random effects.
A simpler version of the model was used for the special
case of analyzing OutpLevel prog since the data in this
case do not contain the Element factor. The model was
identical to the one described above but with Element and
Interactions with Element excluded.
For each parameter investigated, depending on the outcome of the original model, a reduced model was fitted in
which all the non-significant first-order interactions were
removed (α = 0.05). This step incorporated the fixed as
well as the random effects. The procedure was repeated iteratively, removing the entry with the highest p value, until
no further non-significant first-order interactions remained.
Only the final, reduced models are presented.
The significance level was set to 0.05 for all tests of the
final (reduced) models as well as the tests for the different
components within the models.

2.7.3 Effect Size
An effect size, η2 – eta-squared, was calculated for each
independent variable for each parameter analyzed. η2 denotes the part of explained variance for the different factors
in the model for the total variance, including the spread
from subjects and measurement errors. The statistic should
not be confused with the partial eta-squared statistic [34].

2.7.4 Post-Hoc Tests
Post-hoc tests were performed for the Meter factor when
the Meter main effect was significant. Multiple pairwise
comparisons were performed between all levels within the
factor. For all post-hoc tests, the significance level was set
to 0.05 and the Sidak adjustment for multiple comparisons
was applied.

2.7.5 Test of Variances
For each fixed factor a Levene test for homogeneity of
variances between the different levels within the factor was
performed (α = 0.05). The result of the test is important for the discussion in Sec. 2.7.6 on model assumptions. Also, for the parameters OutputLevel prog and Output level elem, the test is needed before any post-hoc test
can be performed to investigate differences in dispersion of
output levels between meters. The Meter factor was significant for the parameters OutpLevel Elem and RefDiff.
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2.7.6 Model Assumptions
Several assumptions should be met for attaining the validity of a mixed model. Literature was reviewed with regards to those assumptions [31, 32, 35–37]. The authors
of the present paper regard the assumptions as being met.
Assumptions regarding the distribution of the data will,
however, need some further elaboration. Other validity issues regarding the modeling of variances, restrictions in
randomization, and parameter definitions will follow.
Distribution in Data Two basic distributional assumptions are [32]:
Assumption 1—The within-group errors are independent
and identically normally distributed, with mean zero
and variance σ2 , and they are independent of the random effects.
Assumption 2—The random effects are normally distributed, with mean zero and covariance matrix  (not
depending on the group) and are independent for different groups;
The Shapiro-Wilk test is one common objective test of
normality. However, moderate departures from normality
can usually be used in parametric procedures without loss
of integrity [35]. If the procedure is about comparing means
and the sample size is large, the Central limit theorem justifies departures from normality [38]. The SPSS manual and
Bock do not recommend diagnostics of normality when the
sample size is larger than 50 [37, 39]. As an alternative to
formal testing Montgomery suggests visual inspection of
normal probability plots: the “fat pencil test” [40].
The transformed data were checked for normality (α =
0.05). In the present work inferences from the results are
only made from the differences in means between groups.
For the above-mentioned reasons, the means from the different subjects’ trials was investigated with the ShapiroWilk test (n = 36), and the residuals from the complete
model were investigated with normal plots and visual inspection (n = 1260 or 1400), i.e., a Q-Q plot based on a
normal cumulative distribution.
All normal probability plots on residuals passed the pencil test except for the AdjTime10 parameter that could be
regarded as a borderline case. The deviation from normality could best be described by its positive skew of 0.32,
which is a small value for this statistic. For this reason
and for the reasons given above, this moderate departure should not cause any concern for the validity of the
model.
The Shapiro-Wilk tests for normality among subject
means yielded no significance, except for the parameters
FaderMov, RefDiff, and LoudTrack (Appendix, Table 16).
These all included two outliers each in the region of 1.5 to
3.0 standard deviations. No motive was found to exclude
them in the analysis. By investigating the normal probability plots, the deviation from normality was all explained
by these outliers. This was also confirmed by performing
Shapiro-Wilk tests on the current data sets without outliers.
In this case the distributions did not depart from normality.
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August

3 RESULTS AND DISCUSSION
The results are presented in their post-analysis form.
Since much of the discussion deals with differences between performances rather than absolute measures, a detailed presentation of certain values has been omitted in
favor of showing the significant differences.
The paper focuses on the effect of Meter. Other significant factors and interactions not mentioned in the text
could therefore exist. They may, however, always be found
in the tables. The tables describing the tests for fixed effects
from the mixed model analyses are placed in the Appendix.
The tests of the very models themselves were in all cases
significant.
The results from post-hoc tests are condensed to tables
of homogeneous subsets. In such a table, the meter candidates that were not possible to separate statistically were
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August

Nordic

15
10
5

Momentary

0
15
10
5
0
15
Short-term

The authors of the present paper still regard the assumption of normality as being met but with the added remark
that, for the aforementioned parameters, there exist subjects, somewhere around 2 out of 34, that generate outliers
on the high end of the distribution that are not predicted by
the model.
Homogeneity of Variances The post-hoc tests, described in Sec. 2.7.4, are based on the different estimated
variances that result from fitting the corresponding mixed
model. As was accounted for in Sec. 2.7.5, the variance
was heterogeneous in some cases. A mixed model may
cope with heterogeneous variances among the levels within
a factor. This could be done in several ways. In this case two
parameters were used to model the within-group variance of
a factor. One describing the common variance across factor
levels and one describing the difference in variance between
factor levels. It would be possible, as an alternative, to give
each factor level a unique parameter to model each levels’
variance separately. This was tested but resulted in higher
BIC values (Bayesian Information Criterion), meaning that
the extra complexity in the model was hard to motivate for
the loss of degrees of freedom.
Randomization Restrictions It is important to include
the interactions to achieve a correct probability value for
the main effects. However, because of the restrictions in
randomization of playback order (both within Element and
between Meter and Element), caution should be taken when
interpreting the results for Elements. The results for a specific element may be affected by its position in the playback order and the elements that surround it. The interaction Meter × Element is confounded with the effects of
the randomization restriction in that the Meter setting is a
Hard-to-change factor (i.e., the Meter experimental setting
is fixed while the Element setting is iterated).
Parameter Definitions The correlation between FaderVar and Overshoot were specifically explored, as the parameters have some commonality in their designs. Since
Overshoot measures the size of a deviation from the Mean
fader level, close to a transition between elements, generally large movements throughout the second element (i.e.,
FaderVar) would also affect this parameter.
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Fig. 5. Distribution of output levels from programs per meter. The
y axis represents the number of trials that resulted in the various
output levels. The graph is based on the raw data.

assigned a common letter. The tests were performed on the
transformed data and incorporated the Sidak adjustment
for multiple comparisons. The estimated marginal means
for the different meter candidates are also presented in the
tables in the corresponding original scale.
To condense the language, expressions like “The meter
caused. . .” are used throughout the Results section. The
shortened phrases imply a more intricate situation where
an engineer deliberately utilizes both the display of a meter
and audio feedback to perform a task that in turn yields an
experimental result.
3.1 Criterion 1—Achieve the Recommended
Target Level for a Program
The parameters Program output level (OutputLevel prog) and Target level failures (TargetFail) were used
to evaluate Criterion 1.

3.1.1 Compliance with the Recommended Target
Level
Fig. 5 gives a comprehensive overview of the parameter
OutputLevel prog. The tests of fixed effects are found in
Table 17.
The choice of meter had an effect on Program output
level (p < 0.001). The differences were small, however:
only 1.0 dB between the extremes (Table 5).
In one study the difference limen for discriminating the
loudness of 0.5–1.5 s time-separated vowels was typically
1.5 dB [41]. This would mean that the practical implications
of the result in the present study are small to negligible. We
can also see in Table 5 that the means for each respective
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Table 7. Descriptive statistics, OutpLevel prog

Table 5. Multiple comparisons, OutpLevel prog
Meter

Mean (LU)

Homogeneous subsets

−0.44
−0.18
0.44
0.56

Momentary
Combined
Short-term
Nordic

A
A
B
B

Mean represents the estimated marginal means of the Program output
level parameter. The LU units refer to the difference to the −23 LUFS
reference in R 128. The confidence intervals were typically ±0.19 LU.

Table 6a. Count of target level failures, TargetFail

> 1 LU
< −1 LU
Total failures

Nordic

Momentary

Short-term

Combined

12
1
13

3
5
8

6
1
7

2
3
5

The table shows the number of cases out of a possible 35 where the
output level deviated more than ±1 LU from −23 LUFS. One may
also read out if the deviation was on the high or the low end.

Table 6b. Count of accepted target levels
Nordic Momentary Short-term Combined
Within ±1 LU

22

27

28

30

The category “Within ±1” was derived from taking the total number
of trials, 35, minus the total number of failures, found in Table 6a,
for each meter.

meter are all within the ±1 LU tolerance span. Thus, no meter caused a systematic error sufficiantly large to violate the
recommended target level in EBU R 128. The confidence
intervals of ±0.19 LU were small enough to state that the
method is sufficiently powerful to evaluate the criterion.

3.1.2 Count of Failures to Achieve the
Recommended Target Level
Table 6a shows the result for TargetFail and Table 6b
shows the corresponding count of accepted trials. To test
for differences between meters, a Fisher exact test was
perfomed on a 3 × 4 contingency table. In the table, the
three rows are represented the categories “< −1 LU”, “> 1
LU” from Table 6a, and “Within ±1 LU” from Table 6b. The
four columns represented the four meters. The result was
significant (p = 0.015). The test was followed up with
multiple pairwise Fisher exact tests with Holm-Bonferroni
correction. The paired test for the Nordic and Combined
meter was significant (p = 0.005, α = 0.008) and the
paired test for the Nordic and Momentary Meters failed
significance by the smallest margin (p = 0.011, α =
0.010). The other tests were not significant.
The logical explanation for the significant results is attributed to the Nordic meter. One may clearly see that the
Nordic meter caused an excessive number of trials to be too
loud in comparison to the Momentary or Combined meter
(12 in comparison to 3 or 2) and this statement is supported by the Fisher exact tests. The results tell us that the
Nordic meter causes an excessive number of loud elements
interpreted with the R 128 recommendation. That is, when
568

Std. Dev.
Interq. range
Skewness
Kurtosis
Shapiro-Wilk
(p value)

Nordic

Momentary

Short-term

Combined

0.99
1.34
−0.22
0.08
0.88

1.08
1.05
1.11
2.71
0.01∗

0.81
1.03
0.52
1.90
0.20

0.89
0.57
0.75
3.57
0.01∗

The statistics are based on the raw data and describe the distribution per
meter. The Momentary and the Combined meter failed the Shapiro-Wilk
test for normality (here indicated by asterisks).

used together with the Swedish Television technical specifications at the time (i.e., that normal speech should hover
between 0 and +6 dB, the reference being −18 dBFS, using the Nordic meter) [25, 42]. This result is not surprising
given that the Nordic meter conforms to another recommendation, EBU Tech 3205, than the loudness-based meters. No difference was found between the loudness-based
meters.

3.1.3 Distribution of Output Levels from
Programs
Table 7 shows different descriptive statistics for the distribution in OutpLevel prog.
Investigating whether the distribution differed among
the different meters, a Levene test yielded no significance
(p = 0.48) but a Kruskal-Wallis test did (p < 0.001).
Since the Kruskal-Wallis test is sensitive to differences in
both median as well as shape, it was performed on a data
set where all the factor levels of Meter were normalized
according to their respective medians. The Kruskal-Wallis
test thus demonstrates that the distribution is different between the meters. To investigate the differences further, the
Westenberg test for inequality of interquartile ranges was
performed for all pairs. No significance was found when
the Holm-Bonferroni correction was applied. The explanation behind the failed normality test for the Momentary and
Combined meter is probably the high Kurtosis values.
The Combined meter stands out with the highest kurtosis
value. The Kruskal-Wallis test confirmed that the distributions within the different meters have different shapes, but
no significant difference was found for any test specifically tied to spread. The found effect may be the result of
the Combined meter presenting more information to the
engineer. The two time scales represented might help the
engineers to find coherent audio levels. It might also diversify the engineers if they use different parts of the available
information. The found significance may also be explained
by the Nordic Meter having a flatter distribution than the
loudness meters.
3.2 Criterion 2—Compensate for
Content-Dependent Delimited Offsets
in Loudness
The parameters Loudness tracking (LoudTrack), Element output level (OutpLevel elem), and Reference level
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August
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Table 9. Descriptive statistics, OutpLevel elem

Nordic

60
40
20

Std. Dev.
Interq. range
Skewness
Kurtosis
Shapiro-Wilk
(p value)

Momentary

0
60
40
20

Short-term

Momentary

Short-term

Combined

1.63
2.13
−0.45
0.38
< 0.01∗

1.63
1.99
0.30
0.87
< 0.01∗

1.38
1.65
0.13
0.71
0.01∗

1.38
1.65
0.35
1.44
< 0.01∗

The statistics are based on the raw data. All meters failed the
Shapiro-Wilk test for normality (here indicated by asterisks).

0
60
40

Table 10. Pairwise comparisons, dispersion of OutpLevel elem

20
0

Combined

Nordic

60
40
20
0
-6 -5 -4 -3 -2 -1

0 +1 +2 +3 +4 +5 +6

OutputLevel_elem (LU)

Fig. 6. Distribution of output levels from elements per meter. The
y axis represents the total number of elements that resulted in the
various output levels. The graph is based on the raw data.

Table 8. Multiple comparisons, LoudTrack
Meter
Combined
Short-term
Nordic
Momentary

Mean (LU)
0.78
0.81
0.90
0.93

Homogeneous subsets
A
A
A

B
B
B

Mean represents the estimated marginal means of the Loudness tracking
parameter.

difference (RefDiff) were used to evaluate Criterion 2. Fig. 6
gives a comprehensive overview of OutputLevel elem.

3.2.1 Loudness Compensation between
Successive Elements
Table 8 shows the results from multiple comparisons for
LoudTrack. The tests of fixed effects are found in Table 18.
The main effect Meter (p = 0.003), Meter ×
Element (p < 0.001), and Meter × Experience (p =
0.029) were significant. Table 8 shows that the Combined
meter caused smaller loudness differences between successive elements than the Momentary meter. This means that
better loudness normalization between successive elements
was achieved for the former of the two meters. The effect
size of Meter was many times smaller compared to the effect size of Element. This suggests that Meter only has a
minor importance. The difference between the meters for
the measure in question was also small: only 0.15 dB between the Combined and the Momentary meters. Even if
this figure is a mean resulting from many transitions, this
should likely be hard to detect.
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August

Comparison

Levene
(p value)

Westenberg
(p value)

Nordic, Momentary
Nordic, Short-term
Nordic, Combined
Momentary, Short-term
Momentary, Combined
Short-term, Combined

0.291
< 0.001∗
< 0.001∗
0.011∗
0.006∗
0.810

0.109
0.003∗
< 0.001∗
0.018
0.009∗
0.115

α value was adjusted with the Holm-Bonferroni correction. Asterisks
indicate significant differences.

