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Abstract 
The perception of speech is usually an effortless and reliable process even in highly adverse 

listening conditions. In addition to external sound sources, the intelligibility of speech can be 
reduced by degradation of the structure of speech signal itself, for example by digital 
compression of sound. This kind of distortion may be even more detrimental to speech 
intelligibility than external distortion, given that the auditory system will not be able to utilize 
sound source-specific acoustic features, such as spatial location, to separate the distortion from 
the speech signal. The perceptual consequences of acoustic distortions on speech intelligibility 
have been extensively studied. However, the cortical mechanisms of speech perception in 
adverse listening conditions are not well known at present, particularly in situations where the 
speech signal itself is distorted. The aim of this thesis was to investigate the cortical 
mechanisms underlying speech perception in conditions where speech is less intelligible due 
to external distortion or as a result of digital compression. 

  In the studies of this thesis, the intelligibility of speech was varied either by digital 
compression or addition of stochastic noise. Cortical activity related to the speech stimuli was 
measured using magnetoencephalography (MEG). The results indicated that degradation of 
speech sounds by digital compression enhanced the evoked responses originating from the 
auditory cortex, whereas addition of stochastic noise did not modulate the cortical responses. 
Furthermore, it was shown that if the distortion was presented continuously in the background, 
the transient activity of auditory cortex was delayed. On the perceptual level, digital 
compression reduced the comprehensibility of speech more than additive stochastic noise. In 
addition, it was also demonstrated that prior knowledge of speech content enhanced the 
intelligibility of distorted speech substantially, and this perceptual change was associated with 
an increase in cortical activity within several regions adjacent to auditory cortex. 

  In conclusion, the results of this thesis show that the auditory cortex is very sensitive to the 
acoustic features of the distortion, while at later processing stages, several cortical areas reflect 
the intelligibility of speech. These findings suggest that the auditory system rapidly adapts to 
the variability of the auditory environment, and can efficiently utilize previous knowledge of 
speech content in deciphering acoustically degraded speech signals. 

Keywords auditory evoked magnetic fields, magnetoencephalography, N1m, noise, speech 
perception 
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Tiivistelmä 
Puheen havaitseminen on useimmiten vaivatonta ja luotettavaa myös erittäin huonoissa 

kuunteluolosuhteissa. Puheen ymmärrettävyys voi kuitenkin heikentyä ympäristön 
häiriölähteiden lisäksi myös silloin, kun puhesignaalin rakennetta muutetaan esimerkiksi 
pakkaamalla digitaalista ääntä. Tällainen häiriö voi heikentää ymmärrettävyyttä jopa ulkoisia 
häiriöitä voimakkaammin, koska kuulojärjestelmä ei pysty hyödyntämään äänilähteen 
ominaisuuksia, kuten äänen tulosuuntaa, häiriön erottelemisessa puheesta. Akustisten 
häiriöiden vaikutuksia puheen havaitsemiseen on tutkttu laajalti, mutta havaitsemiseen 
liittyvät aivomekanismit tunnetaan edelleen melko puutteelisesti etenkin tilanteissa, joissa 
itse puhesignaali on laadultaan heikentynyt. Tämän väitöskirjan tavoitteena oli tutkia puheen 
havaitsemisen aivomekanismeja tilanteissa, joissa puhesignaali on vaikeammin 
ymmärrettävissä joko ulkoisen äänilähteen tai digitaalisen pakkauksen vuoksi. 

  Väitöskirjan neljässä osatutkimuksessa lyhyiden puheäänien ja jatkuvan puheen 
ymmärrettävyyttä muokattiin joko digitaalisen pakkauksen kautta tai lisäämällä 
puhesignaaliin satunnaiskohinaa. Puheärsykkeisiin liittyvää aivotoimintaa tutkittiin 
magnetoenkefalografia-mittauksilla. Tutkimuksissa havaittiin, että kuuloaivokuorella 
syntyneet herätevasteet voimistuivat, kun puheääntä pakattiin digitaalisesti. Sen sijaan 
puheääniin lisätty satunnaiskohina ei vaikuttanut herätevasteisiin. Edelleen, mikäli 
puheäänien taustalla esitettiin jatkuvaa häiriötä, kuuloaivokuoren aktivoituminen viivästyi 
häiriön intensiteetin kasvaessa. Kuuntelukokeissa havaittiin, että digitaalinen pakkaus 
heikentää puheäänien ymmärrettävyyttä voimakkaammin kuin satunnaiskohina. Lisäksi 
osoitettiin, että aiempi tieto puheen sisällöstä paransi merkittävästi häiriöisen puheen 
ymmärrettävyyttä, mikä heijastui aivotoimintaan kuuloaivokuoren viereisillä aivoalueilla 
siten, että ymmärrettävä puhe aiheutti suuremman aktivaation kuin heikosti ymmärrettävä 
puhe. 

  Väitöskirjan tulokset osoittavat, että kuuloaivokuori on erittäin herkkä puheäänien 
akustisille häiriöille, ja myöhemmissä prosessoinnin vaiheissa useat kuuloaivokuoren viereiset 
aivoalueet heijastavat puheen ymmärrettävyyttä. Tulosten mukaan voi olettaa, että 
kuulojärjestelmä mukautuu nopeasti ääniympäristön vaihteluihin muun muassa 
hyödyntämällä aiempaa tietoa puheen sisällöstä tulkitessaan häiriöistä puhesignaalia. 
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1. Introduction 

Speech perception is an intricate and highly robust process which enables us to 
communicate under a vast variety of environmental conditions. In addition to 
the tremendous inherent variability in speech production caused by, for 
example, dialects and accents or speech disorders, the intelligibility of speech 
is often further reduced by acoustic distortions caused by the environment or 
speech transmission. In everyday life, the comprehensibility of speech is 
encumbered by distortions originating from external sources, such as 
background noise or several simultaneous speakers. Then again, speech can 
also be distorted by reduction of the signal quality during sound transmission, 
for instance by digital compression or a limited frequency band in mobile 
speech transmission systems. Fortunately, the human auditory system is well 
adapted to meet the challenges posed by the constantly changing auditory 
environment. 

