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The MPEG-1 Layer 3 compression schema of audio signal, or commonly known as mp3, has caused a great impact in recent
years as it has reached high compression rates while also conserving a high sound quality. Previous listening tests have
shown that music and speech samples compressed at high bitrates are virtually indistinguishable from the original samples,
but very little is known about how compression acoustically affects the voice signal. In Experiment 1 the spectral
composition of original and compressed speech signals were analyzed by means of the Long-Term Average Spectrum using
the Computerized Speech Laboratory (Kay Elemetrics Corp. (Pine Brook, NJ, USA)). In Experiment 2 a set of 29 voice
parameters extracted by using the Multidimensional Voice Program of Kay are compared between original and compressed
voices at different bitrates. Results show a high � delity at high-bitrate compressions (128 and 160 kbit per second (kbps))
both in voice parameters and the amplitude-frequency spectrum. Compressions at 64 kbps or lower bitrates introduces
substantial modi� cations in the voice signal, seriously altering parameters related with tremor, amplitude perturbation,
noise, subharmonics and voice irregularities, likewise the signal spectrum is altered in its high frequency region.
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INTRODUCTION

As new technologies are developed, it is important to
gauge their usefulness in voice clinic and research.
The work in signal compression has progressed im-
pressively, particularly with regard to the preserva-
tion of sound quality in data reduction. In the near
future, powerful compression techniques will be use-
ful in the laboratory to store or transmit voice signals
to other laboratories provided that there is no alter-
ation of voice signal properties relevant to clinical
and research practice.

In recent years a revolutionary signal compression
technique has caused a great impact in the � eld of the
sound and music. The development of the Moving
Pictures Expert Group (MPEG) standards in audio
coding has achieved very high rates of compression
while preserving the high quality of the sound, partic-
ularly the most powerful format, MPEG-1 Layer 3,
commonly known as mp3—see Brandenburg and
Stoll (3) and Brandenburg (2).

The MPEG is a group of experts that work under
ISO—the International Standards Organization—to
generate standards for digital video and audio com-
pression. One of their main goals is the development
of compression algorithms that preserve as much
sound quality as possible even at very low bitrates, or
total number of bits per second that will be contained
in the encoded � le. In general, the higher the bitrate,
the higher the quality of the sound, but the larger the
� le will be. Currently, the work of this group, which
is carried out by several organizations, is de� ned by
four phases: MPEG-1 or ‘‘Coding of Moving Pictures
and Associated Audio for Digital Storage Media at
up to about 1.5 MBits s’’, MPEG-2 or ‘‘Generic
Coding of Moving Pictures and Associated Audio’’,
MPEG-3, which has been merged into MPEG-2, and
MPEG-4 or ‘‘Very Low Bitrate Audio-Visual Cod-
ing’’, now in progress. The MPEG-1 includes a fam-
ily of three audio coding schemes (Layer 1, 2, 3) with
increasing encoder complexity and performance. In
audio compression, MPEG-2 is only useful for appli-
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cations with limited bandwidth, 11250 Hz at best.
For applications with full bandwidth, MPEG-1 Layer
3—or mp3—reaches the best sound quality of all
codecs.

MPEG-1 Layer 3 is an international ISO MPEG
standard—ISO IEC 11172-3 (10)—based on a psy-
choacoustic model that for medium and high bitrates,
such as 120 kbit per second (kbps) or more per
channel, achieves a very high quality sound. At these
bitrates trained listeners found it dif� cult to detect
differences between original and compressed signal.
At lower bitrates, Layer 3 is the only audio coding
schema that has been recommended by the Interna-
tional Telecommunications Union (ITU-R) for use at
60 kbps per channel.

MPEG-1 Layer 3 is a sub-band coder that applies
psychoacoustic coding schemes, removing parts of
the signal that are perceptually irrelevant. It divides
the signal frequency spectrum into 32 sub-bands
matching the psychoacoustic properties of the human
ear. For each sub-band an algorithm calculates the
perceptual masking effect caused by the other sub-
bands. The masking effect raises the threshold of the
noise � oor, reducing the effective dynamic range of
the signal. This reduced range requires less bits for
codi� cation and this is the main cause of signal
compression. For example, if in the sub-band n the
acoustic dynamic range is 60 dB (codi� ed by 10 bits),
but the coder calculates the masking effect and � nds
that any sound 40 dB below is not actually heard,
then the effective dynamic range of that sub-band is
lowed to 60¼40¾20 dB, codi� ed just by 4 bits.
Moreover, the masking effect is computed not only
when it is concurrent, but the mp3 coder also esti-
mates the masking effect that occurs before (2–5 ms)
and after (up to 100 ms) a strong sound. This data
reduction allows a major compression to store or
transmit audio signals without loss of sound quality.

To attain compact disc (CD) audio quality, the
audio signal needs to be sampled 44100 times per
second and each sample requiring a resolution of 16
bits; this gives 705 kbps, or 1410 kbps if stereo.
Listening tests (11, 6) show that practically the same
sound quality is obtained with MPEG-1 Layer 3 at
96 kbps and gives a compression ratio of 8.3:1 per
channel. For more demanding musical pieces such as
piano concerts etc., it is advisable to increase the
bitrate to 120 kbps which gives a compression ratio
of 6.3:1. Such high compression rates that nonethe-
less maintain high sound quality have made an enor-
mous impact on the storage and transmission of
music via Internet.

The perceptive ef� ciency discussed here is not ex-
clusive to music; given the results of the listening
tests, it can be applied to the speech signal. It could

be argued that at bitrates of 96 kbps or more and in
many cases even at 64 kbps, the compressed voice is
audibly indistinguishable from the original. Apart
from some perceptive aspects, we still lack precise
information on the degree of distortion that such
compression techniques have on the signal. Any form
of compression will have some degree of signal mod-
i� cation—though it may not be perceived—that can
be re� ected by modi� cations of objective parameters
calculated from the voice signal.

The � rst aim of the study presented here is to
ascertain, by way of the Long Term Average Spec-
trum (LTAS), the extent to which the spectral com-
position of the voice signal is affected by MPEG-1
Layer 3 compression at different bitrates. The second
and major aim is an analysis of how compression at
different bitrates affects a set of 29 acoustical voice
parameters.

EXPERIMENT 1

Method

Speakers. Subjects were 7 native speakers of Valen -
ciano (Catalan) of both sexes (4 females and 3 males),
students at the University Jaume I of Castellon
(Spain), with ages ranging from 22 to 31. Each
exhibited normal speech and audition.

Apparatus. The recording of speech samples was
performed with a Shure SM58 microphone at a dis-
tance of about 15 cm from the mouth, and a Sony-
TCD D-8 digital audiotape (DAT) recorder with a
sample frequency of 44.1 kHz. The DAT recorder
also can record at 48 kHz but a sample frequency of
44.1 kHz was chosen as this is the optimal output
frequency for all the compression conditions applied,
with the exception of the 32 kbps compression. The
voice samples were analyzed on the Computerized
Speech Lab (CSL) Model 4300 developed by Kay
Elemetrics Corp. (Pine Brook, NJ, USA).

Voice samples. Each subject read a total of 18
sentences written in Valenciano (Catalan) in his natu-
ral voice and at normal speed. The six central sen-
tences were used to carry out the acoustic analysis.
All voice samples were recorded in a soundproof
room at the University Laboratories.