3.2.2 Distribution of Output Levels from
Elements
Table 9 shows some descriptive statistics regarding the
distribution for OutpLevel elem for each meter.
A Levene and a Kruskal-Wallis test on all factor levels of Meter both showed significance (p < 0.001). Posthoc tests were performed for all pairwise comparisons (Table 10). Levene tests showed that the Short-term and Combined meters have a smaller spread than the Nordic and the
Momentary meters. Prior to the Westenberg tests, the median was subtracted from all data points for each meter. The
p value for the Westenberg tests between the Momentary
and Short-term meters is worth noting since it was close
to the corrected α value of 0.017. The two different tests
for spread investigate different aspects of spread. Though
it could be argued that the Levene test should not be used
because of the deviations from normality in the data, the
outcome of the two tests is essentially the same, which
increases the validity for the conclusions.
The results show that the Short-term and Combined meter have less dispersion in comparison with the Nordic and
Momentary meters. This means that the Short-term and
Combined meters enables greater precision in finding a
general level for the audio material investigated. The Combined meter also stood out with its higher kurtosis value
(Table 9), suggesting that the data points are more closely
distributed around the center. The smaller dispersions could
be the result of engineers reading, interpreting, and/or reacting in a similar way to the graphical presentation. Another
explanation could be that the meters are easier to read, interpret, and/or react to. Taking the latter explanation one
step further, we may regard the engineer as an integrator of the fluctuating values of a meter. In this case the
three-second integration time visualized in the Short-term
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Table 11. Multiple comparisons, OutputLevel elem
Meter
Momentary
Combined
Short-term
Nordic

Mean (LU)
−0.46
−0.20
0.39
0.43

portance of the size of the found differences is not yet fully
understood.

Homogeneous subsets
A
A
B
B

Mean represents the estimated marginal means of the parameter
OutpLevel elem. The LU units refer to the difference to the −23 LUFS
reference in R 128.

Table 12. Pairwise comparisons, RefDiff
Meter
Combined
Short-term
Momentary
Nordic

Mean (LU)
0.76
0.81
1.03
1.12

Homogeneous subsets
A
A
B
B

Mean represents the estimated marginal means of the Reference level
difference parameter .

and Combined meters, reduces the magnitude of the movements of the meter indicator, thus facilitating the remaining
task for the engineer to interpret an average from the readings. The lesser dispersion in the Short-term and Combined
meters should be beneficial for the resulting output levels.
The importance of the size of the found difference is not
yet fully understood.

3.2.3 Deviations from the Reference Level
Table 11 shows the output from multiple comparisons
for OutputLevel elem. The tests of fixed effects are found
in Table 19.
The Meter factor (p < 0.001), Meter × Element
(p < 0.001), and Meter × Experience (p < 0.001)
were significant. The choice of meter thus affects the mean
of output levels from elements. The output levels were divided into two homogeneous subgroups (Table 11) in the
same pattern as was found for the Program output level
(Table 5). The means were all within ±0.5 LU from the
reference level. Thus, there were no meters that caused output levels that systematically deviated from the reference
in any adverse way.
Table 12 shows the results from pairwise comparisons
for RefDiff. The tests of fixed effects are found in Table 20.
The main effect Meter was a significant (p < 0.001)
as well as Meter × Element (p < 0.001) and Meter
× Experience (p = 0.020). The effect size for Meter
(η2 = 0.027) is approximately half the size of the one for
Element (η2 = 0.064) and the interaction between Meter and Element (η2 = 0.071). Overall, the fixed factors
explained only a small part of the variance. Post-hoc tests
(Table 12) showed that the Short-term meter and Combined meters had a smaller mean difference to the reference level of −23 LUFS than the Nordic and Momentary
meters had. This suggests that the former meters have an
advantage in normalizing single elements to a predefined
loudness target level. In the long run, this should also be
beneficial for finding the target level of a program. The im570

3.3 Criterion 3—Compensate for Fast Changes
in Loudness
The parameters Initial adjustment time (AdjTime10),
Coarse adjustment time (AdjTime90), Overshoot, Fader
movement (FaderMov), and Fader variability (FaderVar)
were used to evaluate Criterion 3.

3.3.1 Adjustment Related to Element Transitions
The tests of fixed effects for AdjTime10 are found in
Table 21.
On the corresponding original scale, the estimated
marginal means for AdjTim10 for the different meters varied between 0.64 s and 0.72 s and the 95% confidence intervals were typically ±0.06 s. The means for the different
elements varied between 0.28 s and 1.17 s.
For the Initial adjustment time parameter no significance
was found for the Meter main effect (p = 0.32). The effect size for Meter (η2 = 0.002) was much smaller than
that reported for Element (η2 = 0.190). This suggests
that even if an effect were present for the Meter factor in
an extended study, it would have a minor impact compared
to the Element factor. Compared to the range of integration times between Meter candidates, ranging from 10 ms
to 3 s, the resulting range of initial adjustment times of
0.64 s to 0.72 s is notably smaller. This illustrates the absence of an important effect. The absence of an effect and
the resulting upper limit of the resulting adjustment times
also mean that the subjects must have acted on the auditory
information, or else their reaction would have been much
more delayed using the slower, three-second, Short-term
meter. The conclusion from this is that if a good listening
condition prevails, the meter will not affect the Initial adjustment time. Also, the results show that the auditory information was, in the present study, essential for the engineers’
actions.
The tests of fixed effects for AdjTim90 are found in
Table 22.
No main effect was found for Meter (p = 0.116). An interaction between Meter and Element (p < 0.001) suggests
that the meter may be of importance for some elements.
Among the fixed effects, the effect size for Element clearly
explains the largest part of the variance in the data (η2 =
0.458). The effect size of Meter × Element (η2 = 0.044) is
minor compared to the effect size of Element.
Due to the restriction in randomization of presentation
order of elements, post-hoc tests to investigate the interactions further were not performed. On the corresponding
original scale, the means for AdjTim90 for the different meters varied between 1.67 and 1.86 s and the 95% confidence
intervals for the factor levels within Meter were typically
±0.12 s. The means for the different elements varied between 0.52 s and 6.21 s. The largest difference in mean
found between any two meters per element was 3.1 s. This
demonstrates that the choice of meter may be important for
some type of elements.
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Table 13. Pairwise comparisons for Overshoot
Meter

Mean (dB)

Nordic
Momentary
Combined
Short-term

0.60
0.65
0.74
0.79

Homogeneous subsets
A
A

B
B

C
C

Mean represents the estimated marginal means of the Overshoot
parameter. The values have been transformed back to the original scale.

Table 14. Pairwise comparisons, FaderMov
Meter
Nordic
Momentary
Short-term
Combined

Mean (dB)
0.36
0.41
0.43
0.48

Homogeneous subsets
A
A

B
B

C
C

Mean represents the estimated marginal means of the Fader movement
parameter.

The importance of element properties when combined
with different meters could be investigated further to understand the effect on Coarse adjustment time.
Table 13 shows the results from multiple comparisons for
Overshoot. The tests of fixed effects are found in Table 23.
The Meter factor and its interaction with Element were
significant (p = 0.001). The effect size for Element
is the largest (η2 = 0.153). The Nordic meter yielded
a significantly lower value for Overshoot than the Combined and Short-term meters did (Table 13). The explanation may be similar to the one for Fader variability
that is given in the next section. The Pearson coefficient
of 0.38 for the Overshoot and Fader variability parameters was found to be significant (p < 0.01). This indicates
that the two parameters have a low correlation. The effect
size for Meter is small (η2 = 0.009) suggesting a low
importance.
The conclusions for the parameters in this section are
only valid for good listening conditions. It would be valuable to follow up the result with a test where the auditory
presentation is degraded.

3.3.2 Treatment of Dynamics within Elements
Fader movement (FaderMov) and Fader variability
(FaderVar) were used to evaluate the treatment of dynamic
fluctuations within elements. The tests of fixed effects for
FaderMov are found in Table 24.
The Meter factor (p < 0.001) and its interaction with
Element were significant (p < 0.001). The effect size for
Meter (η2 = 0.016) is small in comparison to Element
(η2 = 0.137).
Table 14 shows that the Combined meter yielded more
movements with the fader than the Nordic and Momentary
meters did. The Short-term meter resulted in more movements than the Nordic meter. The difference must have
been caused by the graphical representation rather than
the auditory stimuli (since the auditory stimuli was constant). This raises the question of whether the graphical
J. Audio Eng. Soc., Vol. 66, No. 7/8, 2018 July/August

representation increases or decreases the amount of fader
movement compared to a situation with no visual stimuli
at all (and where only the auditory stimuli remains)—an
issue that could be settled in a separate test. The authors
believe it is more likely the case that the additional information presented in the Combined meter induces more
reactions (i.e., movements). However, this does not fully
explain the Short-term meter’s performance showing no
significant difference from the Combined meter. The extra
movements could also be the result of the short-term time
scale that is represented in both the Short-term and (as a
part of) the Combined meter. The subject could be encouraged to compensate for the slower fluctuations, even if they
would not had been motivated by the auditory feed alone.
In either case, the additional movements of the Short-term
and the Combined meters induces fader movements and
thereby gain changes that are not justified from a loudness control point of view. The compensations are neither
necessary to comply with R 128, nor are they motivated
by the intention to deliver comfortable audio levels to the
audience.
Another possible explanation may include that some meters would instead reduce movements. The explanation offered in this situation would be that the graphical presentation diverts attention from auditory perception and that
as a result, the engineer is not as attentive to the changes
justified by auditory stimuli as s/he would have been if s/he
had not been distracted by the graphics. This seems more
far-fetched but cannot be ruled out.
Last, regarding the faster meters, such as the Nordic
meter, the meter may be too fast for the engineer to act
on. The engineer may then choose to relax instead of using
rapid compensating movements. This could actually be a
benefit compared to slower meters, if the amount of fader
movements would correspond to a test run without any
graphical stimuli.
The tests of fixed effects for FaderVar are found in
Table 25.
The tests for FaderVar showed that the Meter factor
(p < 0.001) and its interaction with Element (p < 0.001)
were significant. Among the fixed effects, the effect size for
Element (η2 = 0.425) clearly explains the largest part of
the variance in the data. The fact that the interaction Meter
× Element (η2 = 0.056) has a larger effect size than the
main effect of Meter (η2 = 0.013) suggests that the Meters effect to a large extent is dependent on the content of
an element.
Post-hoc tests showed that the Short-term and Combined
meter resulted in larger movements (i.e., larger deviations
from the mean fader level for each element) than the Nordic
and Momentary meter did (Table 15). The difference may
only have been caused by the difference in graphical
representation, which may be of similar origin as for
FaderMov. To this, one may add the idea that a meter could
be too slow to give feedback to the engineer in time, and
as a result of this the engineer might act with excessive
movements. When the meter catches up, the engineer
may realize that compensation in the reverse direction
is needed. A oscillation could have been formed as a
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Table 15. Pairwise comparisons for FaderVar
Meter
Nordic
Momentary
Short-term
Combined

Mean (dB)
0.83
0.86
0.94
0.95

Homogeneous subsets
A
A
B
B

Mean represents the estimated marginal means of the Fader variability
parameter.

result of the feedback loop between the engineer and the
meter. Both the Short-term and the Combined meter have
a common presentation of a three-second integration time
which, with the explanation above, could explain the larger
movements. In this case one may also question whether
the larger movements are justified.
Loudness-based meters were new to the subjects. Even
though the experienced engineers were familiar with the
concept of loudness normalization, the use of a loudness
meter might still require experience before the concept is
fully understood from a practitioner viewpoint. When the
craftsmanship is fully based on the concept of loudness
normalization, the excessive movements for the Short-term
and Combined meters might seize in favor for more relaxed
movements. In principle, it would be possible to look for
the kind of feedback loop described above by looking at
the correlation of the meters response to the engineers’
movements. At this point, we will leave this as a proposal
for future research.
3.4 Validity
At the time of the experiment, the subjects had never
used a loudness meter and only few of them had ever seen
one. The importance of learning a meter was not possible
to capture in this study. Perhaps a future study could examine the difference between these results and future results,
gathered after the loudness meters have been in use for
some time. The cause of the larger movements, resulting
from using meters where the three-second integration time
was present, should be explored in particular. It should be
settled whether this is the result of not trusting one’s own
ears enough or from the misconception that loudness normalization implies that audio levels should be adjusted to
−23 LUFS at all times. Even if the recommendation R 128
and the concept of loudness normalization were explained
to the subjects in the instructions, no specific test was made
to check how the subjects had understood the task. The subjects’ opportunity to ask questions, as was described earlier,
might not have captured all possible misconceptions.
The experiment was carried out under good listening
conditions. This is not always the case when it comes to
some real life applications within broadcast production. If
different kinds of disturbances were added to the experiment, reducing the engineers’ ability to rely on the auditory
stimuli, the methods described in this paper might yield
other results. In particular, it is anticipated that the effect
size as the result of the choice of meter would be larger and
thus become more important.
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The representative selection of audio material was limited; it consisted mainly of spoken word. A future study
might expand the types of materials chosen in order to better understand the interaction between the meter and the
audio material.
One may discuss the validity of having all the audio feed
on one channel, controlled by one fader only. In fact, this
choice was inspired by a similar setup at Swedish Television, where the audio from all edited video was fed to
the same channel and where the engineers had to adjust
a wide range of audio levels for different audio segments
(i.e., elements). This is, however, a specific setup that does
not represent all types of usage for a loudness meter. Other
types of environments like multiple channels and faders or
the media platform (e.g., television, radio, or web), need
to be simulated and investigated in order to widen the relevance of the conclusions to various types of applications.
Still, the presented methodology is at least based on a task
in which the meter is used as a tool and where the meter
reflects the engineers’ actions, and this increases ecological
validity in comparison to methods that do not incorporate
those features.
The validity of the Overshoot parameter may be questioned because its effect might be correlated with the overall
size of movements throughout the element (i.e., the Fader
variability parameter). The revision of the Overshoot parameter (Sec. 2.4) resulted in a lower correlation compared
to the previous pape [23]. The two parameters now describe
more differentiated aspects of meter quality.
The construct of the Overshoot and AdjTime90 parameters will logically bring forth that the presence of an overshoot will also yield a low value for AdjTime90. On one
hand, this is not a severe problem as the occurrence of an
overshoot, per definition, means that also the coarse adjustment has been achieved in a short time. On the other
hand, the distribution of Adjtime90 may be bimodal, depending on whether an overshoot has been present or not.
It is also possible that occurrences of overshoots will increase the range of values in Adjtime90 and, as a result
of this, the statistical power to find effects in Adjtime90
will decrease. Further investigation is needed to be able to
draw firm conclusions from the Overshoot parameter and
the interpretation of an absence of a significant effect in the
Coarse adjustment time parameter.
In the reported study, the stimuli included a video feed
alongside the audio feed. It is highly probable that the video
feed will have an effect on some of the parameters that
were investigated. One particular parameter that might be
affected is the initial reaction time related to the transition
between two elements. Each element in the program had
an inherently different loudness offset that motivated compensation by the engineer. When the program was edited
originally to be broadcasted to an audience, the video and
audio feed had a natural link. This means that at all places
where a transition between two elements occur, there is a
cut in the video feed. It would be probable that the video
feed helps to identify the transition from one element to
another. This in turn could have an affect on the reaction
time for such a transition. This question was not targeted
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in this study. The discussion will still be valid, however.
The reported differences between meters, however, cannot
be explained by the video feed since the video feed was
constant. It is the differences between the meters, and not
the individual values for different meter candidates, that the
conclusions are based on.
4 CONCLUSIONS
The study focused on the actions and outcomes when
engineers ran a simulated broadcast show. The results
show statistically significant differences within the investigated parameters on several counts and thus point to
a number of possible conclusions. One level of conclusions takes in statements about quality of the very meters that were included in the study. Another level of
conclusions addresses the methodology itself, including
comments about the applicability of the proposed set of
meter criteria and the proposed link between the criteria
set and the different parameters that were derived from the
data.
4.1 Conclusions on Meters
Regarding Criterion 1, “Compliance with the recommended program target level,” no meter led to output levels
for programs that systematically exceeded the ±1 LU tolerance span around the target level (as applicable for live
contexts in recommendation EBU R 128). The Nordic meter gave rise to unduly loud elements, exceeding +1 LU
with regard to R 128. The conclusion from this is that
all meters met Criterion 1, but the Nordic meter—at least
for some types of audio material and when used with the
present specification at Swedish Television—may be rated
lower regarding this criterion than the designated loudness
meters.
Regarding Criterion 2, “Compensate for inter-segment
loudness differences,” the Combined meter led to smaller
loudness differences between successive elements than the
Nordic meter did, albeit with a small effect. The dispersion of output levels of audio segments was smaller for the
Short-term and Combined meters than for the Nordic and
Momentary meters. Similarly, the deviations of the output
levels from −23 LUFS were smaller using the Short-term
or Combined meter. The conclusion from this is that the
Short-term and the Combined meters meet Criterion 2 to
a greater degree than the Nordic and Momentary meters.
However, the importance of the size of the found differences
was not settled.
Regarding Criterion 3, “Compensate for fast changes in
loudness,” under good listening conditions the choice of
meter does not have any important effect on the reaction
time and for some types of audio it may affect the coarse adjustment time. This is interesting, since a slower response
could be expected from a slower meter. The meters with
the slower, three-second integration time may have a disadvantage in that they lead to more excessive movements.
However, other explanations have been offered such as the
potential effect of inexperience with the particular meters.
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The issue should be investigated further. We can also conclude that the auditory information was essential for guiding the engineers’ actions in this study. It is apparent that
if the audio was degraded, as can happen under real-life
conditions, some meters in this study might not provide the
engineer with the required feedback to make required loudness adjustments. It is therefore important to investigate the
meters under non-optimal listening conditions as well by
introducing limitations in the playback system or add noise
to the acoustic environment.
4.2 Conclusions on Methodology
The proposed method provided a toolset consisting of a
method for analyzing engineers’ actions and a set of meter
criteria to be able to draw conclusions that are based on
these type of data. The method has proven sensitive enough
to observe the phenomena being investigated and the discussion on the results demonstrates how the proposed link
between the acquired data and the meter criteria may be
used to form statements about meter quality.
In some aspects, the types of conclusions that the data
enable and the discussion on validity are different from
formerly proposed methods. The method thus complements
earlier approaches. One remark is that output levels were
used in evaluating Criterion 1 and 2 and fader data were
used in evaluating Criterion 3. The different types of data
thus complement each other and together give some insight
to each criterion.
In this, the choice of meter had generally a low effect. It
is plausible that the importance of the meter, and thereby
the effect size, will increase as different constraints in the
listening environment are introduced.
The validity of the study is limited to a specific type of
meter use and a limited type of audio material. Still, the
method adds to the ecological validity compared to methods where the meter is not used as a tool to perform an
audio leveling task. It enables the engineer to see and hear
the response of his/her own actions. In addition, the method
is dependent only on objective measures in the sense that
data are not retrieved from engineers’ assessments of meter performance. This does not preclude the possibility of
including such assessments and thereby evaluating several
aspects of live loudness meters in one and the same study.
One specific problem that the method does not address is
the importance of long-term experience with a meter. To
obtain a more complete evaluation, the results from this
study should be compared with results from forthcoming
studies, where other types of working situations are explored and after the meters have been in production for some
time.
In future studies one might randomize the playback order of elements. Some ecological validity in the video feed
will be lost, but it will reduce effects from playback order and thereby enable conclusions on the importance of
different types of audio in conjunction with the choice of
meter.
As was mentioned in the introduction, the ballistic response in the Momentary meter differs between the ITU-R
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and the EBU. Also, it was reported that there are reasons to
further investigate integration times in the range of 165–400
ms for the ITU-R version of the meter. The methodology
presented in this paper should be useful for investigating
those aspects.
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APPENDIX
Table 16. Shapiro-Wilk tests on the Subject effect
Parameter
OutputLevel elem
FaderMov
FaderVar
LoudTrack
RefDiff
AdjTime10
AdjTime90
Overshoot