The resilience of speech perception to distortion is founded on redundancies 
within many levels of speech communication, ranging from the acoustic and 
phonetic levels to semantic context (Assmann and Summerfield, 2004). 
Studies focusing on the redundancies in the acoustic features of speech have 
established that speech is resistant to numerous forms of severe distortion. For 
instance, substantial reduction of spectral fine structure (Shannon et al., 
1995), decrease of spectral or temporal resolution (Loizou et al., 1999, 2000), 
or extensive changes in the temporal properties of speech (Mehler et al., 1993; 
Saberi and Perrott, 1999) do not decrease speech intelligibility significantly. 
These results show that the human auditory system is capable of using several 
acoustic cues in the speech signal independently during speech perception, 
and that none of the cues are indispensable for comprehension. However, in 
terms of ecological validity, the aforementioned distortions are artificial and 
do not occur outside the laboratory. 

In order to model the effects of acoustic degradation on speech perception in 
more naturalistic settings, the interference caused by the listening 
environment has been studied by using distortions originating from other 
sound sources than the target speech. The reduction of speech intelligibility 
induced by external sounds can be attributed to two domains: energetic and 
informational masking (Brungart, 2001). Energetic masking refers to the 
interference resulting from the added energy from an external sound source 
with speech at the level of the auditory periphery. Informational masking, in 
turn, can be used to describe any disruption of speech perception caused by 
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meaningful sounds at a more central level, such as phonetics and semantics. 
However, external sources of almost any kind can generally be separated from 
speech by using acoustic cues specific to each sound source, such as loudness, 
location and frequency content. Thus, the extraction of speech from a mixture 
of multiple sound sources can be regarded as one form of the so-called 
auditory scene analysis process (Bregman, 1990). 

Besides additive noise, speech can be degraded also without any external 
sound source. This kind of distortion can take place, for example, while 
listening to low-quality digital sound which has been compressed for efficient 
storage or transmission through a telecommunication channel. Given that 
these distortions do not involve any external sound sources, they cannot be 
separated from the speech signal by utilizing source-specific acoustic features. 
This might suggest that digitally compressed speech is more difficult to 
comprehend than speech distorted by external noise when the overall intensity 
of the distortions are equal. Then again, human speech perception does not 
rely entirely on redundancies inherent in the speech acoustics, as the 
intelligibility of speech can be facilitated also by several so-called top-down 
compensatory processes, for example perceptual learning, prior knowledge 
(expectations) and semantic context (Mattys et al., 2012). 

While the perception of degraded speech has been extensively studied using 
behavioral methods, the underlying brain processes are relatively unclear at 
present. Majority of the studies on the cortical mechanisms of perceiving 
degraded speech have utilized external distortions such as background noise 
or competing speech, while substantially less data is available on the effects of 
degradation of the internal structure of speech on cortical activation. 
Electrophysiological studies employing background noise to distort speech 
sounds have revealed that transient activity within the auditory cortical areas 
is attenuated and delayed as the intensity of the noise is increased (Martin et 
al., 1997; Martin and Stapells, 2005; Whiting et al., 1998). However, cortical 
activation during listening to degraded speech might be different when the 
acoustic distortion does not involve any external sound sources, as in the case 
of digital compression. Therefore, it would be highly beneficial to determine 
how degradation of the structure of digital speech affects the activity of the 
auditory cortical areas. This would provide crucial information on neural 
processing of distorted speech. Furthermore, the cortical processes underlying 
the top-down mechanisms involved in deciphering degraded speech have not 
been clearly identified, in particular in situations when the signal quality is 
digitally distorted. 

This thesis comprises four studies on the perception and cortical processing 
of acoustically distorted speech. The aim of the thesis was to investigate on the 
one hand how cortical processing of degraded speech sounds depends on the 
acoustic and temporal properties of the distortion (Studies I-III) and, on the 
other, how prior knowledge of the speech content affects the intelligibility and 
cortical processing of distorted speech (Study IV). The activity of the auditory 
cortical areas was investigated using magnetoencephalography (MEG), which 
measures the magnetic fields produced by electric currents in the brain. The 



Introduction 

3 

high temporal accuracy of MEG enabled the study of both the acoustic-
phonological processes and the subsequent higher-order stages leading to the 
comprehension of intelligible speech. 
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2. Speech perception in adverse 
listening conditions 

The perception of speech often takes place in less than optimal auditory 
conditions. As a result of the highly variable acoustic environments, the 
processes underlying human speech perception have evolved to become 
extremely resilient to unfavorable listening conditions. This adaptability of 
speech perception is based on the one hand on substantial redundancy within 
the speech signal itself and, on the other, on higher-order compensatory 
mechanisms which utilize, e.g., prior experiences. The following chapter 
reviews research pertaining to perception of speech in conditions where the 
speech signal is acoustically degraded either by an environmental factor 
(external distortion) or by degradation of the speech signal itself (internal 
distortion). Importantly, acoustic degradations brought about by the speaker, 
such as accents and speech disorders as well as limitations of the listener - for 
example deficiencies in hearing or language ability - are excluded. 
Furthermore, behavioral compensatory strategies performed by the speaker, 
such as efforts to speak more clearly or with increased intensity, are not 
included in this chapter, as the emphasis is on the means by which the listener 
can cope with distorted speech signals. 

2.1 The effects of acoustic distortions on speech intelligibility 

2.1.1 Speech degradation by external distortion 

The most common way in which speech is acoustically degraded is through 
other external sounds in the environment. The acoustic features of these 
competing signals can vary tremendously, ranging from relatively stationary 
noise from traffic or machinery to transient and intermittent interference by, 
for example, several simultaneous speakers (Cherry, 1953). The effects of 
external sound sources on speech perception have been conventionally divided 
into energetic and informational masking (Brungart, 2001). 