Each voice sample was directly introduced from
the DAT recorder to a CSL model 4300 on a PC
Pentium at 166 MHz. Then all voice signals were
compressed by means the Fraunhofer-Thomson com-
pression scheme at the following bitrates and sample
frequencies: 160 kbps (44.1 kHz), 128 kbps (44.1
kHz), 96 kbps (44.1 kHz), 64 kbps (44.1 kHz), 48
kbps (44.1 kHz), and 32 kbps (22050 Hz). These
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values give a set of compression rates ranging from
4.4:1 to 22.1:1.

Acoustic analysis. Each original and compressed
voice sample was analyzed with the CSL model 4300
performing an LTAS on the amplitude values mea-
sured in decibels. The following values were selected
for the analysis: a frequency range display of 0–12
kHz, no pre-emphasis, frame size: 5.8 ms (256
points), window weighting: Hamming. The analysis
brought up amplitude values at 172.2 Hz intervals,
obtaining a total of 71 measurements for each
speaker and corresponding to the following frequen-
cies: 0, 172.2, 344.53 . . . and so on up to 12058.59
Hz. The compressed signal at 32 kbps, which had a
sample frequency of 22050 Hz, was analyzed at a
frame size of 128 points in order to maintain the
same interval between consecutive values. Its fre-
quency range encompassed 65 different values: 0,
172.27, 344.53 . . . right up to 11025 Hz.

Results

For each compression (and original) condition, the
spectrum average across subjects was calculated. Fig.
1 shows the mean amplitudes in the 0–12 kHz range.
To avoid negative values, all data were shifted up by
20 dB. We can observe that up to the point of 6800
Hz, the seven lines that are plotted are close together
and parallel. At this frequency, the sample com-
pressed at 32 kbps starts to diverge away from the
others, as there is a drastic fall in its energy level.
This marked decline is basically due to compression;
even though we are dealing with a signal with a lower
sample frequency (22050 Hz), its normal frequency
range in the FFT power spectrum could reach at
most the 11 kHz that corresponds to the Nyquist
frequency. At 9.8 kHz we see that the signal com-

pressed to 48 kbps strongly diverges away from the
others, while at 11.5 kHz and above we observe the
divergence of the signal compressed to 64 kbps.

The other three signals compressed at a higher rate
(160, 128 and 96 kbps) maintain their parallelism
throughout the whole of the 0–12 kHz frequency
range. This parallelism is almost perfect because the
differences in dB with respect to the original (aver-
ages: ¼1.38, ¼1.32 and ¼1.29 dB respectively for
the three bitrates) are maintained with barely any
variation in the whole of the frequency range. Pear-
son’s correlation across the subjects between the
mean original values and the mean compressed val-
ues, brings up the following values: 1 for the three
highest bitrates, 0.998 for 64 kbps, 0.967 for 48 kbps
and 0.947 for 32 kbps.

In order to better evaluate the correspondence
between the original and compressed spectrum sig-
nals, an analysis of variance (ANOVA) 2½71 was
carried out for the samples generated by each subject
(in the case of 32 kbps compression, ANOVA was
2½65). The procedure was similar to that used by
Mendoza et al. (16) in their study on gender differ-
ences in LTAS. Each analysis included a signal factor
(S) (original signal vs. compressed signal) and a fre-
quency level factor (F) along 71 (65) frequency levels.
The results show that the relative correspondence
between the original and compressed signal in the
three highest compression rates is practically perfect
(there is an absence of interaction between signal and
frequency level). And that the small absolute differ-
ence of slightly more than 1 dB is maintained
throughout the frequency levels and hence shows a
signi� cant main factor S. In fact, for 160 kbps, the
main effects for the signal factor [F(1,426) ¾168.69,
pB0.001] and level frequency factor [F (70,426) ¾

Fig. 1. LTAS of original and
compressed voice signals.
Representation of the mean values
of amplitude (in decibels) in each
frequency level analyzed in the
range 0–12000 Hz (3).
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98.63, pB0.001] were signi� cant. This was not the
case for the interaction of signal½frequency
[F(70,426) ¾0.01, p¾1], which presented a very
small F; this is indicative of a very strong parallelism
between both signals for the whole of the frequency
range studied (0–12 kHz). The pattern of results for
128, 96 and even 64 kbps is quite similar. For 128
kbps, the signal factor [F (1,426) ¾154.54, pB0.001]
and level frequency factor [F (70,426) ¾97.41, pB
0.001] were signi� cant, but this was not the case for
the interaction of signal½frequency level
[F(70,426) ¾0.01, p¾1]. For 96 kbps, the signal
factor [F¾ (1,426) ¾147.77, pB0.001] and level fre-
quency factor [F(70,426) ¾97.93, pB0.001] were sig-
ni� cant but, once again, this was not the case for the
interaction of signal½ frequency level [F (70,426) ¾
0.01, p¾1]. For 64 kbps, the signal factor
[F(1,426) ¾256.80, pB0.001] and level frequency fac-
tor [F (70,426) ¾96.91, pB0.001] were signi� cant but
this was not so for the interaction of signal½fre-
quency level [F(70,426) ¾0.53, p¾0.999]. The results
were nevertheless of a distinct nature for the two
lowest compression rates where an interaction of
factors was obtained. Thus, for 48 kbps the signal
factor [F (1,426) ¾868.52, pB0.001] and level fre-
quency factor [F (70,426) ¾113.99, pB0.001] were
signi� cant; and the interaction signal½frequency
level [F (70,426) ¾16.20, pB0.001] was also signi� -
cant. For 32 kbps, the signal factor [F(1,390) ¾
2768.51, pB0.001], level frequency factor
[F(64,390) ¾132.78, pB0.001] and the signal½fre-
quency level interaction [F(64,390) ¾40.33, pB0.001]
were signi� cant.

Discussion

The results show that for the whole of the frequency
range 0–12 kHz which includes the most frequencies
perceptually relevant to the speech signal, the com-
pression produced by the MPEG-1 Layer 3 coding
schema at the higher bitrates does not give rise to
substantial changes in the signal. The LTAS of the
signals compressed to 160, 128 and 96 kbps show a
reduction of just over one decibel in its dynamic
range but the relative distribution of energy through-
out the frequency values is essentially the same as the
original signal. The most important changes intro-
duced by the compression algorithm occur for fre-
quency values greater than 12 kHz and are of no
consequence from a perceptual point of view yet they
allow a substantial amount of bits to be saved. This
close parallelism in the spectral pro� les within the
0–12 kHz range is supported by a perfect correlation
between the original and compressed signals. This
parallelism is also reinforced by the absence of signal

factor ½ frequency level factor interaction in the anal-
ysis of variance across the subjects. Hence, from the
spectral composition point of view, the voice signal
compressed to 160, 128 or 96 kbps remains unaltered
in that frequency range at the time that we obtain
reduction rates of 4.4:1, 5.5:1, and 7.4:1 respectively
in relation to the original speech signal recorded at
44.1 kHz.

The compression performed at lower bitrates gives
rise to changes that should be pointed out: at 64 kbps
(compression rate of 11:1) the compressed signal
spectrum diverges from the original beyond 11500
Hz, having maintained itself parallel up to this fre-
quency. At a compression of 48 kbps (14.7:1), the
spectral energy sharply diminishes beyond 9800 Hz,
whilst at a compression of 32 kbps (22.1:1) this
occurs at as low as 6800 Hz. At these lower bitrates
hence—specially in the last two—high compression
rates are attained but paying the price of causing
major changes to the signal within the frequency
range relevant to speech.