p

Outliers

0.055
0.011∗
0.997
0.930
0.887
0.852
< 0.001∗
0.039∗

1
2
–
–
–
–
2
2

p values represent the outcome of Shapiro-Wilk tests of normality.
Asterisk denotes significant values. Outliers represent the number of
data points within 1.5–3.0 standard deviations.

Table 17. Type III Tests of fixed effects, OutpLevel prog

Source
Meter
Experience
Meter × Experience

Num.
df

Denom.
df

F

p

η2

3
1
3

99
33
99

22.7
5.7
8.1

< 0.001
0.023
< 0.001

0.188
0.080
0.057

Table 18. Type III Tests of fixed effects, LoudTrack
Num. Denom.
df
df

Source

Meter
3
Element
8
Experience
1
Meter × Element
24
Meter × Experience
3
Element × Experience 8

915
294
33
915
915
294

F

η2

p

4.599 0.003 0.004
44.144 < 0.001 0.349
0.033 0.857 < 0.001
3.119 < 0.001 0.027
3.009 0.029 0.003
2.220 0.026 0.015

Random effects in the model were: Subject, Subject × Element

Table 19. Type III Tests of fixed effects, OutpLevel elem
Num. Denom.
df
df

Source
Meter
Element
Experience
Meter × Element
Meter × Experience
Element × Experience

3
9
1
27
3
9

99
297
33
918
99
297

F

p

η2

19.8
89.6
5.0
10.7
8.8
3.3

< 0.001
< 0.001
0.033
< 0.001
< 0.001
0.001

0.072
0.346
0.031
0.024
0.024
0.012

Random effects in the model: Subject, Subject × Meter, Subject ×
Element

Table 20. Type III Tests of fixed effects, RefDiff

Source
Meter
Element
Experience
Meter × Element
Meter × Experience
Element × Experience

Num. Denom.
df
df
3
9
1
27
3
9

99
297
33
918
99
297

F

p

η2

10.8
9.8
1.7
6.5
3.4
5.5

< 0.001
< 0.001
0.205
< 0.001
0.020
< 0.001

0.027
0.064
0.005
0.071
0.008
0.039

Random effects in the model: Subject, Subject × Meter, Subject ×
Element
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Table 21. Type III tests for fixed effects, AdjTime10

Source
Meter
Element
Experience

Table 24. Type III tests for fixed effects, FaderMov

Num.
df

Denom.
df

F

p

η2

3
8
1

942
272
33

1.2
26.3
2.9

0.317
< 0.001
0.100

0.002
0.190
0.010

Random effects in model: Subject, Subject × Element

Meter
Element
Experience
Meter × Element
Element × Experience

Table 22. Type III tests for fixed effects, AdjTime90

Source
Meter
Element
Experience
Meter × Element
Element × Experience

Num. Denom.
df
df
3
8
1
24
8

918
264
33
918
264

F

p

Num. Denom.
df
df

Source

3
9
1
27
9

102
297
33
918
297

F

p

η2

9.4 < 0.001 0.016
30.9 < 0.001 0.137
3.1
0.088 0.037
3.6 < 0.001 0.021
2.0
0.040 0.008

Table 25. Type III tests for fixed effects, FaderVar
η2

2.0
0.116 0.002
91.1 < 0.001 0.458
11.5
0.002 0.016
6.1 < 0.001 0.044
2.5
0.013 0.012

Random effects in model: Subject, Subject × Element

Source

Num. Denom.
df
df

Meter
3
Element
9
Experience
1
Meter × Element
27
Element × Experience 9

102
297
33
918
297

F

p

η2

10.1 < 0.001
0.013
75.4 < 0.001
0.425
< 0.1
0.903 < 0.001
9.7 < 0.001
0.056
2.2
0.025
0.012

Table 23. Type III tests for fixed effects, Overshoot

Source
Meter
Element
Experience
Meter × Element
Element × Experience

Num. Denom.
df
df
3
8
1
24
8

918
264
33
918
264

F

p

η2

5.5
0.001 0.009
19.0 < 0.001 0.153
2.4
0.135 0.004
2.4 < 0.001 0.032
2.5
0.013 0.016

Random effects in model: Subject, Subject × Element
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Different ballistic definitions of the momentary time scale used in live loudness measurement
were evaluated. Candidates from ITU and EBU were compared as well as a faster version of
the ITU definition, two asymmetric time scales and the deprecated ballistics, defined in EBU
Tech 3205-E, for peak programme meters. The aim was to identify the ballistics that would
function as the best complementary tool to the short-term time scale. Engineers within the
broadcast industry and students in audio technology performed an audio alignment task in a
simulated live broadcast environment, using one ballistics definition per trial. Fader movements
and output levels were registered. After each trial, a set of assessment scales were rated by the
subjects. Among the results was shown that decay time constants of 250 ms yielded better
representation of the low dynamics in the signal; the present ITU version of the momentary
time scale yielded an estimated less eye fatigue; higher asymmetry in the ballistics definitions
yielded lower output levels; effects from the gate in ITU-R BS.1770, particularly related to live
compensation of unadjusted audio material, were shown.

1 INTRODUCTION

As a response to loudness discrepancies in broadcast [1–
3], the European Broadcasting Union (EBU) and the
International Telecommunication Union (ITU) have
brought forward new recommendations for audio level
alignment. The recommendations, ITU-R BS.1770 [4] and
EBU R 128 [5] convey that regulation of audio levels
should be based on loudness measurement as defined in
BS.1770. Recommendation EBU Tech. 3205-E,
advocating quasi-peak measurement (QPPM), is
deprecated, and in the succeeding recommendations,
references to the QPPM standard IEC Publ. 268-10A [6]
are left out.
Since the time the succeeding recommendations were
first published, software and hardware manufacturers have
implemented the new recommendations in their products,
and engineers and production facilities have begun to
adopt the recommendations and associated measurement
tools. Today, there are needs as well as possibilities to
understand more on how these tools work in practice.
BS.1770 specifies an algorithm that is to be applied on
a digital representation of an audio signal. The algorithm
builds on the results from many listening tests [4, 7–11],
and the related loudness recommendations has been shown
useful [3]. In addition, after the publication of the
recommendations, deviations between the algorithm and
subjective assessments of loudness have been successfully
evaluated [10–12]. There are extensive literature reviews
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on the work on loudness measurement in recent days [1,
13, 14].
R 128 addresses the work conducted within the
European broadcasting community. The main R 128
document also refers to four supplementary documents,
EBU Tech 3341 thru 3344 [15–18]. The documents extend
the applicability of loudness measurement in four areas: 1)
Loudness metering (i.e. definitions of loudness
measurement instruments), 2) Loudness Range as a
dynamic measure, 3) Guidelines for production and 4)
Guidelines for distribution and reproduction. In addition,
the document EBU R 128 s1 [19] regulates loudness
normalization for short-form content.
Using the algorithm in BS.1770, one may derive a single
loudness value from an arbitrary length of audio, so called
integrated measurement. The evaluations, described
above, were all testing the algorithm for this type of
measurement.
The shift in paradigm for audio level alignment
naturally leads to the development of new audio level
meters that will assist the engineer, in live scenarios, to
conform to the new recommendations. To design these
meters, one additional component must be appended to the
loudness measurement algorithm—the ballistic properties,
or—ballistics. Ballistics are the attack and decay behavior
of a meter indicator. Those are defined by a filter in the
time domain. The filter enables measurement of shorter
durations of audio on a real-time updated basis. A live
loudness meter is a measurement tool defined in two parts,
1
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the loudness measurement algorithm and the filter that
controls the ballistics.
Two major organizations that regulates the work within
the broadcast community, the ITU and the EBU, both
define ballistics for live loudness meters. They use the
expression operating mode and time scale, respectively, to
discern between different definitions of ballistics. The
present paper will hereafter use the term time scale to
denote both expressions. The time scales of those meters
are defined by a filter type and a timebase. The filter types
are Finite Impulse Response (FIR) and Infinite Impulse
Response (IIR). Timebase is a concept that is introduced
for the purposes of this paper. It is specified in different
ways depending on the filter type used; for the IIR type of
filter, it is specified as a time constant; for the FIR type of
filter, it is specified as the length of a sliding rectangular
time window. The timebase essentially controls the speed
of the meter and will further be explained in the
background section.
Contributions to live loudness measurement with the
aim to optimize ballistics has been carried out by Norcross
et al. [20], Soulodre and Lavoie [21, 22], Skovenborg [23],
the present authors [24–26], and by the ITU [27] and the
EBU [17]. The research has led to conclusions that several
different timebases may be useful to the engineer. A
review on the above sources and their bearing for the
present method is found in [26].
As a response to these results, ITU and EBU offers
several time scales in their respective recommendations,
ITU-R BS.1771 [27] and EBU Tech 3341 [17]. The
different time scales are meant to offer a multifaceted set
of tools to the engineer. The timebase for the momentary
and short-term time scale are 400 ms and 3 s, respectively.
The short-term time scale is designed with the FIR filter
type. The filter type chosen for the momentary time scale
differs between the two organizations; ITU recommends
an IIR filter type, whereas EBU recommends a FIR filter
type. A third time scale is also defined—integrated—
where the user controls the region to be measured by a start
and stop functionality. The scale is fundamentally different
from the two others in that it never releases data from the
measurement buffer until the user actively enforces this.
Its ballistic properties are dependent on the total duration
of the measurement and therefore changes throughout the
ongoing measurement. The integrated time scale is not
evaluated in this work.
Since the time the recommendations were first
published, it has been shown that, for the EBU version of
the ballistics, the short-term time scale has an advantage
before the momentary in that, when engineers are
performing audio level alignment tasks, using the shortterm meter yields less dispersion in output levels for
subsections of a program [26]. It has also been shown that
ballistics with faster time constants, in the 150–400 ms
range, designed with an IIR filter, has not yet been ruled
out as possible solutions for the momentary time scale
[28]. The range has not been as thoroughly tested as have
some longer time constants.
One incitement for the present study is the difference
between ITU and EBU regarding the choice of filter type
in the momentary time scale. The differences encourages
2
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a deeper investigation on the different quality aspects
associated with the different designs. Also, since the
decision was made by the ITU and the EBU to offer two
time scales, a research question may now be formulated
somewhat differently than was feasible in studies
preceding the recommendations. We may now ask what
are the best complementary pair of time scales that could
be offered to the engineer as tools. Also, given that:
1) the definition of the short-term time scale is identical
between the EBU and the ITU (whilst the momentary is
not),
2) the short-term time scale generally receive good
remarks from engineers,
3) the short-term time scale yields smaller dispersion in
adjusted audio levels than the momentary time scale,
4) time constants in the 150–400 ms range has not been
thoroughly investigated,
one may formulate the more explicit question:
What ballistics, in designing the momentary time
scale, yield the best complementary tool for the
engineer, to the already existing short-term time
scale?
This paper further concretize the question into the
following sub questions, all referring to the momentary
time scale:
• What ballistics minimize possible eye fatigue (Sec.
2.7)?
• What ballistics facilitate the reading of the fluctuating
meter indicator?
• To what degree do the ballistics correspond to the
perceived dynamics?
• What ballistics are the most appropriate to perform an
audio level alignment task, e.g. to attain a the specified
target level?
• How do the ballistics affect the outcome when used in
an ecological relevant scenario, i.e. in audio
production?
2 BACKGROUND
2.1 Loudness units and definitions

BS.1770 defines the unit for absolute loudness level as
LKFS—“Loudness K-weighted relative to nominal Full
Scale”. The corresponding unit in R 128 is LUFS—
“Loudness Units Full Scale”. Both organizations define
LU as the unit for relative difference in loudness, either to
a reference level or as the difference between any two
loudness measurements. 1 LU corresponds to 1 dB. Also,
0 LU corresponds to the set target level, when a relative
loudness scale is chosen on a meter.
Programme loudness is in recommendation EBU R 128
defined as the integrated loudness over the duration of a
programme [5]. In recommendation ITU-R BS.1770, the
same definition is inferred by the context [4].
Target level is the recommended loudness level to
which the program loudness level should be normalized to.
Journal information
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ITU recommends a target level of −24 LKFS for
international exchange of television programmes [29].
EBU recommends a target level of −23 LUFS for
production, distribution and transmission of broadcast
programs [5].
As stated earlier, integrated measurement is a single
loudness measure derived from an arbitrary length of
audio. The measurement does not have to be acquired
using the integrated time scale. Integrated measurement
may be performed on off-line basis as well.
Recommendation R 128 specifies ±1 LU as the
tolerance span, the accepted deviation from the target
level, for adjustments of audio levels in live environments.
This paper investigates whether different ballistics yield
acceptable results in this regard or whether a systematic
deviation from the target level exist, even if within the
accepted tolerance span.
For the purposes of this paper, reading a meter implies
that the engineer perceives and/or detect the fluctuating
values. Interpreting a meter implies that the engineer
performs some kind of cognitive processing to integrate
the fluctuating values to be able to derive a loudness
measure for some arbitrary length of audio.
Integration time, time constant and window duration
have been used somewhat interchangeably in former
publications by the authors. Integration time is a definition
found in the deprecated EBU Tech 3205-E standard for
peak-programme meters, and which in turn refers to the
standard IEC 60268-10 [6]. One of the meter candidates
investigated in the former publications was the Nordic
meter. Being a QPPM type of meter, integration time was
the valid descriptor for its ballistics definition. However,
integration time was also, inaccurately, used as a
descriptor for the other, loudness types of meter
candidates. The correct descriptors should be the terms that
ITU and EBU themselves use in their loudness-based
recommendations, BS.1771 and Tech 3341. Those are the
terms that were mentioned in the introduction of the
present paper; time constant for IIR-based meters, and
window length for FIR-based meters. The practical
differences are not profound, but confusion may arise
when the terms are used inaccurately. This paper also
introduces the term timebase, when attributing the defining
component of speed for either FIR- or IIR-based ballistics.