Energetic masking occurs when the target speech signal is rendered 
inaudible by the additional energy of an external sound. In other words, the 
masker sound causes interference in the auditory periphery (already at the 
basilar membrane of the cochlea), resulting in a reduction of available speech 
cues. Accordingly, the perception of speech in the presence of other sounds 
can be regarded as a signal detection problem, i.e., anything that deviates from 
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the background is part of the speech signal. However, the effectiveness of an 
energetic masker is not dependent on the signal-to-noise ratio (SNR) in a 
straightforward way: It is now well established that the intelligibility of speech 
degraded by an external sound depends crucially on the degree of spectral 
overlap between the speech and the masker (e.g., Brungart et al., 2005). 

The impact of energetic masking on speech intelligibility has been explored 
with stochastic noise maskers. Initial studies of speech intelligibility in 
additive noise have found that broadband noise with a flat spectral structure 
(white noise) is a relatively ineffective masker, given that speech remains 
comprehensible when the SNR is as low as 0 dB (Fletcher, 1953), and 
intelligibility can be above chance level at SNR of -18 dB (Licklider and Miller, 
1951). In the case of narrowband noise, low-frequency noise (less than 500 Hz) 
hampers speech comprehension much more than high-frequency noise 
(Miller, 1947), which is due to the fact that most energy in the speech spectrum 
is concentrated at the low frequencies (Pickett, 1999). In addition to signal-to-
noise ratio and spectral structure, the temporal properties of noise have an 
effect on the degree to which it interferes with successful perception of speech. 
For example, Miller and Licklider (1950) found that intermittent broadband 
noise was less detrimental to intelligibility of concurrent speech than 
continuous noise. Interestingly, intermittent noise can even enhance the 
intelligibility of continuous, interrupted speech if the silent gaps are replaced 
with noise (Bregman, 1990). Moreover, it has also been found that an 
amplitude-modulated noise is substantially inferior masker of speech in 
comparison to a similar steady-state noise (Festen and Plomp, 1990). 

Informational masking is a general term for all masking effects which 
decrease speech intelligibility in addition to the added energy from the masker 
signal (Cooke et al., 2008). The perceptual consequences of informational 
masking are a result of interference at a more central processing level than the 
auditory periphery. Although the source of informational masking can, in 
principle, be any kind of meaningful sound, the most typical cause is 
competing speech in the native language of the listener. In this case, both the 
target and the masker(s) activate the cognitive systems that are involved in 
speech processing, leading to greater cognitive load on the listener. 
Consequently, one of the primary effects of informational masking on speech 
perception is that the listener may misallocate components of the masker to 
the target signal (e.g., Cooke et al., 2008). The confused sound source 
elements can be of almost any size, ranging from whole words (Brungart, 
2001) to much smaller acoustic units (Simpson and Cooke, 2005). Thus, the 
perceptual interference related to informational masking can affect the 
interpretation of speech also at the semantic level. 

A further consequence of informational masking is that the competing 
speech signal may capture the attention of the listener (Cherry, 1953). 
Consequently, a substantial part of the listener's attentional resources are 
spent on selectively attending to the target speech while ignoring the 
competing signals. This might lead to difficulties in following the target signal, 
in particular when the masker signal has meaningful content (e.g., Garcia 
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Lecumberri and Cooke, 2006). Furthermore, the presence of several 
concurrent speakers hampers speech comprehension through additional 
working memory load, especially if the speech signal is acoustically degraded 
(Francis and Nusbaum, 2009). The reduction of working memory capacity by 
informational masking is especially detrimental to the intelligibility of long 
periods of connected speech (Caplan and Waters, 1999). 

The degree of interference brought about by competing speech is highly 
dependent on the number of simultaneous speakers. Miller (1947) 
demonstrated that the identification accuracy of monosyllabic words 
decreased significantly when the number of competing voices was increased, 
until reaching a plateau at 4-6 voices. Moreover, in speech-on-speech masking, 
the energetic factor is of marginal influence when there is only one competing 
talker, but its effect grows quickly with an increase in the number of 
simultaneous talkers (Brungart et al., 2005). Eventually, a "multi-talker 
babble" signal, consisting of several concurrent speakers, resembles noise 
which has the same average spectrum as speech (Darwin, 2008). In general, a 
single speaker or amplitude-modulated noise are less effective maskers of 
speech than steady-state broadband noise or a mixture of several speakers 
(Carhart et al., 1969; Miller, 1947). However, the additional interference 
caused by an informational masker is much higher if the target and masker are 
presented from the same location (e.g, Li et al., 2004). Moreover, if speech is 
masked by one competing talker, the intelligibility of speech is not linearly 
dependent on the SNR, whereas a simultaneous noise signal results in a 
monotonic decrease in comprehension (Brungart, 2001). 

The features of the competing voice(s) influence the comprehensibility of the 
target speech. For instance, informational masking is much greater if the 
target and the masker are acoustically similar, for example of the same sex 
(Brungart and Simpson, 2002). Additionally, the interference caused by a 
simultaneous speaker is larger if the masker is in the native rather than in the 
non-native language of the listener (Van Engen and Bradlow, 2007). Overall, it 
can be stated that lexically and semantically recognizable maskers have a 
stronger effect on speech intelligibility than distractors that the listener is 
unfamiliar with. 
 

2.1.2 Speech degradation by internal distortion 

The acoustic structure of speech can be degraded by modification of the speech 
signal itself, which is commonly attributable to the properties of the 
communication channel or compression of digital sound. For example, the 
bandwidth of telephone speech has traditionally been limited to frequencies 
between 300 and 3400 Hz (e.g., Hioki, 1998). Therefore, given that certain 
speech sounds, such as fricatives, contain notable spectral components over a 
frequency range which comes up to ca. 7 kHz (Borden et al., 2003), the 
intelligibility of speech in telecommunication can sometimes be compromised, 
especially in situations where external noise sources are present. Another 
common case in which speech can be distorted without external sounds is 
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digital compression of sound, which is widely utilized in digital speech 
transmission, storage of sound, speech synthesis, hearing aids and speech 
recognition systems. 