EXPERIMENT 2

The goal of the second experiment is to study how
MPEG-1 Layer 3 compression at different bitrates
affects a set of 29 acoustical voice parameters ob-
tained from the Multi-Dimensional Voice Program
(MDVP) model of Kay Elemetrics Corp. This pro-
gram has become an important analytical tool that is
increasingly used in voice studies, in the clinical set-
ting as well as in research (4, 5, 13). This set of
parameters includes those of a long-standing genre
such as frequency and amplitude perturbation
parameters (jitter, shimmer, etc.), noise to harmonics
ratio, together with those more recently developed.

Method

Speakers. Subjects were 34 native speakers of Va-
lenciano (Catalan) of both sexes (23 females and 11
males), students at the University Jaume I of Castel-
lon (Spain), with ages ranging from 20 to 32. Each
exhibited normal speech and audition.

Apparatus. The recording of voice samples was
performed with a Shure SM58 microphone at a dis-
tance of about 15 cm from the mouth. The voice
parameters were extracted with the MDVP model
4305 of Kay Elemetrics Corp.

Voice samples. Following the MDVP operations
manual, the speakers were asked to produce a sus-
tained phonation of a vowel during 3 seconds at a
comfortable pitch and loudness. The subjects were
instructed to maintain as steady a phonation as possi-
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ble. MDVP software can only work with two sample
frequencies: 25 or 50 kHz. In this experiment, all
voice samples were recorded at 50 kHz and directly
stored in the host computer. The samples were
recorded in a soundproof room at the University
Laboratories.

Each voice sample was compressed by means of the
Fraunhofer-Thomson compression scheme, which is
the original and highest quality MPEG-1 Layer 3
algorithm available. The compression procedure in-
volved a � rst step whereby the format of voice � les
was converted: the NSP � le format by Kay Elemet-
rics Corp. was converted to WAV standard format,
by way of the program Sound File Con×erter v. 3.1.0
by Bob Tice and Tom Carrell. This step involved a
mere change of header of the voice � le where extra
non-audio information is included but does not affect
the signal data. Once in WAV format, we applied the
compression schema implemented in the Cool Edit
2000 program by Syntrillium Software Corp.; the
compressed voice � le was then restored to NSP for-
mat for its acoustic analysis.

The compression algorithm does not allow that
each bitrate can be associated with any output sample
frequency in the codifying process; rather each bitrate
is limited to speci� c sample frequencies to get a good
result. Bearing in mind that the original signal was
recorded at 50 kHz, all output sample frequencies
were chosen in accordance with the recommendations
derived from the compression algorithm in order to
obtain the maximum sound quality within each bi-
trate. The only exception took place with the 48 kbps
bitrate, which had a recommended optimal sample
frequency of 32 kHz, but nevertheless 44.1 kHz was
chosen to maintain the same conditions for the other
bitrates. At the 32 kbps bitrate, the only output
frequencies available were 24000 or 22050 Hz and the
latter value was chosen following the recommenda-
tion. Thus, compressions were made at the following
bitrates and sample frequencies: 160 kbps (44.1 kHz),
128 kbps (44.1 kHz), 96 kbps (44.1 kHz), 64 kbps
(44.1 kHz), 48 kbps (44.1 kHz), and 32 kbps (22050
Hz). These values give a set of compression rates
ranging from 5:1 to 25:1.

Given that all the compression options imply
downsampling, an additional condition was stipu-
lated for comparative purposes: i.e. that sample fre-
quency of the original signal is converted from 50 to
44.1 kHz without there being any MPEG
compression.

Acoustic analysis. All original and compressed
voice samples were analyzed with the MDVP soft-
ware and the following parameters were obtained:

Fundamental frequency parameters: Average Fun-
damental Frequency (Fo), Highest Fundamental Fre-
quency (Fhi), Lowest Fundamental Frequency (Flo),
Standard Deviation of Fo (STD), and Phonatory
Fo-Range in semi-tones (PFR) for all extracted pitch
periods.

Frequency perturbation parameters: Absolute Jitter
(Jita ) ms : It gives an evaluation in microseconds (ms)
of the period-to-period variability of the pitch period
within the analyzed voice sample. This measure is
widely used in voice research (12) and is very sensitive
to the pitch variations occurring between consecutive
pitch periods. However pitch extraction errors may
affect this measure, which is why it is of special
interest regarding compression effects. Jitter Percent
(Jitt ) % : Relative period-to-period variability of the
pitch period. Relati×e A×erage Perturbation (RAP)
% : Introduced by Koike (14), this parameter gives

the relative evaluation of the period-to-period vari-
ability of the pitch with smoothing factor of 3 peri-
ods. Pitch Perturbation Quotient (PPQ) % :
Introduced by Koike et al. (15), it gives the variability
of the pitch period at smoothing factor of 5 periods.
Smoothed Pitch Perturbation Quotient (sPPQ) % :
An evaluation of the long-term variability of the
pitch period within the analyzed voice sample, with
smoothing factor of 55 periods. RAP, PPQ and sPPQ
have been extensively used in the last decade, given
that they are less sensitive to pitch extraction errors
due to smoothing in their calculation. Fundamental
Frequency Variation (×Fo) % : The relative standard
deviation of the fundamental frequency. It re� ects the
very long-term variation of Fo within the analyzed
voice sample. Any variations in the fundamental fre-
quency are re� ected in vFo, and this parameter in-
creases regardless of the type of pitch variation,
whether it be of the random or regular � uctuating
type.

Amplitude perturbation parameters: Shimmer in dB
(ShdB) dB : Evaluation in dB of the period-to-
period variability of the peak-to-peak amplitude
within the analyzed voice sample. As in other para-
meters, voice break areas are excluded. As occurs
with jitter, this parameter has been widely used in
voice research. Shimmer Percent (Shim) % : Relative
evaluation of the period-to-period variability of the
peak-to-peak amplitude. Amplitude Perturbation
Quotient (APQ) % : Introduced by Koike et al. (15),
it gives the relative evaluation of the variability of the
peak-to-peak amplitude at smoothing of 11 periods.
The smoothing reduces the sensitivity of APQ to
pitch extraction errors. Smoothed Amplitude Pertur -
bation Quotient (sAPQ) % : Evaluation of the long-
term period-to-period variability of the peak-to-peak
amplitude at smoothing of 55 periods. Peak-Ampli-
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tude Variation (×Am) % : It gives the relative standard
deviation of period-to-period calculated peak-to-peak
amplitude. It re� ects the very long-term amplitude
variations within the analyzed voice sample.

Noise parameters: Noise to Harmonic Ratio
(NHR ): A general evaluation of the noise presence in
the analyzed signal (such as amplitude and frequency
variations, turbulence noise, subharmonic compo-
nents or voice breaks). It is the ratio of inharmonic
energy in the range 1500–4500 Hz to the harmonic
spectral energy in the range 70–4500 Hz. Voice Tur-
bulence Index (VTI): Ratio of the inharmonic energy
in the range 2800–5800 Hz to the harmonic spectral
energy in the range 70–4500 Hz. This parameter
measures the relative energy level of high frequency
noise, being a new attempt to compute breathiness in
the voice signal. Soft Phonation Index (SPI): Ratio of
the harmonic energy in the range 70–1600 Hz to the
harmonic energy in the range 1600–4500 Hz. It is
very sensitive to the vowel formant structure. This
parameter is not actually a measurement of noise, but
its formula is similar to the above two parameters
and is therefore, as in the MDVP manual, listed in
the same category.