Other purposes have been proposed, like different
representations of dynamics. Suggested purposes for the
momentary time scale (M – momentary) was collated from
earlier work [28] and was compiled in [28];
The loudness meter should assist the engineer to:
M_1 compensate for fast changes in loudness.
M_2 estimate the dynamic range of fast
fluctuations in loudness.
Even though O_1 is currently the only explicitly
formulated purpose from the ITU and the EBU, this paper
investigates the meter candidates from all above
mentioned purposes. Aspects O_1 and O_2 are relevant for
the current defined purpose(s) of the momentary time
scale. Aspects M_1 and M_2 will be relevant if those
purposes are assigned the momentary time scale in
possible future updates of the recommendations.
For completeness, the EBU presents other measures in
the supplementary documents to R 128. These may have
additional purposes than the ones listed above. Examples
are the Loudness Range (LRA) measure for dynamic
range in EBU Tech 3242 and the use of maximum shortterm value attributing specific short-form content in
document EBU S1. The LRA measure uses the same filter
type and window length as the short-term time scale, but
are in other ways different. The maximum short-term value
is derived from the short-term time scale directly. The two
measures do not have corresponding parts in ITU
documents. Also, as the present paper focuses on the
momentary time scale, these other measures and linked
purposes are not considered here. Last, this work does not
examine true peak measurement, that is another part of
BS.1770 and R 128, as these measures are not loudness
related.
The above purposes are formulated from the engineers’
regard on requirements of a tool to properly execute an
audio level alignment task. This viewpoint will always be
essential in the evaluation of audio level meters. Different
qualities may be requested of a meter, such as the meters’
ability represent microdynamics (Sec. 2.4) or to assist the
engineer in predicting the program loudness. However, the
final implemented meter must also consider visual
qualities that affect readability and possible eye fatigue.
The two different goals might not be possible to optimize
at the same time. Therefore, the final judgement of the
quality of a meter must balance all aspects, i.e. both what
information it represents and also how the information is
presented to the engineer. The ballistic properties of a
meter indicator, that are investigated in this work, affect
both these regards.

2.2 Purpose of the momentary time scale

The common and main purpose of the currently defined
time scales from ITU and EBU is formulated in O_1. EBU
also states a secondary purpose for the momentary time
scale, O_2 (O – original);
A loudness meter should assist the engineer to:

2.3 Aspects in evaluation

O_1 achieve the recommended target level for a
program;
O_2 retrieve the maximum reading from the
momentary reader to determine if a programme
exceeds the upper loudness tolerance limit of the
target audience [5].

When evaluating ballistics, these aspects may be
considered:
• The meters ability to represent microdynamics (Sec.
2.4).
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• Possible impact from the gate on offsets between
integrated measurement and the resulting output levels,
being based on live measurement (Sec. 2.5).
• The importance of the meter scale, being +9 or +18
(Sec. 2.6).
• Possible eye fatigue induced from the movements of the
indicator, related to the speed of the meter (Sec. 2.7).
The most proper ballistics should not be decided by a
single aspect but rather by a balance of all aspects.
2.4 Microdynamics

In order to investigate M_1 and M_2, a clarification is
needed on what is meant by “fast changes” and “fast
fluctuations in loudness”. The following sections will
review sources from the research fields of audio
technology and psychoacoustics in order to specify
constraints for what ballistic definitions may encompass
these descriptors.
2.4.1 Characterizations from audio technology

One concept that have gained ground in the research
field of audio technology is microdynamics. The present
section aims to clarify the concept and its relevance for the
design of the momentary time scale.
In [28], a list of statements that characterizes
microdynamics were retrieved from publications by ITU,
Norcross et al. and Skovenborg. Below, a statement from
Katz is also added to the list. The compiled list of
characterizations on the concept reads:
1) “the musics [sic] rhythmic expression, integrity or
bounce” [30].
2) “For production, as a level meter to replace the VU
meter[...I]t may be useful to have some indication of the
perceived dynamic range as well as having an indicator
fast enough to display individual loudnesses where
these can be discriminated aurally” [31].
3) “the ability to display signal levels that are
representative to changes in fader levels and to changes
in the perceived level to provide immediate feedback to
the engineer” [20].
4) “variations on a (much) finer time-scale [than the
present, defined, loudness range measure*]” [32].
*Comm.: Loudness range, as defined in EBU Tech. 3342 is a measure
of dispersion between high and low loudness values, based on 3-second
time-filtered data [18]).

2.4.2 Corresponding concepts in psychoacoustics

There are also publications in the research field of
psychoacoustics that has bearing on the concept of
microdynamics. One returning feature in psychoacoustic
models of loudness is the auditory response to short
tone/noise bursts. From former research, it is known that
the loudness of short tone bursts increases as the duration
of the same increases—that is—up to a certain point. For
longer durations of about 100 ms, loudness “is almost
independent of duration” [33].
Zwislocki defines temporal auditory summation and
writes [34]:
4
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“It is quite obvious that the behavior is
mathematically analogous to that of an electronic
integrating network with a time constant of 200
msec and a response proportional to power. In this
sense, the ear may be considered a power
integrator.”
Hackley et al. state [35]:
“The amplitude response of the indicating meter
system should correspond to the ear response to
individual, repetitive and overlapping, short,
medium and long time pulses of sounds and
continuous sounds. Since most sounds of speech
and individual music instruments are of short
duration this then becomes a very important
problem.”
From a figure in the same publication, on may read that the
measured loudness in the sons unit increases with the
duration of a tone burst up to 200 ms. Bursts of 100 ms
maps to a loudness of 2 sons lower than do bursts of
infinite length. If one interprets the figure into a
corresponding time constant , the figure would be
somewhere in the 100–200 ms range. Hackley et al. also
advocate the need to investigate this feature further (albeit
stated some time ago, 1969):
“This is an area that will require considerable
research to obtain an indicating meter exhibiting
an
amplitude
response
characteristic
approximating that of the ear for all manner of
speech, music and noise.”
Fastl and Zwicker present a model for loudness that
accounts for many factors that has impact on the sensation.
Those may be discerned into two classes: temporal
effects—loudness as dependent on time and spectral
effects—loudness as dependent on frequency. In the
complete model, the two classes are interacting. However,
the publication also presents an approximation of temporal
effects as a separate component of a complete model. This
is referred to as “a kind of incomplete temporal
integration” or temporal summation. The temporal
summation may be modeled by a “special” low-pass
system with an integration time of 45 ms. However, when
adding the frequency component of the model, the
composite integration time will rise to a total integration
time that exceeds 45 ms and that is frequency dependent.
The complete model from Fastl and Zwicker has been
adopted by the International Standardization Organization
(ISO) and resulted in the standard ISO 532-1 [36]. The
standard encompass loudness measurement for both
stationary and time-variant loudness.
Glasberg and Moore uses the label temporal integration
to account for how loudness increases with the duration of
short tone/noise bursts. Based on studies by Scharf,
Florentine et al., and Buus et al., they conclude that the
upper time limit for this nature varies considerable
between studies. Values ranges between 100–200 ms.
They also propose a model for the temporal effects that is
separate from the spectral effects. They suggest two firstorder low-pass filters that work in series. The filters were
Journal information
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asymmetrically designed. The attack time constants were
22 ms and 99 ms (calculated from filter coefficients given
in the publication).
From the above sources, one may conclude that the
loudness response of short tone/noise bursts may be
modeled, as an approximation, with a first order recursive
(low-pass) filter with an integration time within the 45–
200 ms range.

Measured microdynamics are the continuous output
from live loudness measurement operating with a time
constant of 10–400 ms.
This essentially means that the time constant of
measured microdynamics lies between the deprecated
definition of the QPPM and the presently defined
momentary time scale from the ITU. All statements, 1–4,
from audio technology as well as all cited work in the
perceptual research domain will be included in this
definition. These figures should ideally be narrowed down
in the future. Also, the complexity of the definition may be
extended, e.g. by incorporating a specification for the
decay behavior. Note that this definition implies a single
band model as opposed to most models from the
psychoacoustics research field that are multi-band models.
Hereafter, the simple term microdynamics will denote
measured microdynamics.

2.4.3 Relevance for the momentary time scale

The authors of the present paper want to equate the
different concepts given above: “Ear response” from
Hackley et al.; “Temporal effects” by Fastl and Zwicker;
“Temporal integration” by Glasberg and Moore;
“Temporal
auditory
summation”
by
Zwicker;
“Microdynamics” by Katz, ITU, Norcross et al. and
Skovenborg. Even if details differ, they all have the same
goal: to model the temporal aspect of perceived audio
intensity. In the present work, the term microdynamics will
be used hereafter.
Neither ITU’s nor EBU’s definition of the momentary
time scale are designed to represent microdynamics. As
was stated in the previous section, one possible additional
criterion for a momentary time scale is “M_2 – estimate
the dynamic range of fast fluctuations in loudness.” For the
purposes of this paper, the authors will test to represent
“fast fluctuations in loudness” with microdynamics. This
would yield a revised formulation of M_2: “estimate the
dynamic range of microdynamics”. A meter that
incorporated this criterion would assist the engineer to
decide for dynamical treatments that are motivated from
the perspective of auditory perception. Theoretically, one
way to fulfill the criterion would be to design a meter with
ballistics that are similar to the ballistics of microdynamics
from the research field of psychoacoustics. The dynamic
range would be given by the extreme values of the
indicators fluctuations. Another suggestion to formalize a
measure of M_2 is by representing the present difference
between the sample peak value and loudness value from
the short-time time scale with an added decay response on
the indicator for readability [37]. Last, several existing
measures of audio level was tested for their ability to
represent microdynamics [32].
The present paper aims not to evaluate the validity of
different definitions of microdynamics, but suffice to state
that all time scales investigated here have potential to
represent the concept to different degrees. This aspect is
therefore investigated in this study. As was stated earlier,
to design the final tool, also other aspects must be
considered.
Albeit, microdynamics in its core essence is a feature of
an auditory sensation, it is useful to define the concept as
a formal measure for broadcasting purposes. Above, it was
concluded that the attack portion of microdynamics may
be modeled as a first order IIR type filter with a time
constant of 45–200 ms. However, to not be too restricted
to possible future specifications of the concept for
broadcast purposes, the authors have for this paper chosen
a more pragmatic, and inclusive, definition for measured
microdynamics:

2.5 The gate

EBU R 128-2010 with the corresponding version of
EBU Tech3341 recommended a gate to be applied for
integrated measurement. This gate was later adopted in
ITU-R BS.1770-2 and later revisions. Current revisions of
R 128 and Tech 3341, now refers to BS1770. The purpose
of the gate is to exclude silent passages and soft
background ambiences from the measurement to more
accurately estimate the loudness of the foreground
component of the signal, e.g. speech or foreground music.
The gate is not included in the definitions of the
momentary and short-term time scales. It is, however,
included for integrated measurement, including the
integrated time scale, according to BS.1771 and Tech
3341. The difference in gating strategy between the live
representation of loudness and the integrated measurement
could yield an offset between the interpretation the
engineer makes from the fluctuating meter indicator and
the program loudness. This paper investigates possible
effects that could be attributed to the gate.
In the present revision of the gate, two thresholds are
incorporated, an absolute and a relative threshold. The
absolute threshold filters out sections of the complete
measured region that measures below −70 LKFS (or
LUFS). The relative threshold filters out sections of the
region that measures below −10 LU compared to the
integrated measurement for the complete region. When
measuring sections of a region, the audio signal is first
parsed into 400 ms long blocks, which overlaps by 75%.
Each block is then measured separately and the gate
procedure filters out the gated blocks that does not exceed
the thresholds. Last, the final loudness value is the result
from the integrated measurement on the remaining blocks.
The exact procedure is found within the BS.1770
document.
2.6 Meter scale

In this paper, scale refers to the scale of the meter’s axis
that depicts the loudness value, as opposed to time scale
that depicts the timebase. Recommendations ITU-R
BS.1771 [27] and EBU Tech 3341 [17] define two scale
ranges (ITU) / scales (EBU) for the loudness level: the +9

5

Evaluation of the Momentary Time Scale for Live Loudness Metering

and the +18 scale (the EBU naming originally attaching
the “EBU” prefix before the number). The range for the +9
scale is −18 LU to +9 LU and the range for the +18 scale
is −36 LU to +18 LU.
When designing the speed (Sec. 3.1.3) of a live loudness
meter, scale is one important factor to consider. A scale
with a wide range (i.e. the +18 scale) will, display smaller
fluctuations in the indicator than a scale with a more
narrow range (i.e. the +9 scale), given that the total
physical size of the meter is the same. This could, for the
latter version, lead to increased difficulty to read the meter
and increased eye fatigue. An assumption for the present
work is that the ballistics definition should be the same and
independent of the scale used, e.g. +3 LU should be always
be shown as +3 LU for the same signal and instant in time.
Other points of departure for a scale would contradict the
common concept of a unit, in this case the LU unit, that a
unit is something that is defined autonomously and
independent of the scale used in the measurement
instrument. Given the assumption of constant ballistics,
the ballistics definitions for the momentary meter should
be acceptable for both the +9 and the +18 scale, rather than
optimal for one scale only.
Former research have used more narrow scales when
evaluating ballistics. For the present study, to retrieve
more complementary data to the former ones, focus was
put on the +18 scale. Albeit, some data was retrieved for
the +9 scale as well.
2.7 Eye fatigue

Eye fatigue is regarded as one quality aspect of the
investigated meters. The label represents the possible
visually perceived side effects of a meter indicator being
too fast. The label relates to the visual perception, and as
such, it is out of the scope of this research to accurately
describe the workings behind the concept. One further
clarification is offered here, though. On one level, eye
fatigue might be related to the physical properties of the
eye. “Eye stress” could be an alternative label for this facet
to consider. On another level, eye fatigue could be linked
to the cognitive load of processing the visual information,
causing fatigue “in mind”. In this work, the concept of eye
fatigue incorporates both these possible facets, without
defining it further. More importantly, when engineers were
asked to assess the quality (Sec 3.4.2), there was no
engineer that couldn’t relate to the statement “The meter is
strenuous to look at in the long run” (in Swedish: ”Mätaren
är tröttande att titta på i längden”). They were given the
possibility to ask further about the interpretation of the
different statements to assess; no engineer raised questions
on the formulation (or on any other statement).
2.8 Defining ballistics