The spectral envelope of speech is often altered by the physical features of 
the surroundings, for example due to non-uniform attenuation of frequencies 
caused by objects and surfaces in the environment. The effects of these 
filtering properties on speech intelligibility have been extensively studied using 
behavioral methods (for a review, see, e.g., Assmann and Summerfield, 2004). 
Fletcher (1953) used high-pass and low-pass filters to determine the 
contribution of high and low frequencies on the intelligibility of nonsense 
syllables. The findings showed that the identification of vowels was more 
dependent on the low than high frequencies, while the opposite was observed 
in the case of consonants. Overall, speech perception is highly resistant to 
reduction of frequency content, as the removal of frequencies below 1 kHz or 
above 3 kHz, as well as band-stop (Lippmann, 1996) or band-pass (Warren et 
al., 1995) filtering of the mid-frequencies do not significantly affect speech 
intelligibility (Assmann and Summerfield, 2004). 

Digital sound is compressed in order to reduce the amount of information 
which has to be stored and transmitted in limited capacity channels. 
Compression can be achieved through reduction of either the sampling rate or 
the amplitude resolution (bit rate) of the signal. In the case of speech signals, 
the data compression is called speech coding. The sampling rates used in 
current telephone systems (e.g. 8 kHz) yield adequate levels of speech 
comprehension, although higher rates increase the intelligibility and perceived 
quality of the signal (Pisoni & Remez, 2005). Sampling rates above ca. 40 kHz, 
however, do not provide additional information for human listeners, 
considering that the human ear is not sensitive to frequencies over 20 kHz. 
This is because of the Nyquist-Shannon theorem, which states that perfect 
reconstruction of a signal is possible when the sampling frequency is at least 
twice the maximum frequency of the sampled signal. Nevertheless, high 
temporal sampling rates may be beneficial when speech is heard in noisy 
conditions, especially when using cochlear implants (Shannon et al., 2011). 

Amplitude compression can be used to map the amplitudes of an analog 
signal to a smaller set of amplitude values. In the uniform scalar quantization 
(USQ) technique (Gray, 1990), each signal sample is rounded off to its nearest 
integer level, and all the levels between the minimum and maximum values are 
equispaced. Thus, the number of bits used to represent each sample 
determines the amplitude resolution of the signal (see, e.g., Cattermole, 1969). 
Unfortunately, this quantization process always introduces so-called 
quantization error (or quantization noise) to the signal, which increases with 
the degree of compression (Figure 1). This distortion is detrimental to speech 
intelligibility if the compression level is high enough. Harris et al. (1991) 
examined the effects of quantization on speech intelligibility, and found that 
the comprehensibility of speech started to deteriorate at 6-bit compression, 
and perceived quality was reduced at a much higher bit rate of 10 bits. The 
number of bits needed to retain intelligibility is, however, dependent on the 
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speech material to some extent. This was demonstrated by Loizou et al. 
(2000), who found that vowels were recognized with only 2-bit resolution, 
while 3 bits were needed for successful identification of consonants. For 
sentences, 2-3 bits were required for recognition. Importantly, the 
intelligibility of all the stimuli relied heavily on the high spectral resolution of 
the sounds. Furthermore, it is highly likely that the subjective perceptual 
quality of 2- or 3-bit speech sounds is very poor, regardless of whether the 
sounds are recognizable in ideal laboratory conditions. Finally, it should be 
emphasized that the results reported here on the relationship between the 
compression rate and quality are all based on the USQ quantization and they 
exclude quantization conducted with advanced speech coding techniques, such 
as the one proposed in Salami et al. (1998). 
 

 

Figure 1. Digital compression of sound by the uniform scalar quantization technique. The 16-bit 
mode is perceptually indistinguishable from an analog signal. The quality of sound is 
reduced when the bit rate is lowered. The difference between the analog signal value 
(black) and the quantized digital value (red) is called quantization error. 

2.2 Resilience of speech perception to acoustic distortion 

2.2.1 Acoustic redundancies in the speech signal 

The robustness of speech perception to acoustic distortion derives from 
extensive redundancy within the acoustic features and the linguistic structure 
of the speech signal. Accordingly, speech has numerous inherent properties 
extending from the acoustic to the semantic level which can support 
perception independently of each other. At the acoustic level, the redundancy 
can be observed in the many-to-one mapping of acoustic features to 
phonemes, i.e., there are several sufficient acoustic cues to a phoneme, 
although none of them are necessary for successful mapping (Diehl, 2008). 
The acoustic cues of speech can be described both in terms of spectral and 
temporal redundancy contained in the speech signal. The relative 
contributions of spectral and temporal information for speech intelligibility 
have been studied by using signal processing techniques to vary the amount of 
each form of information. These experiments have demonstrated that even 
extreme reduction of information in the speech signal does not entail a 
substantial loss of intelligibility. 
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In the spectral domain, the shape of both the short-term and long-term 
spectrum of speech contains robust cues for recognizing speech sounds and 
the identity of the speaker. Important vocal cues are particularly embedded in 
formants, which are resonances of the vocal tract that are used to differentiate 
between the phonemes in a particular language. The formant peaks have a 
considerable amount of energy, especially in the lower frequencies, which 
makes them particularly resistant to external noise. In most cases, the first two 
or three formants are sufficient to successful identification of vowels (Pickett, 
1999). As a striking example, Remez et al. (1981) showed that when the 
harmonic structure of speech is reduced to only three sine waves at the 
formant frequencies of speech sounds, listeners retain reasonably good 
comprehension of this "sine-wave speech" after training. In contrast, the rapid 
spectral changes associated with stop consonants are more susceptible to 
distortion, as consonants are less intense and much shorter in duration than 
vowels (Assmann and Summerfield, 2004). In general, the short-term acoustic 
spectrum and intact temporal envelope are not essential to speech 
intelligibility, given that local time-reversal of speech segments do not abolish 
speech comprehension (Saberi and Perrott, 1999). Furthermore, there is also 
evidence showing that high level of intelligibility can be achieved despite a 
substantial reduction of spectral information, provided that the temporal 
envelope of the speech signal is left intact (Shannon et al., 1995). In fact, 
several studies suggest that when the temporal envelopes of speech are 
extracted from wide frequency bands and then used to modulate noise in the 
same frequency bands, a spectral resolution of as low as three or four bands 
are sufficient to reach good speech recognition (Dorman et al., 1997; Loizou et 
al., 1999; Shannon et al., 1995). Taken together, psychoacoustical experiments 
have demonstrated that speech comprehension is not crucially dependent on 
the fine details of the speech spectrum. 