Tremor parameters: Fo-Tremor Frequency (Fftr)
Hz : It shows the frequency of the most intensive

low frequency Fo-modulating component in the
tremor range. Amplitude Tremor Frequency (Fatr)
Hz : It shows the frequency of the most intensive

low frequency amplitude modulating component in
the tremor range. Fo-Tremor Intensity Index (FTRI)
% : Ratio of the frequency magnitude of the most

intensive low frequency modulating component (Fo
tremor) to the total frequency magnitude of the ana-
lyzed signal. Amplitude Tremor Intensity Index
(ATRI) % : Ratio of the amplitude of the most
intensive low-frequency amplitude modulating com-
ponent (amplitude tremor) to the total amplitude of
the analyzed signal.

Parameters of Subharmonic components: Number
of Subharmonic Segments (NSH): Number of subhar-
monic segments found during analysis. Degree of
Subharmonics (DSH) % : Relative evaluation of sub-
harmonic to Fo components in the analyzed sample.

Parameters of Voice irregularities: Number of Un-
×oiced Segments (NUV): Number of unvoiced seg-
ments detected during the analysis. Degree of
Voiceless (DUV) % : Relative evaluation of non-har-
monic areas in the voice sample.

Voice Break parameters: Number of Voice Breaks
(NVB): Number of times the Fo was interrupted in
the analyzed sample. Degree of Voice Breaks (DVB)
% : Ratio of the length of areas representing voice

breaks to the total sample length.

Results

As a � rst approach, in each compression condition
(including the only downsampled signal condition),
a multivariate analysis of variance (MANOVA) was
performed considering parameter values as depen-
dent variables and original vs compressed signal as
factor. Parameters of voice break (NVB and DVB)
were not included in the analysis because all values
were nil in all conditions. The MANOVA (see Table
1) showed signi� cant effects due to compression of
voice signal only at bitrates of 48 kbps and 32 kbps.
These results are congruent with the long-term aver-
age spectra obtained in the experiment 1, where the
two lower bitrates yielded the pro� les more deviated
from the original. Data also show the relevance of
the output sample frequency recommended by the
algorithm Fraunhofer-Thomson: compression at 48
kbps, with a not recommended sample frequency,
yield worse results [F (1,33) ¾65.97, pB0.001] than
compression at 32 kbps with a recommended sample
frequency [F (1,33) ¾12.86, pB0.01].

In order to study the extent to which the voice
parameters of the compressed samples differ from
those of the original samples, a discriminant analysis
(DA) was conducted across subjects between the
original signals and each compression condition; this
analysis made use of voice parameters as discrimi-
nant variables. The greater the difference in the
voice parameters between the original signals and
the compressed ones, the greater the ef� ciency of the
latter as variables of prediction in the classi� cation
of each sample. The results of this analysis are
shown in Table 2. We can see that the percentage of
correct classi� cation between original samples and
compressed ones at 160 kbps (54.8%) is very close to
the chance level and is exactly the same when the
sample is downsampled from 50 to 44.1 kHz. This
data would indicate that by taking the voice
parameters as predictable factors, both signals are
practically indistinguishable from the original. When
the signal is compressed to 128 or 96 kbps, the
percentage of correct classi� cation increases to
59.7%; this � gure remains quite close to the random
level. Below these bitrates, the discrimination be-
tween original and compressed signals increases no-
ticeably, reaching its maximum at 48 kbps with
82.8% of correct classi� cation, being the condition
with a sample frequency not recommended by the
compression algorithm. When considering variables
that have a greater in� uence on the discriminant
function, we see the emergence of the parameters
concerned with the measurement of tremor, ampli-
tude perturbation, noise, subharmonics and voice
irregularities.
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Although the MANOVA shows an overall non-
signi� cant result in a experimental condition, it is
important to analyze the measures individually since
some parameter could be severely affected. According
to MANOVA and DA results, we hypothesize that
the main discrepancies will have place in the lowest
bitrates, especially at 48 and 32 kbps. Tables 3–6
show the parameters obtained from original and
compressions at different bitrates, classi� ed in four
groups. Furthermore, the tables include the original
signal after it was simply downsampled from 50 to
44.1 kHz (hereafter referred to as downsampled sig-
nal). In the head of each compression condition,
bitrate, sampling rate and compression ratio are indi-
cated. In the � rst column of data means and standard
deviations across 34 subjects of the MDVP parame-
ters obtained from the original voice signal are
shown. Each box of the compression conditions
shows the mean and standard deviation of the per-
centage differences and the Pearson correlation be-
tween original and compressed signal. Percentage
difference of each parameter was calculated this way:
((original-compressed) original) ½100. To separate
compression from merely downsampling effects the
following operations have been made: we calculated
the percentage difference between the original and all
other conditions for every parameter; then we com-
pared (t-test) the percentage of difference between
original and downsampled (ds) to the differences
between original and all compression bitrates (do).
Any signi� cant differences in the t-test at the 0.05 or
0.01 levels are indicated in the tables.

Table 3 presents the results obtained for the Fun-
damental Frequency and Frequency Perturbation
parameters. Generally speaking, very high correla-
tions are observed: these are greater for medium and
higher bitrates—64 kbps or more—and in the down-
sampled signal. Fo is maintained almost exactly the
same as the original value for all compression condi-
tions (unless otherwise stated, the downsampled sig-
nal value is included under this general term) yielding
perfect correlations. The miniscule differences ob-
tained in the order of thousandths of Hz are in some
cases signi� cant as they are generated in a systematic
manner across the voice samples. Thus, a mean dif-
ference of 0.017 Hz between Fo of the original signal
and the compressed at 160 kbps (170.348–170.331
Hz) is signi� cant because it is not derived from the
random differences across the subjects, rather in 33 of
the 34 subjects the Fo of the compressed signal is a
few thousandths of Hz less than original. When we
compare the percent difference original—160 kbps to
the percent difference original—downsampled the
discrepancy is inferior to 0.01%, but it is signi� cant
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[t(33) ¾2.33, pB0.05] because of its systemacity. The
difference of as little as ¼0.02% in MPEG compres-
sion at 48 kbps is signi� cant at the 0.01 level because
in 18 subjects of the 34, the Fo value is a few
hundredths of Hz greater than in the original signal.

The compressed-original discrepancies are some-
what bigger in the extremes of the Fo range exhibited
by each sample. These discrepancies are more pro-
nounced in the upper extreme (Fhi) than in the lower
extreme (Flo): percent differences in Fhi of up to
¼2.01% (at 48 kbps) and differences in Flo of up to
1.11% (at 48 kbps) with respect to the original value.
Generally speaking, there is a loss of � delity over the
frequency range starting at bitrates equal to or less
than 64 kbps. The PFR does not deviate from the
original value by more than 4.90% in the 96–160
bitrate range while there is a percent divergence of
11.86%, 21.67%, and 18.97% for compressions at 64,
48 and 32 kbps respectively. A similar phenomenon
occurs with the STD. On the other hand, there are
poorer results generated from the bitrate at 48 kbps
than from the bitrate at 32 kbps; this occurs in the
majority of parameters. As mentioned previously,
this is probably due to a non-optimal combination of
sample rate and bitrate. We must bear in mind that
for the compression set at 48 kbps, the chosen sample
rate was 44.1 kHz as we wanted to level up with the
rest of the higher-value bitrates. Nevertheless, the
preferred sample rate for 48 kbps according to the
Frauenhofer-Thomson compression scheme is not
44.1 kHz but 32 kHz.