This section explains the construct of ballistic
definitions for live loudness meters. The following
definitions are used.
Time constant is the parameter characterizing the
response to a step input of a first-order, linear timeinvariant system [38]. In an increasing state (signal steps
upwards), that means the time to reach 1−1/e ~ 63.2% ~
6
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−1.99 dB of its final asymptotic signal level. In a
decreasing state (signal steps downwards), the time to drop
to 1/e ~ 36.8% ~ −4.34 dB of the prior signal level. All
presently recommended ballistics for live loudness meters
that uses the IIR filter type, are further specified with a
time constant. Also, for possible asymmetric definitions,
two time constants are given, one depicting the response in
the rising state and one depicting the response in the
decreasing state. Whether the system is in an increasing or
decreasing state is decided by if the most recent sample
value, when processed by the loudness algorithm, is larger
or smaller than the present value of the indicator. The ITU
publishes the filter constants for a 1st order time-invariant
filter for the specific sample rate of 320 Hz, to achieve the
400 ms time constant for the momentary time scale [27].
Integration time is defined by the IEC as “the duration
of a burst of sinusoidal voltage of 5000 Hz at reference
level which results in an indication 2 dB below reference
indication.” [6]. The definition was referenced in the
deprecated recommendation EBU Tech 3205-E, regarding
quasi-peak programme meters. In the document, the
recommended ballistics were defined by an integration
time of 10 ms and a fallback rate of 24 dB / 2.8 s. The
Nordic meter (the main meter that was used by the
broadcasters in the Nordic countries prior to the entrance
of R 128) [39], adopted this ballistics definition. In this
paper we define a meter candidate by approximating the
ballistics of the Nordic meter and applying the Kweighting filter. The resulting ballistics are defined using
an IIR filter and two time constants (10/232 IIR, Sec
3.1.1).
Window length is here defined as the duration of a
sliding rectangular window that is implemented as an FIR
filter. The sampled audio values enter the measurement
buffer (ideally) at the same time as the sound is
acquired/reproduced and leaves the buffer n milliseconds
later. The short-term time scale in the definitions from both
ITU and EBU uses an FIR filter type and is further defined
by a window length of 3 s. The momentary time scale in
EBU is defined by an FIR filter type with a window length
of 400 ms.
Two constructs for defining ballistics are encountered in
the recommendations from ITU and EBU. 1) A first order
infinite impulse response filter that is applied on single
sample period time resolution data and 2) A sliding
rectangular window that integrates sample data over the
duration of the window. Hereafter, IIR will denote the first
construct and FIR will denote the second construct.
There are reports from engineers, attained by the
PLOUD group within the EBU, that the current ITU
momentary time scale—an IIR construct with a 400 ms
time constant—makes it difficult for the engineer to assess
the level of the low-level parts of the signal. The claim is
explained by the resulting property that the amount of time
the meter spends in the decaying state is far longer than the
time it spends in the increasing state. This is one reason
given, that the EBU uses another construct [40]. The EBU
currently recommends the FIR type of filter [5] , that both
has faster decay as well as being visually symmetric (Sec
3.1.2). However, the recommendation is open for future

Journal information

Background
changes to adopt the IIR filter type, once research may
target the most appropriate time constant for the construct.
Other reports claim that the FIR construct with a 400 ms
timebase yields increased eye fatigue. [41]. The exact
history of the work on filter types and timebases is
somewhat difficult to trace in publications. Some work
resides within the organizations that developed the
recommendations, and are not publicly available. One
conclusion from the discrepancies regarding the
momentary time scale is that more research is needed in
order to promote either of the versions or a possible third
option. In a former publication by the authors, it was
shown that the IIR construct with a time constant in the
150–400 ms range has not yet been ruled out as a possible
candidate for the momentary time scale.
This work poses the hypothesis that IIR-based meters
with a faster time than 400 ms will yield better remarks
regarding the meter’s ability to represent the level of the
low-level parts in audio content. The work also poses the
hypothesis that meters that are IIR-based will yield less eye
fatigue than meters using an FIR filter. Given the same
filter type, a meter with a longer time constant should also
yield less eye fatigue. These hypothesis are tested through
subjects’ assessments on the different qualities.

The meter may be symmetric or asymmetric regarding
two different aspects: the ballistics definition and the
visual appearance of the ballistics of the meter indicator.
Where one number is present, the ballistics has a
symmetric ballistics definition. Where two numbers are
used, the ballistics has an asymmetric ballistics definition.
In the latter case, the first figure denotes the time constant
that controls the attack response (rising action) and the
second figure denotes the time constant that controls the
decay response (falling action). The decay response is in
this case identical to the decay response one would get
from a symmetric meter if designed with the same filter
constants that was used for the decay response in the
asymmetric meter. The FIR construct, being based on only
one figure as timebase, is regarded as always having a
symmetric ballistics definition. Regarding the visual
appearance of the ballistics, the behavior of the indicator
is, besides the very ballistics definition, also dependent on
the scale used, being linear or logarithmic. For the present
meters, the scale is logarithmic. This will have the
consequence that the FIR filter type is also symmetric with
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Level (dB)

3 METHODOLOGY
3.1 Ballistics
3.1.1 Momentary meter candidates

In order to evaluate what makes a good momentary
complement to the short-term time scale, different meter
candidates were compared. Table 1 presents the main
factor of interest, Ballistics (which is capitalized when
referring to the factor name). The different levels within
the factor constitute the different meter candidates
examined. The labels for the meter candidates also include
the information necessary to define the ballistic properties
of the meter candidates that they represent. They are
labeled with their respective timebase (time constant(s) or
window length) in milliseconds, followed by the filter type
(i.e. FIR or IIR). The second column in the table shows the
corresponding recommendation or standard where
applicable.
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Fig. 1 a. The attack behavior for different time constants /
window lengths.
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The ballistics tested in the study and their corresponding
recommendations where applicable. The dashed line divides the meter
candidates into two experimental blocks.

Fig. 1 b. The decay behavior for different time constants /
window lengths.
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regards to the visual appearance of the ballistics, whilst the
IIR meter is not (even where a single time constant is
used). The visualization of the different attack and decay
behaviors are illustrated in Fig. 1 a and b.
The 400 IIR and 400 FIR ballistics are naturally
included in the study since they represent the current
recommendations for the momentary time scale from the
two organizations, ITU and EBU. The 250 IIR ballistics
are included to explore faster meter responses than yielded
from the 400 ms time constant for the IIR type of filter
[28]. The asymmetric candidates, 100/400 IIR and
100/250 IIR ballistics were included as approximations to
perceptual models on loudness of short tone bursts. Several
sources have mentioned 100 ms as a suggestion for the
time constant controlling the attack response. The decay
responses were taken from two already existing decay
responses in the study. They are not motivated by
psychoacoustic models, but instead pose two suggestions
to slow down the meter in order to facilitate the readability
of the indicator. All ballistics described in this paragraph
(above the dashed line in Table 1) will be referred to as the
designated momentary time scale candidates.
The 10/232 IIR candidate is included to represent the
ballistic properties of the deprecated recommendation
EBU Tech 3205-E [42], that in turn is referencing the
standard IEC 60268-10 [6]. The first time constant
corresponds to the 10 ms integration time, and the second
time constant of 232 ms corresponds to a fallback rate of
24 dB / 2.8 s. These ballistic properties are also adopted in
the Nordic meter [X] that was examined in former papers
by the authors [24, 25]. However, in this study the
graphical design and scale of the 10/232 IIR candidate was
identical to the other loudness meters and the applied Kweighting filter and loudness calculation were also
identical. The authors do not regard the 10/232 IIR
ballistics as a realistic choice for the momentary time
scale. The candidate was included in the study to examine
how the results are affected when using it towards a
loudness recommendation. Many engineers have long
experience of using a QPPM type of meter and still find it
useful even when working towards a loudness
recommendation. Also, it is plausible that similar QPPMbased meters will exist, side by side with loudness meters,
before they eventually are removed. As another incentive,
the 10/232 IIR represents an extreme end of asymmetry in
a (possible) ballistics design. Increasing asymmetry
further would essentially make the meter close in on the
sample peak or true peak measurement instruments.
3.1.2 Meter asymmetry

With fast timebases comes the problem of readability
and possible eye fatigue. Norcross et al. states that meter
responses much faster than the VU meter should be
avoided [20]. Interpreting the VU meter's attack response
as a time constant, as defined in Sec 2.8, yields a value of
approximately 165 ms. This is also the figure given in
Audio engineer’s handbook [43]. However, the decay
response in the VU meter is very different from the decay
response in IIR-based ballistics. This makes the figures for
the decay behavior not directly comparable. What may be
stated is that an IIR meter with a 165 ms (decay) time
8
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constant has a much slower decay response than the one
from a VU meter. Considering the statement from
Norcross et al. and the definition of the VU meter, a
symmetric IIR-based ballistics design may be appropriate
in a measurement instrument, even if based on a time
constant somewhat below 165 ms.
Regarding the attack time constant of 100 ms, that was
of interest in this study, it was considered that a symmetric
meter built on this fast response would be too difficult to
read and watch in the idea behind the two candidates
100/250 IIR and 100/400 IIR.
The authors of the present paper did not find a
formalized metric for asymmetry for audio level meters.
Therefore, one is here proposed, meter asymmetry. A
simple definition would be to take the two numbers,
explained above, and calculate the ratio of the second
number to the first. This would yield a measure that
increases as the ratio between the numbers increases. Also,
for all asymmetric meters considered here, and probably
for future candidates as well, the asymmetry would be in
this direction rather than the opposite. The suggested
measure will therefore yield values equal to or larger than
1. Using the proposed definition, the present meters yield
the following values for meter asymmetry (Table 2).
Table 2 Meter asymmetry and sluggishness.
Ballistics

Meter asymmetry

Meter sluggishness

400 FIR

1

400

400 IIR

1

800

250 IIR

1

500

100/250 IIR

2.5

350

100/400 IIR

4

500

10/232 IIR

23

242

The meter asymmetry, calculated as the ratio between the decay time
constant and the attack time constant.

3.1.3 Meter sluggishness

A very simple definition for meter sluggishness will be
tested in this publication. For IIR-based meters, meter
sluggishness will be defined as the sum of the attack and
decay time constant. For FIR meters, it will defined as
equal to the timebase. This will yield the meter
sluggishness values reported in Table 2. A higher value
represents a slower response.
Sometimes the attribute “speed” is used in this text as a
property of the meter response. Meter speed could be
regarded as the opposite of meter sluggishness. Also, for
arguments related speed, one may alternatively relate the
arguments to the magnitude of the meter fluctuations.
3.2 Procedure and stimuli
3.2.1 Summary of method

The method is extensively described in [26] and is
summarized here as follows. Engineers and students
Journal information

Background
3.2.2 Stimuli

adjusted audio levels with a fader as if running a radio
broadcast show. The subjects performed six trials, each
testing different momentary time scale ballistics. The
momentary meter candidate was always presented side-byside with a secondary meter, displaying the short-term time
scale. There was no presentation of the integrated time
scale. For each trial, seven audio segments—elements—
were played back in succession, forming a program. The
order of the elements were randomized for each trial. The
elements represented voice and music material with
various degrees of dynamic range (Table 3). Output levels
and fader movements were recorded according to a
previously described method [24–26]. Assessments
regarding different meter qualities were captured from the
subjects after each trial. The experiment was performed in
a control room type of acoustics with two studio monitors
and without a subwoofer. The experiment consisted of two
tests that each subject performed in succession.
In Test 1, the meters were set to the +18 scale. The task
that was presented to the subjects was:

The stimuli, consisting of seven different elements, are
listed in Table 3. All elements were edited to a length of
approximately 30 s. Therefore, the referenced songs and
test sequences were not presented in their complete length.
3.2.3 Inclusion or exclusion of video feed in stimuli

In a previous study [26], a video feed was included in
the stimuli. The video feed enhanced the ecological
validity in that it replicated a scenario that was existing at
the Swedish Television at the time. The video feed of the
different elements succeeded each other in the same order
as in the original broadcast transmission, and no
randomization was applied. This maintained the logical
order of the storyline. In the present study, only audio feed
was used. The rationale behind this choice was to increase
the subject’s visual focus on the very meter itself. Also, for
the present study, randomization was applied on the
presentation order of elements to avoid possible order
effects. In the chosen material, there was no original,
logical, order of elements. Randomization was therefore a
more feasible choice, since it did not, in this case, reduce
the ecological validity of the original content.

• to adjust the audio levels in the way they would like to
present the program to an audience.
• to adjust the audio levels so that the average for the
complete program will end up close to 0 LU.

3.2.4 Randomization of the Ballistics factor

Due to the many candidates and assessment scales, the
quality of the subjective assessments might be degraded by
fatigue. Also, the power of the test would be degraded
when compensating for multiple comparisons (which
would be 15 from all pair-wise comparisons). Therefore,
priorities were made that led to an design of experiment
with two blocks. The first block included all meter
candidates that were considered as dedicated loudness
meter candidates (Table 1). The run order for these
candidates were fully randomized. The last candidate,

After each trial, the subjects rated a set of statements.
The assessment scales will be accounted for in Sec. 3.4.2.
In Test 2, the meters were set to the +9 scale. For this
test, the stimuli was simplified, using only one audio
segment, consisting of uncompressed speech (element 5 in
Table 3). Also, the engineers did not perform any audio
level alignment task and were only asked to rate three of
the statements that were used in Test 1.

Table 3 Stimuli.
Element

Description

Type

Max mom.