The temporal redundancies in speech acoustics can, in turn, be investigated 
by parametric variation of the temporal information in the speech signal. 
Rosen (1992) divided the temporal structure of speech into three categories 
according to distinct temporal fluctuation rates: 1) envelope cues, 2) 
periodicity cues, and 3) temporal fine-structure cues. The envelope cues refer 
to the slow amplitude modulations at rates below 50 Hz that convey linguistic 
information about the manner of articulation, voicing, prosody and vowel 
identity (Rosen, 1992). It is well established that the temporal envelope 
contributes significantly to speech perception, given that speech remains 
intelligible even when most of the spectral fine structure is removed (Dorman 
et al., 1997; Shannon et al., 1995). The periodicity cues correspond to 
fluctuation rates between 50 and 500 Hz, which are produced by the vibration 
of the vocal folds during voiced speech. In contrast, aperiodic speech sounds 
such as unvoiced fricatives lack the periodic vibration of the vocal folds, but 
the generated sound has strong spectral cues up to 7 kHz due to production of 
noisy turbulence in constrictions of the vocal tract. The periodic structure of 
speech carries information on voicing, manner, intonation and stress. Studies 
imply that voiced speech is generally more intelligible in noise than whispered 
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(unvoiced) speech, indicating that the harmonic structure of voiced speech 
contributes to the robustness of speech perception in noisy conditions 
(Assmann and Summerfield, 2004). Finally, the temporal fine-structure cues 
refer to the rapid modulations above 600 Hz which convey information about 
the formant pattern, place of articulation, vowel quality, voicing and manner 
(Rosen, 1992). A number of studies have shown that speech remains 
intelligible when the temporal envelope is removed, provided that the fine 
structure of speech is kept intact (Drullman, 1995; Gilbert and Lorenzi, 2006; 
Smith et al., 2002). In conclusion, previous research has demonstrated that 
temporal amplitude modulations within relatively few, equally wide frequency 
bands (4-8) over the whole signal bandwidth, is sufficient for successful speech 
perception. 

The acoustic redundancy underlies the resilience of speech perception to 
energetic masking, as the perception must be founded on auditory processes 
that can operate with only partial information (Darwin, 2008). In particular, 
the intrinsically high-energetic features of speech such as formants and 
resolved harmonics are those which remain audible in intensive noise 
(Lecumberri et al., 2010). If the SNR fluctuates over time, the listener may be 
able to exploit those regions in the time-frequency plane in which the target 
signal has more energy than the masker. In line with this view, it has been 
found that the intelligibility of speech in the presence of a fluctuating masker 
depends crucially on the duration and properties of these "glimpses" of the 
target speech (Cooke et al., 2006). With informational maskers, allocating 
speech cues to each sound source and tracking the target source over time 
become more important than with purely energetic masking. 

2.2.2 Bottom-up processes of auditory grouping 

The inherent spectral and temporal redundancies within speech - as described 
above - enable compensating for the extensive variability of the speech signal. 
However, when speech is degraded by external sounds, the auditory system 
can also utilize sound-source specific information to facilitate speech 
perception. This requires efficient use of the intertwined processes of 
segregating and integrating acoustic features to create representations of the 
individual sound sources, a process called auditory scene analysis (ASA, see 
Bregman, 1990). ASA is founded on regularities in the incoming sound signal 
which originate from the individual sound sources, such as spatial location, 
timing and frequency content of the sounds. Importantly, the bottom-up 
processes involved in identifying separate sound sources apply to all sounds, 
i.e., they are not limited to the perception of speech. Thus, the "primitive" ASA 
can be particularly beneficial in the segregation of competing speech streams, 
considering that in that case the perception of the target speech is encumbered 
by informational masking in addition to the energetic interference by 
simultaneous sounds. 

One of the most important acoustic features that promote low-level auditory 
grouping is the spatial location of the sound. If the distortion or competing 
speech signal originates from a spatially distinct source, the spatial cues of the 
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sound, such as the interaural time and level differences (ITD and ILD), provide 
means to separate the target voice from the interfering sounds (e.g., Freyman 
et al., 1999). Another elementary acoustic cue used in segregating sound 
sources is the synchrony of the onsets and offsets of acoustic components: A 
synchronous onset of coherent frequency components is essential for the 
formation of sound timbre, a feature associated with the perceptual quality of 
sounds. The onsets and offsets of stop consonants, in turn, provide salient cues 
for segregation of simultaneous streams of connected speech (Darwin, 2008). 
Furthermore, the pitch and harmonicity of speech sounds can be used to 
establish and track individual sound sources. For instance, a speech signal is 
more easily separable from interfering voices if their fundamental frequencies 
are different, which indicates that they originate from different vocal sources. 
If the difference is large enough, also the higher harmonics are easier to 
differentiate (Assmann and Summerfield, 2004). Finally, differences in the 
frequency modulation and the phase of the amplitude modulation of speech 
sounds may aid in segregating simultaneous speech streams (Darwin and 
Carlyon, 1995). 
 

2.2.3 Top-down mechanisms facilitating speech intelligibility 

In addition to the intrinsic redundancies of speech signal and the fundamental 
processes of auditory grouping, there are several top-down processes in the 
auditory system which facilitate speech perception in acoustically adverse 
listening conditions, including selective attention, perceptual learning, and 
prior knowledge of the speech content. 

In the presence of multiple speech streams, selective voluntary attention to a 
specific speaker can greatly enhance the perceptual processes which allow the 
listener to segregate the target speech from other speech signals. That is, task-
dependent top-down attention aids in the auditory scene analysis process by 
enabling the listener to focus on a specific set of acoustic features (see Fritz et 
al., 2007 for a review). Thus, directed attention can enhance behavioral 
sensitivity to acoustic speech cues, which facilitates the perception of 
acoustically degraded speech, regardless of the source of the distortion (e.g., 
Wild et al., 2012b). Also, previous knowledge of the target speech supports in 
focusing attention to the target, leading to a release in informational masking 
(Freyman et al., 2004). 