Absolute jitter measurements (Jitta) maintain their
� delity in all conditions except for compressions at 48
kbps. In the rest of conditions the discrepancies were
small and not signi� cant, being the maximum differ-
ence 1.206 ms for the compression at 96 kbps. The
compression at 48 kbps is a case in itself as it
generated a signi� cant difference of ¼15.449 ms and
the mean of percent differences is ¼22.92% from
original. The relative jitter (Jitt) generates results that
are parallel to absolute values. The remaining fre-
quency perturbation parameters, RAP, PPQ, sPPQ
and vFo, show a general pattern of similar results: i.e.
the poorest results for the bitrate at 48 kbps and, at
a great distance, results for bitrate at 32 kbps. Within
the range of medium and higher bitrates (64–160
kbps), compression at 64 kbps generated the worst
results without there being any notable differences
among the remaining bitrates. The 96–160 kbps com-
pressions closely approximated original values with
maximum discrepancies only of 1.43% in relation to
the original. We can also argue that, generally speak-
ing, the downsampled signal shows no marked differ-
ence with respect to the high bitrates � tting to their

Log Phon Vocol 26

T
ab

le
2.

D
is

cr
im

in
an

t
an

al
ys

is
be

tw
ee

n
or

ig
in

al
an

d
co

m
pr

es
se

d
sa

m
pl

es
ut

ili
zi

ng
M

D
V

P
pa

ra
m

et
er

s
as

di
sc

ri
m

in
at

in
g

× a
ri

ab
le

sa
.

T
he

si
x

hi
gh

es
t

co
rr

el
at

io
ns

(i
n

ab
so

lu
te

× a
lu

es
)

be
tw

ee
n

× a
ri

ab
le

s
an

d
di

sc
ri

m
in

at
io

n
fu

nc
ti

on
ar

e
pr

es
en

te
d.

L
as

t
ro

w
sh

ow
s

pe
rc

en
ta

ge
of

co
rr

ec
t

cl
as

si
�c

at
io

n

M
P

E
G

48
kb

ps
M

P
E

G
16

0
kb

ps
M

P
E

G
12

8
kb

ps
M

P
E

G
96

kb
ps

M
P

E
G

32
kb

ps
M

P
E

G
64

kb
ps

44
10

0
44

10
0

44
10

0
44

10
0

44
10

0
44

10
0

22
05

0
(6

.3
:1

)
(1

.3
:1

)
(8

.3
:1

)
(1

6.
7:

1)
(5

:1
)

(1
2.

5:
1)

(2
5:

1)

F
at

r
(¼

0.
34

8)
F

ft
r

(0
.2

13
)

Sh
im

(0
.3

67
)

sA
P

Q
(¼

0.
48

1)
SP

I
(0

.2
76

)
F

at
r

(0
.2

73
)

SP
I

(¼
0.

41
9)

C
or

re
la

ti
on

s
va

ri
ab

le
s—

di
sc

ri
m

in
at

io
n

fu
nc

ti
on

Sh
dB

(0
.3

52
)

A
P

Q
(¼

0.
33

6)
A

T
R

I
(0

.2
63

)
V

T
I

(0
.2

06
)

F
at

r
(0

.2
67

)
F

at
r

(0
.1

72
)

D
SH

(0
.2

68
)

N
SH

(0
.2

54
)

vA
m

(¼
0.

15
7)

F
ft

r
(0

.1
73

)
F

at
r

(¼
0.

17
6)

A
P

Q
(0

.2
22

)
Sh

dB
(¼

0.
33

5)
A

P
Q

(0
.3

42
)

V
T

I
(¼

0.
14

7)
N

H
R

(¼
0.

13
9)

V
T

I
(¼

0.
16

7)
A

P
Q

(0
.0

98
)

Sh
im

(0
.2

17
)

Sh
im

(¼
0.

33
4)

F
at

r
(0

.3
08

)
F

ft
r

(¼
0.

11
7)

P
F

R
(¼

0.
10

1)
P

F
R

(0
.1

65
)

vF
o

(¼
0.

09
7)

D
U

V
(0

.2
06

)
F

at
r

(¼
0.

33
1)

P
F

R
(0

.1
79

)
vA

m
(0

.1
09

)
vF

o
(¼

0.
08

9)
F

T
R

I
(¼

0.
09

5)
vA

m
(¼

0.
12

7)
A

T
R

I
(0

.1
68

)
N

U
V

(¼
0.

28
5)

N
U

V
(0

.2
05

)

73
.0

%
82

.8
%

69
.9

%
59

.7
%

59
.7

%
54

.8
%

54
.8

%
C

or
re

ct
cl

as
si

�c
at

io
n

a
P

ar
am

et
er

ab
br

ev
ia

ti
on

s
ar

e
ex

pl
ai

ne
d

in
th

e
te

xt
.



J. Gonzalez and T. Cer×era132

Log Phon Vocol 26

T
ab

le
3.

F
un

da
m

en
ta

l
fr

eq
ue

nc
y

an
d

fr
eq

ue
nc

y
pe

rt
ur

ba
ti

on
pa

ra
m

et
er

s
ob

ta
in

ed
in

M
D

V
P

.
In

th
e

�r
st

co
lu

m
n

of
da

ta
m

ea
ns

an
d

st
an

da
rd

de
× i

at
io

ns
(b

et
w

ee
n

pa
re

nt
he

si
s)

ac
ro

ss
34

su
bj

ec
ts

of
× a

lu
es

fr
om

or
ig

in
al

si
gn

al
ar

e
ex

pr
es

se
d.

In
co

m
pr

es
si

on
co

nd
it

io
ns

(i
nc

lu
de

d
do

w
ns

am
pl

ed
si

gn
al

)
m

ea
ns

an
d

st
an

da
rd

de
× i

at
io

ns
(b

et
w

ee
n

pa
re

nt
he

se
s)

of
th

e
pe

rc
en

ta
ge

di
ff

er
en

ce
s

an
d

P
ea

rs
on

co
rr

el
at

io
n

be
tw

ee
n

or
ig

in
al

an
d

co
m

pr
es

se
d

si
gn

al
ar

e
ex

pr
es

se
d.

C
or

re
la

ti
on

s
be

lo
w

0.
90

ar
e

w
ri

tt
en

in
bo

ld
ty

pe
.

In
th

e
he

ad
of

ea
ch

co
m

pr
es

si
on

co
nd

it
io

n,
bi

tr
at

e,
sa

m
pl

in
g

ra
te

an
d

co
m

pr
es

si
on

ra
ti

o
ar

e
in

di
ca

te
d.

M
P

E
G

16
0

M
P

E
G

48
kb

ps
M

P
E

G
12

8
kb

ps
M

P
E

G
96

kb
ps

M
P

E
G

32
kb

ps
M

P
E

G
64

kb
ps

kb
ps

44
10

0
44

10
0

(6
.3

:1
)

44
10

0
(1

.3
:1

)
44

10
0

(1
6.

7:
1)

(5
:1

)
22

05
0

(2
5:

1)
44

10
0

(1
2.

5:
1)

44
10

0
(8

.3
:1

)
O

R
IG

.
50

00
0

¼
0.

02
**

0.
00

F
o

(H
z)

17
0.

34
8

0.
00

0.
00

*
0.

00
0.

00
0.