Max TP

PLR

LRA

1

Classical symphony orchestra
“Beethoven Symphony No.5”

Music, high dynamics

6.1

−6.4

18.1

19.9

2

Jazz trio, instrumental
“Kelly’s Blues”

Music, medium dynamics

5.0

−5.2

18.1

2.5

3

Billboard No.1 – Jan. 1990
“Another Day in Paradise”

Music, low dynamics

2.5

−9.0

14.0

2.4

4

Billboard No.1 – Jan. 2014
“The Monster”

Music, very low dynamics

3.0

−13.6

9.4

1.4

5

EBU SQAM 39

Voice, uncompressed

5.8

−8.1

15.4

4.9

6

EBU SQAM 39 w. added
compression

Voice, compressed

2.9

−6.3

17.2

3.1

7

EBU Test Seq. 3341-2011

Voice + background

5.8

−5.1

17.9

6.4

“Max mom.” displays the highest momentary reading during the element. “Max TP” stands for the maximum true-peak value. “PLR”
stands for the Peak to Loudness Ratio (here calculated as the difference between Max TP and −23 LUFS). Measurements were taken
after elements were loudness normalized to −23 LUFS.
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10/232 IIR, were always presented as the last condition.
The motive behind this choice was to get the highest
concentration from the subjects in rating the dedicated
loudness meter candidates for which the results were
considered of higher interest than the last candidate. To
retain validity, the run order of the last condition in the test
should be randomized with the block of the other
conditions. The choice of not doing this will affect the last
condition tested in that the results will be confounded with
possible fatigue or other unknown effects from the run
order of the block and the last condition. The first five runs
will however be unaffected by this choice and will retain
full validity. The block design was represented in the
statistical models (Sec. 3.5.1).
3.2.5 Randomization of presentation order and audio
levels

In addition to the randomization of the presentation
order of elements, randomization was used to offset the
audio level for each element in a trial. This approach
minimized the possibility of a learning effect that was
previously reported for a similar test design [24]. The
randomized audio levels had to conform to some
boundaries. This was necessary to avoid causing hearing
damage to the subjects, to give the subjects a reasonable
range to adjust for with the fader and last, to have the
resulting range of audio levels to mimic what reasonably
could be encountered in a professional environment and
thereby retaining ecological validity.
All elements were initially loudness normalized to 0 LU
according to EBU R 128. For each trial, the element order
was randomized and elements were edited to succeed each
other, back-to-back and with no pause in between them,
making up a unique program. A two-stage approach was
applied to process the audio level for each element in the
program. The first stage controlled coarse level offsets
between −6 to +6 dB and the second stage controlled minor
level offsets of −1 to +1 dB.
For the first stage, six audio level patterns were
developed that decided the magnitude of the coarse level
offsets to be applied to the different elements in a program
(Fig. 2). Each trial consisted of a program processed with
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one of the patterns. For all six trials, performed by a
subject, each pattern was used once and the order of the
applied patterns was randomized. In the second stage, an
additional layer of gain with smaller magnitudes was
applied. For each element, either −1 dB, 0 dB or +1 dB
was randomly added to the audio level offset of the
element.
3.3 Subjects

Subjects were recruited from two groups. One group
consisted of engineers from the Swedish Television and
the Swedish Radio and one group consisted of sound
engineering students from Luleå University of
Technology, Sweden. Experience has been shown to be a
significant effect in earlier studies relating to audio level
alignment [25, 26]. To develop new tools, it is valuable to
retrieve assessments from engineers with good experience
in the occupation. At the same time, experience may
introduce bias. The engineer might rate higher a familiar
meter’s design, depending on the fact that the engineer has
learnt to use the meter in different scenarios and has learnt
how the meter behaves for different audio content. With
the transition to a loudness audio level alignment paradigm
comes, however, new scenarios and challenges even to the
experienced engineer. The possible bias might not be
relevant in the new paradigm. Therefore, the group of
students was also included in the study. They have the
drawback of not having the same experience. But at the
same time they also lacked experience for a particular
meter that could have introduced the bias described above.
3.4 Data collected

The collected data consists of three types: output levels,
fader data and subjective assessments. Output level depicts
the loudness level after adjustments are made by the
engineers. Fader data are the recorded fader movements
performed by the engineers. Subjective assessments are
ratings from subjects on different meter qualities. To
facilitate the interpretation of the results, output levels and
fader data were further processed into different
parameters.

+6

+6

0

0

−6

−6

+6

+6

0

0

−6

−6

Fig. 2. The six different coarse level offset patterns, plotted on symbolic diagrams. The x axis corresponds to time. The y axis
corresponds to the gain applied to the different elements in the program (seven in total). The highest level denotes a gain of +6 dB.
The center level denotes unity gain. The lowest level denotes a reduction in level of −6 dB. Thus, the shifts in audio level during one
trial always include two shifts of +6 dB, two shifts of −6 dB, one shift of +12 dB and one shift of −12 dB. The principal gain offset
patterns always start and end at unity level.
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Table 4 Parameters.
Parameters

Label

Short description

Output level (LU)

OutpLevel

Integrated loudness measurement according to ITU-R BS.1770 and relative to the –23
LUFS reference in EBU R 128

Fader variability (dB)

FaderVar

The standard deviation calculated for all fader positions

Fader movement (dB)

FaderMov

The sum of all fader movements, disregarding the direction of movement

Overshoot (dB)

Overshoot

Possible temporary overcompensation related to the transition between two elements
differing in loudness

Target level failures

TargetFail

The number of trials where OutpLevel deviates more than ±1 LU from the
recommended target level according to EBU R 128 (i.e. –23 LUFS)

Reference level difference
(LU)

RefDiff

The absolute value of the difference between OutpLevel and the reference level (−23
LUFS)

Loudness tracking (LU)

LoudTrack

How successful a performance compensated for loudness differences between
successive elements, measured as the remaining difference, in LU, between two
successive elements (i.e. a lower value connotes an improved loudness tracking).

Initial adjustment time (s)

AdjTime10

The moment when 10 percent of the necessary fader movements for loudness
compensation between two successive elements has been completed

Coarse adjustment time (s)

AdjTime90

The moment when 90 percent of the necessary fader movements for loudness
compensation between two successive elements has been completed

The parameters and their respective label and short descriptions. The parameters are either derived from output levels or from fader data. The Output
level parameter represents data from two different data sets. The OutputLevel_elem parameter contains output levels from elements and the
OutputLevel_prog parameter contains output levels from programs.

3.4.1 The parameters

3.4.2 Assessment scales

For the convenience to the reader, the short description
of the parameters are retrieved and condensed from a
previous paper [26], Table 4.

#

Statement

Label

1

“The ballistics render the perceived
dynamics”

dynamics

2

“The ballistics render the perceived
highs in dynamics”

highs

3

“The ballistics render the perceived
lows in dynamics”

lows

4

“The ballistics give good feedback from
the adjustments with the fader”

feedback

5

“The ballistics complement the shortterm time scale as a tool”

tool

6

“It is easy to read the fluctuating
values”

readability

7

“The meter is strenuous to look at in the
long run”

easy_on_eye*

The subjective assessments were retrieved through
assessments scales. The scales were of Likert type, each
consisting of a statement and a scale with three marked
ratings: “do not agree”, “do partially agree” and “do fully
agree”. The subjects were instructed to mark their rating
anywhere on the scale. The ratings were later measured
and converted to a value from 0 to 100. Table 5 lists the
different statements used, together with a label to facilitate
referencing.
It was explained that the expression “read a meter”, in
this case meant to read the actual values the indicator
presents. It was also explained that “eye fatigue” is an
assessment that should be regarded as an estimation related
to a long term use of a live loudness meter with that
particular ballistic, longer than the present test might
induce.
A high value in an assessment were, by the authors,
considered a positive quality with the ballistics definition,
except for “eye fatigue” that was considered negative. In
the presentation of the results, the values for “eye fatigue”
were reversed (100−answer), to more easily identify the
different positive qualities of the meter candidates. At the
same time the label was changed to “easy_on_eye”.

8

“The ballistics make it easy to solve the
task”

ease_of_task

3.5 Analysis

Table 5 Statements.

A list of the different statements that the subjects assessed and their
respective labels. The asterisk on the label “easy_on_eye” denotes that
the ratings on the scale was reversed in the analysis.
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The significance level was set to α=0.05 for all statistical
tests.
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Table 6 Fixed factors.
Factor

No.
levels

Description

Ballistics

6

The ballistics that was implemented in a meter in a trial (out of 6 possible meter candidates).

Element

7

A segment of audio that is inherently consistent with regard to audio source, gain and applied
treatments like compression, EQ, and so on.

Experience

2

Each subject belongs to one of two levels of experience: student or professional.

Trial

6

The test order of a trial that a subject performs (out of 6 possible trials).

Position

7

The position of an element (in playback order) in a trial (out of 7 possible positions).

LevelOffset

cov.

The offset in decibels that has been applied to the element. (This offset was applied after all
elements were loudness normalized to 0 LU).

DiffFromPrevious

cov.

The absolute value of the difference between the LevelOffset of the present element and that of
the preceding element. I.e. the size of the loudness jump in dB.

DirectionOfChange

2

The sign of the difference of the present LevelOffset and the LevelOffset of the preceding
element. I.e. the direction of a change in audio level.

The table lists the fixed main effects in the mixed model. “No. levels” represents the number of levels within the factor. “cov.” signifies that the factor
was represented as a covariate.

3.5.1 Analysis of output levels and fader data

Table 6 presents a short description of the different
factors in the experimental design.
A general linear mixed model (called hereafter “mixed
model”), was generated for each of the investigated
parameters (Sec. 3.4.1). The data was analyzed with the
Mixed procedure in IBM SPSS Statistics. Table 6 shows
the fixed factors that was added to the model as main
effects. Ballistics was the prime factor of interest.
Experience signifies the type of user as professional or
student. Element signifies the type of audio material. Trial,
Position,
LevelOffset,
DiffFromPrevious
and
DirectionOfChange signifies the controlled variations that
were applied to the signal. They were regarded as nuisance
factors.
Random effects were also included to model the
different covariances that arise from the different
restrictions on randomization in the experimental design:
Subject(Experience) to model the within-subject design of
the study; BallisticsBlock(Subject) to model the blocking
effect
of
the
10/232
IIR
ballistics;
Ballistics(BallisticsBlock(Subject)) to model the withinballistics design for Element (i.e. even if the order of
elements were randomized for each trial, there was no
change of the ballistics setting during the trial consisting
of the seven elements). Parenthesis denote that the effect
was nested within the effect that is within the parenthesis.
The covariance structure was set to “variance components”
for all random components and they were entered as
separate effects (i.e. they were modeled as independent of
each other).
Also, included in the model were: second-order
interactions between all fixed factors; third-order
interactions between LevelOffset, DirectionOfChange and
each of the other fixed factors.
A reduced model was created for each parameter in
which the non-significant fixed factors/interactions were
Journal information

removed. The algorithm used was stepwise regression,
examining the p values. The component with the highest p
value was removed, one at a time. However, if any term
considered for elimination was represented in any higher
order interaction, it was not removed. This retained the
hierarchical model design pattern. The stepwise regression
ended when all terms had p values below 0.10 or were
included in a higher order interaction. At this stage a new
round of stepwise regression took place, where the terms
with p values in the range 0.05–0.10 were tested (again,
beginning with the highest). This time the criteria for
omitting a term was that the new model yielded a lower
BIC (Bayesian Information Criterion), meaning that the
complexity in the larger model is not justified for the loss
of degrees of freedom. In this step the random components
in the model were never considered for removal.
Comparison of BIC values are only valid when comparing
models with the same specification of random
components. However, after the last reduction of fixed
effects was made, possible random effects with p > 0.10
were removed (again, with a similar stepwise regression
strategy).
In cases that the Ballistics factor was significant, posthoc tests with multiple comparisons were performed. The
Benjamini-Hochberg
compensation
for
multiple
comparisons was applied with the False Discovery Rate
(FDR) set to 0.05.
3.5.2 Effect of randomization on analysis

The introduction of randomization of run order for
elements enables possible conclusions about the individual
elements. Even though the methodology allows this, the
analysis still focuses on the effects of the Meter factor.
Both the introduction of randomization of run order, as
well as the introduction of randomization of audio levels,
improve the methodology compared to the former study
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[26]in that the subjects cannot learn the sequence and the
audio level pattern to adjust for.
The randomization of audio levels (Sec. 3.2.5), required
some strategy on how the experimental factors should be
modeled in the analysis. The following choices were
considered:
1) The absolute value in LU as a coarse offset (i.e. −6 LU,
0 LU and +6 LU, modeled as a categorical factor)
2) The difference in LU between the new and preceding
element (i.e. −12 LU, −6 LU, +6 LU, +12 LU, modeled
as a categorical factor)
3) The absolute value as a covariate of the applied
loudness offset (e.g. −7 LU, −5 LU, +1 LU, +5 LU,
modeled as a real-valued factor).
4) The difference in LU between the new and preceding
element as a covariate (e.g. (−13 LU, −5 LU, +6 LU, +
11 LU, modeled as a real-valued factor).
These choices may not all be included in the model. Some
combinations would violate the independency assumption
between the experimental factors. The choice was made to
go with number 3 and 4 in the list above. In addition,
number 4 was in turn split into two different factors, the
absolute value of the value and a categorical factor
indicating the direction of change (i.e. if the difference was
positive or negative).
An additional note is that if one would go with the
categorical factor design, 1 and 2, one must be aware of
the unbalanced design in the application of audio level
offsets (Sec. 3.2.5).
3.5.3 Analysis of assessments

The scores from the assessments ranged from 0 to 100.
In the histograms (Appendix), the y axis represents the
number of subjects that estimated each span of scores. The
red line represents the average. In cases where the
statement was found significant, pair-wise t tests were
performed between all possible pairs. Since the
assessments in many cases did not belong to a normal
distribution, the analysis was performed on a bootstrapped
data set (n = 1000), created from the original data.
Due to the particular question of whether a too slow time
constant would make it difficult for the engineer to assess
the lower parts of the dynamics in the signal, a specific
model was planned to test this hypothesis. The dependent
factor was the rating for statement lows (Sec. 3.4.2: Table
5). For this particular test, the Ballistics factor was
replaced by two factors: Attack time constant and Decay
time constant. The data were filtered to only include data
points from comparable meter candidates: 400 IIR, 250
IIR, 100/400 IIR and 100/250 IIR. Thus, the Attack time
constant would include the levels 400, 250 and 100 ms,
and the Decay time constant would include the levels 400
and 250 ms. The other factors were treated as normal.
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in here presented models utilize a clearer representation of
the randomization restrictions by using a nested effects
design pattern. In previous publications, those were
instead entered as interactions (i.e. Meter × Subject instead
of Meter(Subject). In fact, in the present designs of the
experiments, the effects from interactions and
randomization restrictions are confounded. Entering the
effects as interactions versus nested effects are
synonymous in this case and either way represents the
confounded effect of the two. This was also confirmed;
comparing the two design patterns always yielded the
exact same results.
The tests of the very models themselves were in all cases
significant.
4 RESULTS AND DISCUSSION

The Results section focuses on the effect of the
Ballistics factor. Other significant effects may be present
that are not discussed in text. However, all significant
effects may be found in the Appendix, where the complete
results are listed.
4.1 Output level and Mean fader level
4.1.1 Average levels

Output level from the program and element data sets are
shown in Fig. 3. Mean fader level for elements are shown
in Fig. 4. The meter candidates are ordered from left to
right according to their respective asymmetry values,
beginning with the lowest.
Fig. 3 reveals that the averages calculated on the
program data set are approximately 0.5 LU higher than the
averages from the element data set (except for the 10/232
IIR ballistic where the difference is larger). The reason for
this difference is attributed to the gate in BS.1770. An
explanation for how the gate can affect the results in live
environments is given in Sec. 4.5.
No ballistics caused an average program loudness level
that deviated more than the tolerance span of ±1 LU (EBU
R 128). Thus, no ballistics are biased large enough to
disqualify as a tool in this regard. This is in line with the
results from a former study [26]. However, all ballistics
except 10/232 IIR and 100/400 IIR yielded results where
the 95% CI excludes 0 LU and are therefore considered to
have a positive bias.
The EBU tolerance span of ±1 LU was introduced to
give the engineer handling margins for error, since total
control is not achievable in live environments. Given the
validity of the results, for all ballistics except 10/232 IIR,
the present results show that the handling margins for a
positive error for the engineer was reduced by 50–75%.
This bears consequences for a strict policy to follow the
recommendation in EBU R 128.

3.5.4 Validity of statistical models

Literature on statistical procedures was reviewed and
considered in order to build the mixed models [44–48]. In
[26], incentives are explained for the validity of the
models. One change since the latter publication is that the
2
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be explained by the stimuli or the design of the experiment,
since all stimuli was normalized to 0 LU and the average
of the applied level offsets were balanced around 0 LU.
Again, it is with the gating strategy that we will find the
explanation (Sec. 4.5). The possibility of errors in the
statistical models was first ruled out.
4.1.2 Tests of the Ballistics factor

Table 17 and 18 in the Appendix accounts for the tests
of model components (i.e. fixed and random effects) for
both
the
parameters
OutputLevel_elem
and
MeanFaderLevel, respectively. The Ballistics main effect
was significant for the parameters OutputLevel_elem (p <
0.001) and MeanFaderLevel (p < 0.001). The Ballistics
factor was not significant for any of the other parameters.
4.1.3 Post-hoc tests

From the results of the pair-wise comparisons tests
between ballistics, tables of homogeneous subsets were
created. In those tables, the results for a pair of ballistics
that could not be discerned statistically (FDR = 0.05),
were assigned a common letter. The different factor levels
were ordered according to the average value, beginning
with the highest value at the top. Due to the within-subjects
design of the experiment, the outcome of a pair-wise
comparison will sometimes be significant, even in cases
where the confidence intervals overlap for the individual
ballistics results.
Homogeneous subsets for Output level from elements
and Mean fader level are found in Table 7 and 8,
respectively.