Another top-down process utilized in adverse listening conditions is 
perceptual learning, which refers to the ability of the auditory system to utilize 
the past experiences of similar (or the same) stimuli in the recognition of 
subsequent stimuli. Research has demonstrated that even relatively limited 
exposure to ambiguous sounds can result in a significant increase in speech 
intelligibility for the succeeding stimuli (Samuel and Kraljic, 2009). Moreover, 
there is evidence suggesting that perceptual learning more likely takes place 
when the recognition has been successful (Mattys et al., 2012). The memory 
representations of previously heard sounds can affect not only the 
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intelligibility of speech, but also the perceived intensity of the noise masker 
(Jacoby et al., 1988). 

Memory enhances speech perception also in that comprehension is 
substantially easier if the listener is familiar with the contents or general topic 
of the conversation. On one hand, previous knowledge allows for more 
efficient focusing of attention to the target speech (Schneider, 2007). On the 
other, general knowledge of the topic may help in following the conversation 
when some parts of the phrases have not been recognized. If the listener has 
specific and accurate knowledge of the forthcoming utterances, the 
intelligibility of distorted speech increases dramatically (e.g., Davis et al., 
2005). 
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3. Cortical mechanisms of perception of 
degraded speech 

The neuronal basis of speech perception has been investigated in numerous 
studies (for reviews, see Friederici, 2011; Hickock and Poeppel, 2007; 
Rauschecker and Scott, 2009). Research on speech perception in conditions 
where the speech signal is difficult to comprehend can provide crucial insights 
of how, for example, the compensatory top-down mechanisms are engaged in 
deciphering perceptually ambiguous sounds. One overarching theme in the 
research on this topic has been the attempts to delineate different hierarchical 
stages of speech perception by isolating the effects of acoustical changes on 
cortical activity from those related to variation of the intelligibility of speech. 
This chapter provides a brief overview of research on the cortical processing of 
acoustically degraded isolated speech sounds (section 3.1), and on the cortical 
activity associated with the processing of connected speech of varying 
intelligibility (section 3.2). 

The methods of auditory neuroscience include a vast selection of research 
techniques and approaches, ranging from in vivo single-cell measurements to 
cognitive neuropsychology. In the present chapter, the emphasis is on non-
invasive imaging of activity within the cerebral cortex of humans. The primary 
imaging methods currently in use measure cortical activation either through 
the hemodynamic changes related to the energy consumption of neurons 
(functional magnetic resonance imaging, fMRI and positron emission 
tomography, PET), or by registering the electric activity of cortical neurons 
directly (electro- and magnetoencephalography, EEG and MEG). The 
hemodynamic methods provide accurate information about the location of 
neural activity while the electrophysiological imaging modalities are well 
suited for detailed tracking of the temporal evolution of cortical activation. 

3.1 Effects of acoustic distortion on the acoustic-phonological 
processing of speech sounds in human cortex 

The early stages of speech perception involve the extraction of acoustic cues 
from the sound signal and integrating them to form representations of discrete 
pre-lexical units called phonemes (Pisoni & Remez, 2005). Although the 
acoustics of the speech cues may vary along a continuum, the resulting 
perceptual units are mapped into distinct categories, a phenomenon called 



Cortical mechanisms of perception of degraded speech 

14 

categorical perception. Recent studies suggest that the categorization of pre-
lexical perceptual units may take place in the auditory cortex (Bidelman et al., 
2013; Chang et al., 2010) after an extensive processing of the acoustic features 
of speech in the subcortical structures (Young, 2008). It seems clear that 
acoustic distortions interfere with the processing of the low-level acoustic 
features of speech and the subsequent formation of phonemic identity, but 
how this is reflected in cortical activity has remained elusive. Given that the 
phoneme extraction process involves very rapid cortical processing, the 
majority of studies examining the related cortical activations have been 
conducted using electrophysiological methods such as EEG and MEG, which 
have very high temporal resolution. One particularly useful measure of cortical 
processing of speech sounds is the auditory evoked N1/N1m response, which 
has been shown to be highly sensitive to multiple acoustic features of speech 
sounds (see section 5.1.2). 

 

3.1.1 Functional imaging of the processing of speech sounds degraded by 
external distortion 

The disrupting effects of external distortion on the cortical processing of 
speech sounds has mainly been investigated by using stochastic (i.e., random) 
noise. In terms of ecological validity, additive stochastic noise can represent a 
general decrease in audibility due to environmental sounds, or to simulate the 
effects of hearing loss and other pathological conditions that affect hearing 
(Martin and Stapells, 2005; Michalewski et al., 2009). In a series of EEG 
experiments, Martin et al. (1997, 2005) examined the effects of distorting the 
high- and low-frequency regions of the speech spectrum on auditory cortical 
activity. To this end, they varied the bandwidth of high-pass or low-pass 
filtered stochastic noise which was presented continuously in the background. 
The results indicated that increasing the bandwidth of the masking noise 
resulted in delayed and attenuated N1, N2 and P3 responses to short syllable 
stimuli. Comparable delays and decreases in amplitude of the cortical 
responses have been demonstrated also when the intensity of broadband 
stochastic noise is increased, using both white (Shtyrov et al., 1999; Whiting et 
al., 1998), and speech-spectrum shaped noise (Billings et al., 2010; 
Dimitrijevic et al., 2013). In line with the above findings, the latencies of the 
N1 and P3 responses were increased with decreasing SNR when the broadband 
masking noise was initiated one second before the speech stimuli (Kaplan-
Neeman et al., 2006). Moreover, it appears that the prolongation and 
reduction of the cortical responses occurs also with intermittent noise, and 
independently of the listener's attentional state (Billings et al., 2010). 

Relatively few studies have examined how informational maskers, such as 
multi-talker noise, affect the cortical processing of isolated speech sounds. 
Some of the findings have been congruent with the ones using energetic 
masking, with reduced amplitudes and increased latencies for AEPs to speech 
stimuli presented with an informational masker (Bennett et al., 2012; Billings 
et al., 2010). However, Parbery-Clark et al. (2011) reported an increase in N1 
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and a decrease in P2 amplitude when the intensity of continuous multi-talker 
noise was raised.  