00
(0

.0
3)

r¾
1

(0
.0

2)
r¾

1
(0

.0
1)

r¾
1

(0
.0

1)
r¾

1
(0

.0
1)

r¾
1

(0
.0

1)
r¾

1
(0

.0
1)

r¾
1

(4
3.

75
7)

¼
2.

01
**

¼
1.

01
F

hi
(H

z)
18

3.
80

9
0.

07
°

0.
36

¼
0.

27
0.

64
¼

0.
12

(3
.6

5)
r¾

0.
99

0
(2

.6
4)

r¾
0.

99
3

(1
.4

1)
r¾

0.
99

8
(3

.4
2)

r¾
1

(3
.3

9)
r¾

1
(2

.0
4)

r¾
0.

99
3

(5
1.

14
7)

(0
.2

0)
r¾

1
0.

60
F

lo
(H

z)
1.

11
*

1.
07

16
0.

48
5

0.
05

0.
00

0.
05

¼
0.

15
(2

.3
9)

r¾
0.

99
5

(2
.8

0)
r¾

0.
99

3
(2

.4
3)

r¾
0.

99
2

(3
.1

4)
r¾

0.
98

8
(4

1.
57

5)
(0

.2
6)

r¾
1

(0
.1

0)
r¾

1
(0

.2
6)

r¾
0.

99
9

¼
4.

07
ST

D
(H

z)
¼

21
.1

0
**

¼
9.

82
**

2.
33

6
¼

0.
16

0.
85

0.
47

1.
42

(2
6.

23
)

r¾
0.

94
1

(1
9.

29
)

r¾
0.

95
1

(1
0.

90
)

r¾
0.

98
1

(4
.8

7)
r¾

0.
99

0
(3

.2
9)

r¾
0.

99
4

(2
.4

5)
r¾

0.
99

5
(2

.9
8)

r¾
0.

99
3

(1
.2

88
)

¼
1.

97
P

F
R

¼
11

.8
6

¼
21

.6
7

**
¼

18
.9

7
**

3.
23

5
0.

49
1.

18
¼

4.
90

(s
em

it
on

e)
(3

6.
23

)
r¾

0.
84

1
(3

1.
91

)
r¾

0.
89

6
(3

6.
20

)
r¾

0.
88

1
(1

.7
24

)
(2

.8
6)

r¾
0.

99
5

(6
.8

6)
r¾

0.
98

0
(1

9.
04

)
r¾

0.
97

2
(2

3.
37

)
r¾

0.
87

6

¼
22

.9
2

**
¼

1.
12

¼
2.

67
0.

91
Ji

ta
(u

s)
¼

0.
09

0.
97

¼
0.

08
64

.0
11

(9
.6

4)
r¾

0.
99

1
(2

4.
75

)
r¾

0.
94

6
(1

7.
92

)
r¾

0.
97

8
(3

9.
08

3)
(3

.7
4)

r¾
0.

99
5

(3
.0

8)
r¾

0.
99

7
(3

.8
1)

r¾
0.

99
6

(4
.6

9)
r¾

0.
99

7
0.

91
¼

2.
68

¼
22

.9
3

**
¼

1.
12

Ji
tt

(%
)

1.
05

1
¼

0.
09

0.
98

¼
0.

09
(9

.6
2)

r¾
0.

99
0

(2
4.

75
)

r¾
0.

95
1

(1
7.

93
)

r¾
0.

98
1

(0
.6

69
)

(3
.7

4)
r¾

0.
99

5
(3

.0
8)

r¾
0.

99
7

(3
.8

1)
r¾

0.
99

6
(4

.6
9)

r¾
0.

99
7

¼
22

.2
5

**
¼

0.
36

¼
2.

00
1.

0
R

A
P

(%
)

0.
19

0.
96

0.
21

0.
62

9
(1

0.
12

)
r¾

0.
99

1
(2

5.
38

)
r¾

0.
95

3
(1

8.
66

)
r¾

0.
98

1
(0

.4
11

)
(3

.7
0)

r¾
0.

99
6

(3
.3

0)
r¾

0.
99

7
(3

.8
5)

r¾
0.

99
6

(5
.4

5)
r¾

0.
99

6
¼

25
.1

3
**

¼
2.

55
P

P
Q

(%
)

0.
61

5
¼

0.
23

1.
23

*
¼

0.
04

0.
98

¼
3.

03
(2

5.
92

)
r¾

0.
94

7
(1

8.
33

)
r¾

0.
98

0
(3

.8
2)

r¾
0.

99
5

(9
.8

1)
r¾

0.
98

9
(4

.0
5)

r¾
0.

99
6

(3
.0

3)
r¾

0.
99

7
(0

.3
93

)
(3

.7
7)

r¾
0.

99
5

¼
1.

31
SP

P
Q

(%
)

¼
13

.2
2

**
¼

1.
56

0.
79

9
¼

0.
33

0.
44

¼
0.

30
0.

93
*

(2
.7

1)
r¾

0.
99

7
(4

.9
0)

r¾
0.

99
4

(1
5.

33
)

r¾
0.

95
0

(9
.7

0)
r¾

0.
98

4
(0

.3
45

)
(3

.4
1)

r¾
0.

99
4

(2
.0

6)
r¾

0.
99

8
(3

.4
8)

r¾
0.

99
4

1.
43

¼
4.

06
¼

21
.0

7
**

¼
9.

82
**

1.
35

1
¼

0.
16

0.
85

¼
0.

47
V

fo
(%

)
(2

6.
20

)
r¾

0.
92

3
(1

9.
28

)
r¾

0.
94

3
(0

.5
99

)
(4

.8
6)

r¾
0.

98
7

(1
0.

90
)

r¾
0.

97
1

(2
.4

4)
r¾

0.
99

3
(3

.2
8)

r¾
0.

99
2

(2
.9

7)
r¾

0.
99

1

P
ar

am
et

er
ab

br
ev

ia
ti

on
s

ar
e

ex
pl

ai
ne

d
in

th
e

te
xt

.
do

¾
pe

rc
en

ta
ge

di
ff

er
en

ce
be

tw
ee

n
th

e
or

ig
in

al
an

d
ea

ch
co

m
pr

es
si

on
bi

tr
at

e.
ds

¾
pe

rc
en

ta
ge

di
ff

er
en

ce
be

tw
ee

n
th

e
or

ig
in

al
an

d
th

e
do

w
ns

am
pl

ed
(a

t
44

10
0

H
z)

si
gn

al
.

°:
m

ea
n

di
ff

er
en

ce
be

tw
ee

n
or

ig
in

al
an

d
do

w
ns

am
pl

ed
si

gn
al

at
a

si
gn

i�
ca

nc
e

va
lu

e
pB

0.
05

(t
-t

es
t)

.
*:

m
ea

n
di

ff
er

en
ce

be
tw

ee
n

do
an

d
ds

at
a

si
gn

i�
ca

nc
e

va
lu

e
pB

0.
05

(t
-t

es
t)

.
**

:
m

ea
n

di
ff

er
en

ce
be

tw
ee

n
do

an
d

ds
at

a
si

gn
i�

ca
nc

e
va

lu
e

pB
0.

01
(t

-t
es

t)
.



MPEG compression and ×oice parameters 133

original values in both the frequency fundamental
and the frequency perturbation parameters.