Fig. 3. The figure shows the average of Output level from the
program and element data sets, for the different ballistics tested.
Error bars depict 95% confidence intervals, which were derived
from the mixed models.

Table 7 Homogeneous subsets for OutputLevel_elem
Ballistics

Fig. 4 The figure shows the average of Mean fader level, for the
different ballistics tested. Error bars depict 95% confidence
intervals, which were derived from the mixed model.

Regarding the average output levels from elements, the
400 IIR ballistics yields a positive bias (p = 0.022), and for
the 400 FIR ballistics, there are some evidence for the
same statement (p = 0.085). The highly asymmetric
ballistics, 10/232 IIR, yields a negative bias (p = 0.029).
The 250 IIR and the asymmetric ballistics 125/250 IIR and
125/400 IIR, all include 0 LU in their respective CIs and
are thus not biased for this parameter.
Regarding all reports of positive bias, a possible
explanation is attributed to the gate in BS.1770 (Sec. 4.5).
The figures also reveal that the patterns of relative
differences between averages, when comparing Fig. 3 and
Fig. 4, are essentially the same. This is expected, since
fader levels should have a direct impact on the resulting
output levels. Fader level is, however, consistently about
0.5 dB lower than Output level from elements. This cannot

Level

Homogeneous subsets

400 IIR

0.40

A

400 FIR

0.24

A

B

250 IIR

0.14

A

B

100/250 IIR

−0.06

B

C

100/400 IIR

−0.07

B

C

10/232 IIR

−0.38

C

Homogeneous subsets were built on the results from pairwise
comparisons, following the output of a mixed model. p values were
adjusted according to a FDR of 0.05.
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Table 8 Homogeneous subsets for MeanFaderLevel
Ballistics

Level

Homogeneous subsets

400 IIR

−0.02

A

400 FIR

−0.18

A

B

250 IIR

−0.24

A

B

100/400 IIR

−0.41

B

100/250 IIR

−0.50

B

10/232 IIR

−0.79

C
C

Homogeneous subsets were built on the results from pairwise
comparisons, following the output of a mixed model. p values were
adjusted according to a FDR of 0.05.

The order of the ballistics according to the average
output level (Table 7) is directly reversed to the order from
the meter asymmetry value (Table 2); The higher the meter
asymmetry—the lower the output level. This result is
logical, given the effect of asymmetry on the average
readings of the indicator—a fast attack and slow decay
promotes higher readings in the meter, which in turn
makes the engineer compensate with a reduction in level.
Therefore, an asymmetrical meter may cause an offset in
the resulting program target level and may cause
incompatibility with existing Short-term measurement or
Integrated measurement (as specified in R 128 [3]).
The structure of homogeneous subsets for
MeanFaderLevel (Table 8) is very much alike the one for
OutputLevel_elem. This is expected, given the direct
impact from fader levels on output levels.
4.2 Other fader parameters

For the other fader parameters explored; Fader
movement, Fader variability, Overshoot, Initial
adjustment time and Coarse adjustment time; no
significance was found for the Ballistics factor.
4.3 Effect of the direction of change on adjustment
time

In the transitions between elements, the direction of
change in the applied level offsets affected Initial
adjustment time (p < 0.001) and Coarse adjustment time (p
< 0.001). For an increase in level, AdjTime10 yielded 0.44
s faster response than for a decrease in level. For
AdjTime90, an increase in level yielded 1.2 seconds faster
compensation than for a decrease in level. Thus, engineers
are generally much faster to compensate for a sudden
increase in loudness than for the opposite direction. The
asymmetry in compensation speed, as dependent on the
direction, brings one explanatory part for why fader levels
are on the lower side of 0 LU.
4.4 Subjective assessments

Histograms on the ratings for the different statements
are found in the Appendix. Results from statistical tests on
ratings are also found in the same section.
4

4.4.1 Ratings on the +18 scale

Fig. 6 thru 12 show the distributions of the ratings for
the different statements. Two observations may be made
on the results. In Fig. 6, regarding the ballistics capability
to represent microdynamics, the 10/232 IIR ballistic seem
to be bimodal, suggesting that the engineers belong to two
groups which diametrically disagrees in their ratings of the
statement. In Fig. 7 and Fig. 9, all medians are above 60,
which indicates generally good marks for the two
investigated qualities, “highs” and “feedback”.
The tests of fixed effects yield that the Ballistics factor
was significant for the following statements (Sec. 3.4.2),
the figures being retrieved from the statement number in
Table 5:
1 – “The ballistics render the perceived dynamics” (p =
0.043).
6 – “It is easy to read the fluctuating values” (p < 0.001).
7 – “The ballistics induce eye fatigue in the long run” (p
< 0.001).
In addition, there were some evidence for the statement:
3 – “The ballistics render the perceived lows in
dynamics” (p = 0.059).
For statement 1 and 3, post-hoc tests showed no
significance for any specific pair of meter candidates.
Table 9 and 10 show the average ratings and results from
pair-wise comparisons for statement 6 and 7, respectively.
Table 9 Homogeneous subsets, statement 6 – “Readability”
Ballistics

Rating
(average)

Homogeneous subsets

250 IIR

70

A

400 IIR

69

A

100/400 IIR

68

A

100/250 IIR

65

A

400 FIR

58

A

10/232 IIR

46

B
B

Homogeneous subsets are based on pairwise comparisons, based on the
output of a mixed model. p values were adjusted according to a FDR of
0.05.

Table I0 Homogeneous subsets, statement 7 – “Easy_on_eye”
Ballistics

Rating
(average)

Homogeneous subsets

400 IIR

64

A

100/400 IIR

62

A

250 IIR

59

A

100/250 IIR

49

400 FIR

47

10/232 IIR

32

B
B

C
C
D

Homogeneous subsets were built on the results from pairwise
comparisons, following the output of a mixed model. p values were
adjusted according to a FDR of 0.05.
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Conclusions and summary
The 10/232 IIR ballistics stand out as having lower
readability than the designated momentary time scale
candidates (Table 9). The explanation should be attributed
the general fast response of the indicator movements for
this ballistics definition.
Regarding the ballistics’ quality to prevent eye fatigue
(i.e. “easy_on_eye”), there seem to be a correlation
between the rating and the meters sluggishness; Higher
sluggishness value yields lower marks regarding the
quality to be able to watch the meters in the long run. The
400 IIR and 100/400 IIR ballistics were rated higher than
several other candidates. The probable explanation is their
common, slow, decay behavior. The 400 FIR ballistics
was considered to induce a higher degree of eye fatigue
than the 400 IIR, 100/400 IIR and 250 IIR ballistics. This
could either be explained by the swifter response of the
meter, or by the filter type. Last, The 10/232 IIR ballistics
stand out as being rated to generate a much higher degree
of eye fatigue than the designated momentary meter
candidates.
The suggested measure for meter sluggishness (Sec.
2.1.2) is tested to model the results for “easy_on_eye”. In
Sec. 4.4.3, the concept is tested to model the results on the
+9 scale.

of the pair-wise tests yields the exact same homogeneous
subsets as for statement 5. This infers that readability was
considered an important aspect to the subjects when rating
the ballistics’ qualification as a tool. Given that readability
is a positive quality for the momentary meter ballistics, a
similar conclusion is drawn, promoting the three highest
ranked candidates.
Table 12. Homogeneous subsets, 6 – “Readability”
Ballistics

Fig. 13 thru 15 show the distributions of the ratings for
the different statements. Significant effects were found for
all statements for the +9 scale.
Table 11 shows the homogeneous subsets for statement
5 – “The ballistics complement the short-term time scale
as a tool”. The 250 IIR and 400 IIR ballistics were rated
higher than the 100/250 IIR and 400 FIR ballistics and the
100/400 IIR could not be discerned from the two former.
Thus, the three highest ranked ballistics should be
considered more appropriate for the momentary time scale,
when used on the +9 scale, than the other candidates. The
10/232 IIR ballistics are clearly not advisable for the +9
scale.

400 IIR

68

A

250 IIR

67

A

100/400 IIR

61

A

100/250 IIR

56

B

400 FIR

53

B

10/232 IIR

34

B

C

Table 13 shows the homogeneous subsets for statement
7 – “The ballistics induce eye fatigue in the long run". On
the reversed scale (i.e. “easy_on_eye”), the 400 IIR is
rated higher than the other candidates, followed by the 250
IIR and 100/400 IIR ballistics in a shared second place.
Considering the average rating below 50, the speed or
magnitude of the 400 FIR, 100/250 IIR and 10/232 IIR
ballistics are believed to be too high to be comfortable to
watch in the long run when used on the +9 scale. Also, with
regards to the 400 FIR ballistics, the result may
alternatively be attributed the filter type.
If one tests the definition for meter sluggishness on these
results, one would get a strong correlation between the
rating of “easy_on_eye” and meter sluggishness (Table
14). This shows that the measure is useful, considering its
simplicity.

Table 11 Homogeneous subsets, 5 – “Tool”
Rating
(average)

Homogeneous subsets

Homogeneous subsets were based on pairwise comparisons, following
the output of a mixed model. p values were adjusted according to a
FDR of 0.05. The ballistics are ordered according to the average rating,
beginning with the highest value.

4.4.2 Ratings on the +9 scale

Ballistics

Rating
(average)

Homogeneous subsets
Table 13 Homogeneous subsets, 7 – “Easy_on_eye”

250 IIR

67

A

400 IIR

66

A

100/400 IIR

61

A

100/250 IIR

55

B

400 FIR

55

B

10/232 IIR

36

Ballistics
B

C

Homogeneous subsets were based on pairwise comparisons, following
the output of a mixed model. p values were adjusted according to a
FDR of 0.05. The ballistics are ordered according to the average rating,
beginning with the highest value.

Rating
(average)

Homogeneous subsets

400 IIR

69

A

250 IIR

57

B

100/400 IIR

56

B

400 FIR

46

100/250 IIR

44

10/232 IIR

29

C
C

D
D
E

Homogeneous subsets were based on pairwise comparisons, following
the output of a mixed model. p values were adjusted according to a
FDR of 0.05. The ballistics are ordered according to the average rating,
beginning with the highest value.

Table 12 shows the homogeneous subsets for statement
6 – “It is easy to read the fluctuating values”. The outcome

5

Evaluation of the Momentary Time Scale for Live Loudness Metering

Table 14. Rating versus meter sluggishness.
Ballistics

Rating

Meter sluggishness

400 IIR

69

800

250 IIR

57

500

100/400 IIR

56

500

400 FIR

46

400

100/250 IIR

44

350

10/232 IIR

29

242

The correlation between the rating and meter agillity is strong,
Pearson’s r = 0.95.

4.4.3 Test on rendering the low dynamics

The importance of the decay time constant for the ability
of the time scales to represent the low level parts of the
dynamics of the audio content (Fig. 1 b) is seen in Table
15 which shows the contrast and the resulting estimated
ratings in the model. The reduced model was significant
(p=0.006) as well as the compared contrast (p=0.006). This
means that the subjects perceive that ballistics with a 250
ms time constant do render the low level portions of the
signal to a higher degree, corresponding to 10 points
higher.
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rather than to equate the applicability of the meter
candidates as tools.
If one instead aims to reduce the possible meter
candidates instead of nominating the best candidate, the
present data is strong enough to state that there exist better
candidates than the 100/250 IIR, 400 FIR and 10/232 IIR
ballistics, considering the results from both experiments,
leaving the 400 IIR, 250 IIR and as possible candidates
for further evaluation.
4.5 Implications of the gating strategy for live
loudness measurement

Three possible effects of the gate has been mentioned:
• The average Output level from programs are higher than
from elements.
• Output level generally have a positive bias.
• The values for Output level are higher than for Fader
level.
Here follows an explanation for the relationship between
the gate mechanism and the results. Fig. 5 a and b
illustrates the conception.

Table 15. Average ratings of “lows”
Contrast

Rating

250 IIR
100/250 IIR

61

400 IIR
100/400 IIR

51

Fig. 5 a. The figure illustrates typical transitions between level
offsets (red) and the typical fader response from the engineer.

The table presents the results for the meters ability to represent the plow
parts of the dynamics. The specific contrast was defined by the decay
time constant and discerns the meter candidates above the dashed line
and the meter candidates below the dashed line.

4.4.4 Conclusions from comparing the different data
sets

A larger count of statements and pair-wise comparisons
were significant for the +9 test than for the +18 test. A
probable explanation is the relative ease of the subjects’
task with the +9 test, considering the following aspects:
• Since only one element was run (uncompressed
speech), the time between trials was consequently much
shorter.
• By not performing the action of normalizing the audio
levels, the full concentration might be put on the
assessment at stake.
• There were only three assessments to consider
compared to the seven for the +18 scale.
Considering that the difficulty of the assessment task in
the +18 test might have been too high, and the resulting
statistical power too low, the conclusion from the results
should rather be that further testing need to be performed,
6

Fig. 5 b. Given the level offsets and fader levels in Fig. 5 a, the
present figure illustrates the sum in level gain of the two
contributing sources,

The red square-shaped curve depicts the applied coarse
level offsets. The blue curve represents the typical live
qualities of an engineer’s compensation with a fader. It
accounts for some latency in the reaction as well as the
characteristics of a faster compensation to a raise in level
as opposed to a decrease in level. These features was
reported in Sec. 4.3. When a raise in level occurs and
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where the engineer finds it motivated to compensate, there
will be a temporary loud passage above the average
loudness. In this case, the temporary section will
contribute to a raise in the average loudness. On the
contrary, when a drop in level occurs and where the
engineer finds it motivated to compensate for the same,
there will be a temporary soft section below the average
loudness. In this case, the temporary low level section will
trigger the gate, and will thus not contribute to the average
loudness level of the program. The fact that the parameter
Fader level does not include a gate in the calculation and
Output level does include the same, may yield an offset
between the two measures. The results show that this is the
case (Sec. 4.1.1).
The effect explained above might either depend on the
characteristics of the element itself or as a result of the
applied level offsets. In either case, the difference of 0.45
LU between OutputLevel_prog and OutputLevel_elem can
also be explained by mechanics that are independent of the
engineer. When measuring elements in isolation, the
average level that the relative threshold compares to, is
based purely on that element. On the contrary, when the
element is part of a program, the level offset that is applied
on the element is relative to the average level of the
complete program and therefore is subject to trigger the
gate. The gate will, however, only trigger on elements with
negative level offsets and this will raise the measured level
for the program in comparison to individually measured
elements.
These are effects of the relative threshold in the gate.
The benefits of such a gate when measuring audio material
in its final stage with properly aligned levels is explained
and justified. However, the interaction between the relative
threshold and a live performance might not have been
intended in the design of the gate.
Last, the 400 ms measurement blocks in the construction
of the gate will have influence. The block duration will
mean that the gate for a −10 dB drop will not be activated
until 400 ms seconds later. If we add to this the engineers’
reaction time, which also has been shown to be different
depending on direction, then we have a complex
interaction. Also, a quick upward compensation does not
necessarily yield a higher output level in comparison to a
slow compensation; A fast reaction is likely to take the
audio level above the gate threshold earlier and thereby
including an extended passage of lower levels to the
average.
The importance of the gate for live measurements is not
trivial. One may possibly question the importance of
displaying the active state of the gate in an integrated live
measurement. What you see from the gate is based only on
the data that has passed since the start of the integrated
measurement. As time goes by, the indication of the gates
activity will actually change in the future, making the
earlier gate indications during the transmission outdated.
There are important validity aspects that follow this
argumentation. First, one out of six transitions between
elements had DiffFromPrev in the −11 to −13 dB range.
These transitions will trigger the relative gate of −10 LU,
whilst the other transitions will not. Examples were
identified at SVT with this magnitude of loudness

discrepancies in the source material prior to broadcast. It
was therefore justified to represent them in the study.
However, the share of those occurrences was not
investigated. Therefore, the experimental design does not
represent the commonality of such transitions. Other
scenarios may have any share, ranging from none to
exceeding one out of six occurrences. The found offset
between program level and element level is not general and
will be dependent on the share of large negative level
transitions. Second, one of the elements consisted of
Beethoven music with an LRA value of roughly 20 LU.
This material also triggers the relative gate. The Beethoven
element was the only element out of seven that contained
this magnitude of dynamics. Again, the very share of
dynamic material is not meaningful to generalize. The
difference found between fader level and output levels
from elements is not general and will be dependent on the
share of large dynamic elements in the program.
4.6 Discussion on method
4.6.1 Meter implementation