In conclusion, most of the electrophysiological findings indicate that 
degrading speech sounds with external distortion results in delayed and 
diminished cortical activity. It appears that these effects are weakly modulated 
by the spectral shape of the distortion or by the listeners attention to the 
stimuli. Thus, the influence of external, energetic masking on the cortical 
processing of speech sounds seems to be driven by the general audibility of the 
stimuli. In line with this view, a similar delay and attenuation of evoked 
responses due to additive noise has been observed also for spectrally simpler 
non-speech stimuli (e.g, Billings et al., 2009; Hari and Mäkelä, 1988; Morita et 
al., 2006). In addition, comparable effects have been demonstrated already at 
the subcortical level, as the auditory brainstem responses were attenuated and 
increased in latency with increasing broadband noise level (Burkard and Sims, 
2002). 
 

3.1.2 Functional imaging of the processing of speech sounds degraded by 
internal distortion  

At present, neuroimaging studies on cortical processing of speech sounds 
degraded by internal distortion have been very scarce. A number of 
experiments have used temporal compression to determine how abnormally 
fast speech rates affect the intelligibility and cortical processing of speech. 
Ahissar et al. (2001) observed that the comprehensibility of speech at a 
particular rate was correlated with the degree of phase-locking between the 
temporal envelopes of speech and the MEG signal. They argued that this 
"stimulus-cortex" phase-locking is essential for successful comprehension of 
speech. However, somewhat contradictory findings were reported by Nourski 
et al. (2009), who employed intracortical EEG to study the effects of temporal 
compression of speech on cortical activity. They demonstrated that the 
primary auditory cortex is able to represent the temporal envelope of speech 
stimuli even at temporal compression rates that render speech signals 
incomprehensible. Also, there are hemodynamic findings suggesting that the 
activity of the auditory cortex is decreased with faster compression rates with 
no clear-cut dependency on the intelligibility of the speech stimuli (Poldrack et 
al., 2001). 

Noise-vocoding (Shannon et al., 1995) attempts to simulate the perceptual 
experience of hearing speech through a cochlear implant. To create noise-
vocoded speech, the speech signal is divided into separate frequency bands, 
and the amplitude envelope of each band is then used to modulate noise in 
that particular band. Lastly, the frequency bands are recombined to create 
noise-vocoded speech. Although there are several hemodynamic studies 
employing noise vocoding to investigate the cortical correlates of the 
intelligibility of speech (see chapter 3.2), electrophysiological evidence on the 
processing of prelexical speech units degraded by noise vocoding has been 
lacking. A notable exception is the study by Obleser and Kotz (2011), who 
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reported earlier and amplified N1 responses to noise-vocoded speech than to 
undistorted speech. Further, Friesen et al. (2009) examined how the number 
of cochlear implant channels affects the AEPs to syllable stimuli. They 
observed decreased and delayed N1 responses with reduction in the number of 
spectral channels, a result directly opposite to the findings of Obleser and Kotz 
(2011). Thus, the effects of internal distortion on the cortical responses to 
speech sounds seem to depend on the characteristics of the distortion. 

The ecological significance of the above synthetic speech modifications is 
rather limited, given that they do not represent digital speech signals that are 
commonly employed in, for instance, telecommunication. The main emphasis 
appears to have been on creating speech-like signals that resemble speech 
acoustically while being substantially less intelligible. Digital compression, in 
turn, is utilized in virtually all forms of digital sound, including the 
transmission of speech (see section 2.1.2). Bearing this in mind, it seems 
somewhat surprising that the effects of digital compression of speech on 
cortical activity have not been investigated before, apart from one study by 
Liikkanen et al. (2007). They found that when digital speech sounds were 
degraded by amplitude compression, the N1m response was amplified in the 
right hemisphere with negligible changes in the response latency. However, 
the details of what may have caused the enhancement in the N1m response 
amplitude remained unclear in that particular study. 
 

3.2 Effects of acoustic distortion on the intelligibility and cortical 
processing of connected speech 

After the initial pre-lexical processing of forming phonological representations 
from the acoustic signal, the stream of phonemes is segmented into 
morphemes and words, enabling access to lexical representations of language, 
which in turn form the basis of sentence comprehension (Friederici, 2011; 
Hickok and Poeppel, 2007). During recent years, acoustic degradation of 
connected speech stimuli has been used to investigate the neural processing 
underlying speech comprehension. In these studies, various forms of acoustic 
distortion have been employed to modulate the intelligibility of connected 
speech. 

Recent neuroimaging studies have provided converging evidence in support 
of a distributed, hierarchical network of cortical areas underlying speech 
comprehension (Davis and Johnsrude, 2003; Hickok and Poeppel, 2007; 
Obleser et al., 2007; Rauschecker and Scott, 2009), which is in agreement with 
the anatomical connectivity of the primate auditory system (Kaas and Hackett, 
2000). The processing of speech within this network involves multiple parallel 
processes with numerous feedback loops instead of rigid and serial processing 
stages. An influential model describing the cortical instantiation of speech 
processing has been outlined by Hickok and Poeppel (2007), which postulates 
a dual-stream organization consisting of a bilateral ventral stream involved in 
processing of speech signals for recognition, and a left-lateralized dorsal 
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stream that translates speech signals into articulatory representations. Thus, 
the ventral stream is proposed to form mappings from the acoustic speech 
stimuli to semantic representations (i.e., meaning), whereas the dorsal stream 
forms an interface between the auditory and motor systems (Hickok and 
Poeppel, 2007). 