With regard to the amplitude perturbation parame-
ters (Table 4) � delity is very high for the downsam-
pled signal and for signals compressed to 128 and 160
kbps. In these signals, no discrepancy attains 1% with
respect to the original in any parameter. The com-
pression at 96 kbps presents somewhat greater dis-
crepancies but still at overall low levels: no parameter
diverges by more than 2.17% from the original. The
results generated below this bitrate are much poorer
and especially so in the shorter term parameters
(ShdB, Shim, APQ). On the other hand, the vAm is
more resistant to modi� cation. MPEG 64 kbps com-
pression diverges by 15% in the � rst three parameters
(ShdB, Shim, and APQ), by 5.52% in sAPQ and by
0.21% in vAm. For lower bitrates, the signal under-
goes signi� cant change. MPEG 48 kbps diverges
about 80% in the ShdB, Shim and APQ parameters
(with compressed-original correlations below 0.90),
by 35.64% in sAPQ (correlation r¾0.888) and by
6.79% in vAm. MPEG 32 kbps diverges by 35% in
the two Shimmer cases, 39.56% in the APQ, 19.93%
in sAPQ and by 4.58% in vAm.

Noise parameters (Table 5) are of special interest
as they seem to be particularly sensitive to any possi-
ble noise introduced through the compression system.
We nevertheless found values in consonance with the
original for the MPEG compressions. The averages
of the NHR and the VTI practically coincide with the
original signal for both the downsampled signal and
the 96–160 kbps compressions. The correlation is
almost perfect for NHR and decreases slightly in the
VTI. MPEG 64 kbps values diverge an average of
1.77% of the original NHRs and the correlation with
the original VTIs decreases to 0.836. MPEG at 48
kbps diverges from the original by 13.33% and
10.26% for both parameters respectively. MPEG 32
kbps diverges by 3.56% in NHR and the VTI correla-
tion decreases to 0.769. The SPI is not strictly speak-
ing a noise parameter, even though it is included in
the MDVP manual in this section due to the similar-
ity of the calculation; its values are maintained quite
close to the original in all the bitrates, including the
lowest ones. The maximum difference is 1.65% at 32
kbps and all the correlations are almost perfect. In
fact, these small differences become signi� cant due to
their systematic occurrence in the voice samples. This
� delity shows that, even in the most intensive com-
pressions, the spectral form of the signal is main-
tained regarding the ratio between harmonic energies
for values both below and above 1600 Hz, within the
0–4500 Hz range.

Tremor parameters (Table 6) appear to be the most
sensitive to MPEG compression of the signal, spe-
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cially Fo¼Tremor Frequency (Fftr) and Amplitude
Tremor Frequency (Fatr). Fftr presents discrepancies
with respect to the original of 7–12% in the 96–160
kbps bitrates, giving correlations lower than 0.90.
The divergence is greatest in the other bitrates, with
correlations as little as r¾0.499 at 64 kbps, r¾0.448
at 48 kbps, and r¾0.788 at 32 kbps. Fatr attains
differences of up to 8% in the high bitrates while
there is also a marked deterioration in the bitrates
equal to or below 64 kbps. In MPEG 48 kbps, the
correlation between the Fatr of the original signals
and the compressed ones is nil (r¾0.005). When we
examine the data for each sample, we can see that in
some cases the Fatr varies, for example, from 2.2, 1.9
or 1.5 Hz in the original samples to values such as
9.5, 14.8 or 16.7 Hz in the compressed ones. Further-
more, the simple downsampling of the signal intro-
duces a difference of 1.70% in Fftr and 4.96% in Fatr.
FTRI and ATRI show a greater degree of stability,
even though there is some deterioration in the lower
bitrates.

In relation to parameters of subharmonic compo-
nents, we have to stress that statistics for central
tendency are not useful as they are nil for most of the
values. From a total of 34 original samples, only 6
presented any subharmonic component (to be precise,
5 samples with 1–3 subharmonics and one sample
with 15 subharmonics) . Both the downsampled sig-
nals as well as the compressed signals at 64–160 kbps
reproduce these calculations with a high degree of
precision; there is an oscillation of only 91 subhar-
monic in some subjects. At MPEG 48 kbps there are
7 subjects with some harmonics that emerge from the
compressed sample whereas the original sample does
not present any. In MPEG 32 kbps, a sample loses its
single subharmonic and the quantity of subharmonics
in the rest of the samples varies considerably from the
original. These data are re� ected in NSH as well as
DSH.

Of all the subjects studied, only one presented a
voice irregularity—unvoiced segment—in the origi-
nal signal (NUV¾3, DUV¾3.125). These parame-
ters are reproduced in the downsampled signal as well
as in the higher bitrates (96–160 kbps). In MPEG 64
kbps there is a compressed sample with a voice
irregularity that does not exist in the original. This
also occurs in MPEG 48 kbps and MPEG 32 kbps,
eight and six times respectively.

Finally, given the nature of the recorded signal, a
sustained phonation of a , there is not a single voice
break in any of the original samples (NVB¾0 and
DVB¾0), and this is maintained in all the
compressions.
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Discussion

The results of this experiment show that for high
compression bitrates such as 160, 128 and even 96
kbps, the voice parameters calculated from the com-
pressed samples generally maintain � delity to the
parameters from the original samples. Nevertheless,
in the lower bitrates of the study (32, 48 and in some
cases 64 kbps) some of these parameters are greatly
distorted. When the voice signal recorded at 50 kHz
in the MDVP is compressed via the Fraunhofer-
Thomson Scheme, a downsampling to 44.1 kHz also
takes place; this is the highest optimal output fre-
quency available for the higher bitrates. It must be
stressed that the voice parameters obtained from 96
to 160 kbps compressed samples do not in fact vary
more than when the signal is simply downsampled
from 50 to 44.1 kHz, without there being any com-
pression applied.

The compression schema introduces a very tiny
variation of the fundamental frequency of voice in
the order of a few hundredths of a hertz, which is
irrelevant from a practical point of view, as the
correlation is perfect with respect to the original.
These modi� cations occur equally when the signal
only is downsampled and are much lower than in the
case when directly digitized samples are compared to
taped voice samples (Gelfer and Fendel (7), found a
variation of approximately 3.2 Hz and a correlation
r¾0.989). The classic frequency perturbation
parameters used in the speech clinic, such as jitter,
whether it be measured in absolute or relative terms,
or indeed the widely used RAP with a smoothing
factor of three periods, as well as others with greater
smoothing factors are quite close to those of the
original signal. We found that for example absolute
jitter from compressed samples does not differ on
average by more than 1.3 ms from the value calcu-
lated from the original samples. If we bear in mind
that the range 80–100 ms establishes the borderline
region between normal and pathological voice pro-
duction (9, 1) � uctuations of this magnitude do not
present any clinical signi� cance.

The amplitude perturbation parameters re� ect a
high degree of � delity in the superior bitrates even
though we are dealing with measurements that are
highly sensitive to any manipulation of the signal.
Contrary to what happens with jitter, Gelfer and
Fendel (7) found that shimmer loses precision when
taped voice samples are compared with directly digi-
tized samples. The correlation between the shimmer
values calculated in both recording procedures was
very low (r¾0.481). Our data showed correlations of
0.999 in all the parameters comprising this class
(ShdB, Shim, APQ, sAPQ and vAm), with averages
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that are very close to the original at bitrates of 160,
128 and to a lesser extent, 96 kbps. The percent
shimmer (Shim), for example, varies by no more
0.31% on average in the � rst two bitrates. This varia-
tion is irrelevant from a clinical point of view if we
consider that normative data would hold expected
shimmer in normal voices at a maximum of 4%—see
MDVP manual or Glaze et al. (8).