The software for the meter was written prior to this
study. This enabled the necessary customization of the
non-standardized meters.
One problem was identified during the programming.
Buffering of audio streams is a necessary technique for
processing real-time audio in a program environment.
Ideally, the buffer size should be minimized. Buffering
may introduce delays to the signal as well as jitter
(irregularities in the time domain). Two buffers were
identified. Other possible low-level buffering may take
place that are hidden to the programmer. One buffer
resided in the code of the loudness meter. It was set to 512
samples for the present study, which corresponds to 10.7
ms. Also, the screen refresh rate was 60 Hz, which
corresponds to 17 ms. Both these sources may delay the
signal correspondingly and act as sources for jitter.
With regards to jitter, the above sources are severe for
the 10/232 IIR ballistics, since the attack time constant is
in the same order as the jitter. This may partially explain
the low ratings for the candidate. The visual effects of the
jitter were identified by the researches as occasionally
small discrete jumps in the indicator as opposed to a
continuous movement. Some spontaneous negative
remarks were also given by the professional group of
engineers that could be attributed to this effect. For the
other candidates, no visual defects caused by jitter could
be identified. The meters were presented at an AES
convention and got at least one remark from initiated
engineers, that the meters were all performing well. The
10/232 IIR was not presented at this occasion.
A check was made on all test files by EBU Loudness
test set [49], to see that the meters followed the
recommendation. The meter behaved as expected for all
test files.
4.6.2 Conclusions from the two tests

In the rating of meter qualities, there were only three
assessment scales to rate by the subjects in test two (the +9
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scale), compared to the eight scales in test one (the +18
scale) (Sec. 3.2.1). Also, in test two, the subjects was
presented only one of the elements and did not perform any
audio alignment task,
Regarding the assessment scales, it is likely that the task
in the second test was easier to perform, given the fewer
number of assessments, the proximity in time between the
different meter candidates (since there was only one
element played back) and the focus on the single task of
rating the qualities and not perform any level alignment.
However, two drawbacks follow with the second test
design. First, two statements were not possible for the
subjects to rate, since the engineer has not performed the
normalization process: feedback and ease_of_task (Sec.
2.4.2: Table 5). Second, the validity of the rating of the tool
statement is degraded because the engineer has not
actually used the meter as a tool. The positive aspect
regarding the validity of the present methodology as was
explained in the former publication by the authors [26] is
thus not maintained in the second test design.
The difference in the number of significant effects found
between the two tests implies that the first test design (Test
1), combining two tasks, eight assessment scales and seven
yielded a too difficult task for the subjects to gain optimal
results in terms of increased variance in the ratings.
Considering these aspects in this section, the better
strategy would be too keep the design of Test 1, but reduce
the number of levels in the experimental factors and the
number of assessment scales.
4.6.3 Importance of experience for the relatively high
output levels

Engineers was in this experiment generally adjusting
output levels on the high side of the tolerance span for the
target level. The professional engineers were used to the,
at the time, technical specification at Swedish Television.
That specification read that levels for “normal speech”
should be adjusted to be between 0 and +6 on the Nordic
scale. Even though instructions were given for the new
loudness paradigm, experience might have been part of the
explanation for the positive offsets in levels (apart from the
gate mentioned in Sec. 4.5). For this reason, the very
resulting output levels may have the validity issues
depending on lack of experience, and conclusions about
which meters are close to target level, should be avoided
or alternatively be confirmed in a new experiment.
5 CONCLUSIONS AND SUMMARY
5.1 Conclusions and summary

The results will here be summarized according to the
four aspects for evaluation given in the background
section: the meters ability to assist the engineer achieve the
recommended target level for a program, the meters ability
to represent microdynamics, the possibility to read out the
fluctuating values and estimated eye fatigue from using the
meter in the long run. Also, the engineers’ own evaluation
of the different ballistics are weighed. The summary will
regard the ratings from both the +9 and +18 scale where
such data exist.
8
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All meters were acceptable in the aspect to assist the
engineer to achieve the target level for the program.
Despite this, there is a tendency for all meters to contribute
to somewhat higher output levels. Explanations have been
offered for why this is the case, including lack of
experience and the workings of the gate in the integrated
measurement. It should therefore be advisable to either
promote the reading of the integrated reading to further
moderate the levels towards the target level; ensure that
audio levels for different elements prior a live
transmissions are within ±5 LU (restricting the level
transitions to be max 10 LU); or change the threshold or
the workings of the gate.
The speed and/or magnitude of the fluctuations in the
meter indicator has been shown to affect the perceived
ability to read the meter as well as an estimated increase in
eye fatigue in the long run. The +9 scale logically has
lower ratings regarding the qualities than the +18 scale. On
the +18 scale, three of the candidates belonged to the same
homogeneous subset and had an average reversed rating
above 50 for the statement “induces eye fatigue in the long
run”, the 400 IIR, 100/400 IIR and 250 IIR.
On the +9 scale, almost all meters were discerned from
each other; no homogeneous subset consisted of more than
two meters. The ordering of the IIR type of meters were
(in order from least fatiguing to most fatiguing:
1)
2)
3)
4)

400 IIR (m. sluggishness: 800)
250 IIR and 100/400 IIR (m. sluggishness: 500)
100/250 IIR (m. sluggishness: 350)
10/233 IIR (m. sluggishness: 243)

Using the very simple formula for meter sluggishness,
we can see that the quality directly affects eye fatigue. The
first and second place are worth noting as they score above
50 on the (reversed) scale easy_on_eye (Sec. 3.4.2). The
400 FIR ballistics is somewhere between 2nd and 3rd
place and closer to 3rd place.
For both scales, the same three candidates are rated
highest and above 50. The 400 IIR has an advantage on
the +9 scale, being the most easy ballistics on the eye.
The test on the importance of the decay time constant
for the reading out the low dynamics in audio content, the
250 ms time constant was rated 10 points higher than the
400 ms time constant. This gives the 250 IIR and 100/250
IIR and advantage before the 400 IIR and 100/400 IIR.
Looking at the histograms also reveal that the results go in
the direction of the hypothesis.
No results were found for the meters ability to represent
microdynamics. However, a conclusion regarding the
aspect is still possible to make. The sources from
psychoacoustics mention an attack time constant of 45-200
ms. From this statement, one may conclude that the 250
IIR ballistics, with an attack time constant of 250 ms,
represent microdynamics to a higher degree than the 400
IIR ms ballistics may do.
Regarding the meters complementary function as a tool
to the short-term time scale, three meters were found in the
same top homogeneous subset for the +9 scale: the 250
IIR, 400 IIR and 100/400 IIR.
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Conclusions and summary
Considering all above aspects, we have three candidates
that stand out, the 250 IIR, 400 IIR and 100/400 IIR. One
is superior in rendering low dynamics, the 250 IIR. One is
superior regarding inducing least eye fatigue, the 400 IIR.
Considering that the 250 IIR is at second place, regarding
the latter quality and still rated 59 and 57, respectively, on
the two scales, the 250 IIR candidate has an overall
advantage. This said, there is still an open question where
in the interval 100–250 ms, that makes the best balance
between representation of microdynamics and induction of
eye fatigue.
Being rated last in all post-hoc tests, the 10/232 IIR
meter is clearly not advisable to use for loudness
measurement.

[3]

A. Travaglini, “Broadcast Loudness: Mixing,
Monitoring and Control,” presented at the AES 122nd
Convention (2007 May), convention paper 7044.
[4] ITU-R Recommendation BS.1770-4, “Algorithms to
measure audio programme loudness and true-peak
audio level” (2015 Oct.).
[5] EBU Recommendation R 128, “Loudness
normalisation and permitted maximum level of audio
signals” (2014 June).
[6] IEC, “Sound system equipment - Part 10: Peak
programme level meters” (1991 Mar.).
[7] G. A. Soulodre, S. G. Norcross, “Objective Measures
of Loudness,” presented at the AES 115th Convention
(2003 Oct.), convention paper 5896.
[8] E. Skovenborg, S. H. Nielsen, “Evaluation of Different
Loudness Models with Music and Speech Material,”
presented at the AES 117th Convention (2004 Oct.),
convention paper 6234.
[9] G. A. Soulodre, “Evaluation of Objective Loudness
Meters,” presented at the AES 116th Convention (2004
May), convention paper 6161.
[10] F. Begnert, H. Ekman, J. Berg, “Difference between
the EBU R-128 meter recommendation and human
subjective loudness perception,” presented at the AES
131st Convention (2011 Oct.), convention paper 8489.
[11] P. Pestana, J. Reiss, Á. Barbosa, “Loudness
Measurement of Multitrack Audio Content using
Modifications of ITU-R BS.1770,” presented at the
AES 134th Convention (2013 May), convention paper
[12] E. Belger The Loudness Balance of Audio Broadcast
Programs, “The Loudness Balance of Audio Broadcast
Programs”, J. Audio Eng. Soc, 17(3): 282-285 (1969)
[13] “Program loudness revisited,” J. Audio Eng. Soc., pp
(2005 Oct.).
[14] “Loudness trumps everything,” J.Audio Eng. Soc., pp
(2006 May).
[15] “Guidelines for distribution and reproduction in
accordance with EBU R 128”, (2016 July).
[16] European Broadcasting Union, “Guidelines for
production of programmes in accordance with EBU R
128”, (2016 Jan.).
[17] European Broadcasting Union, “Loudness Metering:
‘EBU Mode’ metering to supplement loudness
normalisation in accordance with EBU R 128”, (2016
Jan.).
[18] European Broadcasting Union, “Loudness range: A
measure to supplement EBU R 128 loudness
normalization”, (2016 Jan.).
[19] European Broadcasting Union, “Loudness parameters
for short-form content (adverts; promos, etc.)”, (2016
Jan.).
[20] S. G. Norcross, F. Poulin, M. C. Lavoie Evaluation of
Live Meter Ballistics for Loudness Control,
“Evaluation of Live Meter Ballistics for Loudness
Control”, J. Audio Eng. Soc., (2011 May).
[21] G. A. Soulodre, M. C. Lavoie, “Development and
Evaluation of Short-Term Loudness Meters,” presented
at the AES 121st Convention (2006 Oct.), convention
paper 6889.

5.2 Suggestions for future work

Pairwise comparisons
One way to further increase the power of the analysis is
to design the test as an AB/ comparison test. This would
make the very comparison of two ballistics easier.
However, it would be more complicated to add a
representation of the short-term time scale. Also, this
design would need the full focus on the meters, and the
method-of-adjustment might not be feasible to combine
with this design.
Follow up interviews
Follow up interviews were performed in direct
successions of the trials. The results from those will be
material considered for future publications.
Degradations in audio stimuli and acoustics
This study was performed under (optimal) studio
conditions. Degrading the quality in the audio
reproduction system, the acoustics and/or introduce
disturbing noises would likely force the engineers to rely
more on the meter. If similar properties were to be added
in the test design, the ballistics factor would likely yield
larger effects.
Thesis
This paper and possible further conclusions will be
published in a forthcoming doctoral thesis by the first
author at the Luleå University of Technology.
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APPENDIX

Mean fader level

Tests of model effects

Table 17 a. Type III Tests of Fixed Effects, MeanFaderLevel

Output levels from elements

Source

Table 16 a. Type III Tests of Fixed Effects, OutputLevel_elem
Source

Num.
df

Denom.
df

F

p

Num.
df

Denom.
df

F

p

Experience

1

33

0.3

0.591

Ballistics

5

168

7.3

<0.001

Element

6

1292

10.8

<0.001

Experience

1

32

<0.1

0.924

ElementPosition

6

1192

2.2

0.045

Ballistics

5

122

4.9

<0.001

DirectionChange

1

1302

4.6

0.032

Element

6

1275

14.5

<0.001

LevelOffset

1

1276

382.6

<0.001

Trial

5

123

1.8

0.124

DiffFromPrevious

1

1229

1.8

0.179

DirectionChange

1

1236

3.0

0.081

1154

5.3

<0.001

1

1191

61.4

<0.001

Experience ×
Element

6

LevelOffset
DiffFromPrevious

1

1192

45.7

<0.001

5

1165

3.0

0.011

Experience ×
Element

6

1154

4.2

<0.001

Meter ×
LevelOffset

6

1292

11.1

<0.001

Element ×
DirectionChange

6

1286

1.4

0.218

Element ×
DirectionChange

6

1297

2.6

0.018

Element ×
DiffFromPrevious

6

1289

2.4

0.024

Element ×
DiffFromPrevious

6

1305

2.5

0.022

Trial ×
LevelOffset

5

1166

3.5

0.004

ElementPosition ×
LevelOffset

6

1294

2.6

0.018

DirectionChange ×
DiffFromPrevious

1

1216

144.1

<0.001

ElementPosition ×
LevelOffset

1

1283

27.5

<0.001

Element ×
DirectionChange ×
DiffFromPrevious

6

1287

7.1

<0.001

DirectionChange ×
DiffFromPrevious

36

1298

1.4

0.067

Element ×
ElementPosition

Table 17 b. Tests of Random Effects, MeanFaderLevel

Table 16 b. Test of random effects, OutputLevel_elem
Parameter

Est.

Std.
Err.

Wald
Z

p

Parameter

Est.

Std.
Err.

Wald
Z

p

Residual

1.40

0.06

24.0

<0.001

Residual

1.42

0.06

23.9

<0.001

Subject(Experience)

0.78

0.24

3.23

0.001

Subject(Experience)

0.92

0.24

3.8

<0.001

BallisticsType(Subject)

0.21

0.10

2.15

0.032

0.14

0.04

3.6

<0.001

Ballistics(BallisticsType
(Subject))

0.09

0.04

2.25

0.024

Ballistics(BallisticsType
(Subject))
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Distributions of assessments
Ratings from Test 1, +18 scale

Fig. 7. “The meter renders the perceived highs in dynamics.” The
(red) vertical line depicts the average.
Fig. 6. “The meter renders the perceived dynamics.” The (red)
vertical line depicts the average.
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Fig. 8. “The meter renders the perceived lows in dynamics.” The
(red) vertical line depicts the average.

Fig. 9. “The meter gives good feedback on adjustments with the
fader.” The (red) vertical line depicts the average.
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Fig. 10. “The ballistics complement the short-term time scale.”
The (red) vertical line depicts the average.
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Fig. 11. “It is easy to read the fluctuating values.” The (red)
vertical line depicts the average.
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Ratings from Test 2, +9 scale

Fig. 12. “It is easy to read the fluctuating values.” The (red)
vertical line depicts the average.

Fig. 13. “The ballistics complement the short-term time scale.”
The (red) vertical line depicts the average.
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Fig. 14. “It is easy to read the fluctuating values”. The (red)
vertical line depicts the average.
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Fig. 15. “The ballistics do not induce eye fatigue in the long run.”
The (red) vertical line depicts the average.
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