Contrary to what was � rst expected, noise parame-
ters maintained a fairly high � delity for the higher
bitrates, especially with regard to the NHR and SPI.
In both cases, the correlation between compressed
and original samples was almost perfect. In the case
of the VTI—given that it is a parameter that includes
in its calculation noise of a higher frequency range
(2800 –5800 Hz) where variability is greater—we
found slightly smaller correlations but in all cases
greater than 0.90. These parameters show the rela-
tionship between the noise components and the har-
monic components of the signal in different sections
of the frequency range (NHR and VTI) or indeed
between the harmonic components above and below
1600 Hz (SPI). This � delity reveals that the compres-
sion code does not introduce any major changes in
the spectrum of the signal, at least for the frequency
range considered in the calculation of these parame-
ters (0–4500 Hz for NHR and SPI; 0–5800 Hz for
VTI). This is a breakthrough as noise parameters are
quite sensitive to signal manipulation. In a recent
work concerning the suitability of Minidisk (MD)
recordings for voice perturbation analysis, Winholtz
and Titze (17) concluded that no distortions were
introduced by compression caused by the MD tech-
nique. The authors observed that not a single pertur-
bation parameter underwent a major change except
for the signal-to-noise ratio, which was approxi-
mately 10 dB less for MD recordings than normal
DAT recordings. In accordance with our parameters,
the MPEG compression at high bitrates gives a better
signal noise relationship.

The values of the parameters related to the subhar-
monic components and voice irregularity did not
change when the signal is compressed to high bi-
trates. For low bitrates nevertheless, the algorithm of
compression sometimes introduced subharmonic
components or voice irregularities that were not
present in the original signal.

Finally, tremor parameters seem to demonstrate a
greater degree of sensitivity to signal compression. In
fact, Fftr is the only parameter that presents a corre-
lation lower than 0.90 in one of the two higher
bitrates (r¾0.882 at 160 kbps). The deterioration of
these parameters (Fftr, Fatr, FTRI, ATRI) is more
pronounced in bitrates equal or inferior to 64 kbps,
so much so that in some of them the correlations with

the original values are very low or nil. The extraction
process of the tremor parameters yields the amplitude
and frequency demodulation curves of the voice sig-
nal. These curves contain information about the long-
term amplitude and frequency variability of the voice
signal. At low bitrates, the compression process
mainly deteriorates the periodic sequence of ampli-
tude and frequency values along the signal (Fatr and
Fftr parameters) . Working at low bitrates, if the
encoder runs out of bits, it will not encode some
blocks of signal data with the required � delity (2).
This loss of � delity has consequences in the � ne-grain
structure of the sound wave, changing the tremor
parameters.

In sum, the compressed voice signal in accordance
with MPEG-1 Layer 3 Codec sustains a high degree
of � delity to the main voice parameters which are
familiar in clinical research and practice and which
furthermore have been extracted by virtue of MDVP
software by Kay Elemetrics Corp. This � delity exists
so long as compression takes place at high bitrates (at
around 160, 128 or even 96 kbps) which, all the same,
generate high compression ratios (5:1, 6.3:1 and 8.3:1
respectively per channel) when the original signal is
recorded at 50 kHz. A clear indicator of this � delity
in higher bitrates is the dif� culty that discriminant
analysis has in separating the original samples from
the compressed ones, taking the voice parameters as
variables of prediction. Lower bitrates such as 64, 48
or 32 kbps generate even higher compression � gures,
but the signal is substantially modi� ed, resulting in
major changes in most of the parameters studied. It is
known that perceptual encoders when run at too low
bitrates or with the wrong parameters show sound
de� ciencies by the error introduced in the compres-
sion process. These de� ciencies consist of coding
artifacts mainly causing a loss of bandwidth as conse-
quence that some high frequency content is lost. The
most common case is that the loss of bandwidth is
not constant, but time varying for what the effect
becomes more unsatisfactory (2). These alterations
are less pronounced at the 64 kbps bitrate than in the
other two lower ones. We should take note that the
signal which suffers the greatest modi� cation is the
one compressed to 48 kbps; even though this bitrate
is greater than 32 kbps, we should keep in mind that
it includes a sample frequency which is not recom-
mended as optimal as dictated by the compression
algorithm.

Worthy of special interest in the study of com-
pressed signals is the comparison of spectral composi-
tion to the original signal. Fidelity to the original
values is maintained for noise parameters at high
bitrates. Given that in the calculation of the noise
parameters, there is a comparison of spectral energies

Log Phon Vocol 26



MPEG compression and ×oice parameters 137

corresponding to different frequency ranges within
0–5800 Hz, the � delity of these parameters, together
with LTAS results from experiment 1, makes us think
that the spectral composition of the compressed voice
maintains its accuracy within this range.

CONCLUSIONS

The compression schema MPEG-1 Layer 3, or mp3,
has had a great impact given that very big compres-
sion ratios are reached at the same time that it
maintains high sound quality. Listening tests carried
out with trained engineers and musicians have shown
that when compression takes place at high bitrates,
the signal, for both music and speech, is virtually
indistinguishable from the original. However, we do
not know the magnitude of change that such a com-
pression system can introduce in the voice signal and
to what extent it can alter parameters that are rele-
vant in the investigation and clinical practice. In this
study the Fraunhofer-Thomson compression scheme
has been applied, being the original and highest
quality algorithm available. The results obtained
through the MDVP in a group of 29 parameters of
great sensitivity to the manipulation of the signal, as
well as the comparison of the spectra between com-
pressed and original speech samples allow to state the
following conclusions: a) The compression to high
bitrates, of the order of 160 or 128 kbps, produce
similar LTAS of the signal in the frequency range
0–12 kHz, and the modi� cations introduced in the
voice parameters are minimal, so that all the correla-
tions original-compressed signals are superior at 0.90,
except for Fftr. These modi� cations are not greater
than those that arise when the voice signal is simply
downsampled from 50 to 44.1 kHz and they do not
have any clinical signi� cance by themselves to modify
a clinical diagnosis or an evaluation pre-post treat-
ment. b) In the high bitrates the most sensitive
parameters to the compression are those related with
the measure of tremor, Fo¼Fftr and Fatr. c) The
compression of the voice to same or inferior bitrates
to 64 kbps alters the spectral composition of the
signal signi� cantly at the highest frequencies in the
range 0–12 kHz and introduces major modi� cations
in some of the studied parameters. The deterioration
of the signal is greater as the bitrate of compression
decreases, the most affected parameters being those
related with the measures of tremor, amplitude per-
turbation, noise, subharmonics and voice irregulari-
ties. For this reason, it would be unadvisable in
clinical practice to compress voices at bitrates equal
to or below 64 kbps. d) The output sample frequency
recommended by the Fraunhofer-Thomson algorithm
has been shown to be of great importance since the

compressed signal to 48 kbps with a not recom-
mended frequency clearly obtains worse results than
the compression to 32 kbps with a recommended
frequency.

Nevertheless it is necessary to keep in mind that
this test of MPEG compression effect has been per-
formed with normal voice signals. Compression of
pathological voices with a very degraded harmonic
structure (e.g. esophageal speech) could yield quite
different results from those obtained in normal
voices. Before we use MPEG compression in the
daily clinical practice it will be necessary that further
research broadens the scope of this � rst study to
pathological voices and applying other test methods.

ACKNOWLEDGEMENTS

This work was supported by Fundació Caixa
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