In agreement with the model by Hickok and Poeppel (2007), there is a 
wealth of studies implying that the primary auditory areas are sensitive to the 
acoustic differences in speech sounds while areas later in the processing 
stream respond only to more abstract properties of the stimuli, such as the 
intelligibility of speech (Binder et al., 2000; Scott et al., 2000; Davis and 
Johnsrude, 2003; Giraud et al., 2004; Narain et al., 2003; Obleser et al., 2007; 
Okada et al., 2010; Vouloumanos et al., 2001; Zekveld et al., 2006). The 
evidence supporting this view of hierarchical processing has been inferred 
from functional neuroimaging (mainly fMRI) findings in which the cortical 
activity associated with undistorted speech was contrasted with activity 
elicited by closely matched non-speech stimuli, for example tonal sounds 
(Binder et al., 2000; Vouloumanos et al., 2001), and noise-vocoded speech 
stimuli (Davis and Johnsrude, 2003; Giraud et al., 2004; Narain et al., 2003; 
Okada et al., 2010). These studies indicate that activity in the primary auditory 
cortex is driven by acoustically simple stimuli such as pure tones (Wessinger et 
al., 2001), whereas the surrounding belt and parabelt regions respond to more 
complex stimuli, such as noise or speech (Binder et al., 2000; Wessinger et al., 
2001). Furthermore, the results suggest that the superior temporal sulcus 
(STS) regions anterior and posterior to the auditory cortex are sensitive to the 
intelligibility of the stimuli while being nonresponsive to the acoustic features 
of the stimuli (Peelle et al., 2010). This processing hierarchy appears to hold 
regardless of the task of the listener, given that similar patterns of activity have 
been observed during passive listening (Scott et al., 2000), active listening 
(Narain et al., 2003; Obleser et al., 2010), and active recognition tasks (Davis 
and Johnsrude, 2003; Okada et al., 2010; Zekveld et al., 2006). 

Several prefrontal and parietal areas are also activated during listening of 
speech in masking noise (Adank et al., 2012; Scott et al., 2004; Wong et al., 
2008). In particular, the left inferior frontal gyrus (IFG) has been shown to be 
strongly activated during intermediate SNRs, possibly reflecting an increased 
effort of semantic integration during listening to noisy speech (Adank et al., 
2012; Davis et al., 2011). Moreover, as might be expected, the increased 
activation of the left IFG is observed only when the listener is voluntarily 
attending to the speech stimuli (Wild et al., 2012b). Taken together, these 
findings suggest that the activation of the left IFG may reflect top-down 
processes engaged during attentive listening to perceptually ambiguous, 
degraded speech. 

Electrophysiological studies of neural processing of connected speech have 
revealed that continuously measured electrophysiological signals from the 
auditory cortex are correlated with the slow acoustic envelope (2-20 Hz) of 
speech (Abrams et al., 2008; Ahissar et al., 2001; Aiken and Picton, 2008), 
and are sensitive to the intelligibility of the stimuli (Luo and Poeppel, 2007). 
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In addition, these signals can be used to discriminate spoken words and 
sentences (Suppes et al., 1997, 1998; Luo and Poeppel, 2007). Interestingly, 
the phase-locked activity of auditory cortex appears to be synchronized to the 
speech of a selectively attended speaker in multi-speaker auditory scenes 
(Ding and Simon, 2012), in intensive background noise (Ding and Simon, 
2013), and modulated by the attention to speech (Kerlin et al., 2010). 
Modulation of high-frequency cortical oscillations during semantic evaluation 
of speech have also been observed in a number of studies. For example, 
Hannemann et al. (2007) found that induced gamma-band activity (GBA) at 
around 40 Hz was increased in the left-hemispheric electrode sites when 
acoustically distorted words were identified as intelligible. The increased GBA 
has been attributed to top-down processes of matching speech sounds to the 
lexical representations in long-term memory (Eulitz and Hannemann, 2010; 
Shahin et al., 2009). Founded on this line of research, cortical oscillations have 
recently been put forward as being fundamentally involved in parsing 
connected speech into perceptual units within different timescales (Giraud and 
Poeppel, 2012). 

In addition to phase-locked and oscillatory electrophysiological signals, 
auditory evoked potentials can be used to probe the cortical processing 
underlying the perception of perceptually ambiguous connected speech. 
Obleser et al. (2011) measured AEPs to noise-vocoded sentences which were 
varied in their semantic context, and found that the N1 response to the 
sentence onset was larger for more distorted sentences while the amplitude of 
the later N400 response was substantially reduced for the acoustically 
distorted speech stimuli. However, the N400 effect was dependent on 
semantic expectancy in that the amplitude increase was observed only with 
sentences of low cloze probability. In a related study, Sohoglu et al. (2012) 
observed increases in late evoked response amplitudes (200 ms onwards) with 
increases in speech quality. Furthermore, prior knowledge of the distorted 
speech stimuli from matching or mismatching written text presented earlier 
modulated the cortical responses as well, causing a decrease in cortical 
response amplitudes. 

One major shortcoming pertaining to most of the studies examining cortical 
activation related to speech intelligibility is that in a majority of cases, the 
neural activity related to undistorted speech is compared to that associated 
with acoustically degraded speech. This can possibly lead to results that are 
confounded by changes in cortical activation related to the acoustic differences 
between the stimuli. Consequently, there seems to be a need for developing 
research approaches that can control for the effects of acoustic dissimilarity. In 
addition, there appears to be a shortage of data on the relative timing of neural 
activity related to comprehension of acoustically distorted speech, which 
makes it difficult to, for example, determine the directions of information flow 
between the brain regions. These limitations may be diminished by creating 
experimental paradigms in which previous knowledge and learning can be 
utilized to modulate the intelligibility of acoustically identical, distorted 
speech. 
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4. Aims of the studies 

Substantial progress has been made in determining how acoustically 
unfavorable conditions affect speech perception and the underlying neural 
processing. Most of the neuroscientific research on the topic has been focused 
on the impact of external distortions, such as noise, on cortical activity. In 
contrast, the effects of degradation of the speech signal itself (internal 
distortion) on the neural processing of speech is mostly unknown despite the 
widespread application of digital speech in, for instance, telecommunication. 
The aim of this thesis was to investigate how internal and external distortion of 
speech affect its intelligibility and the concomitant activity of the auditory 
cortical areas. To this end, a series of behavioral recognition experiments and 
MEG measurements were conducted in four studies. The specific aims of the 
studies were the following: 
 
Study I investigated the cortical and behavioral processing of speech and 
non-speech sounds when the quality of sounds is internally degraded by digital 
compression of the signal. 
 
Study II examined cortical activation associated with processing of speech 
sounds degraded internally, by digital compression, or by external noise. 
 
Study III aimed at a comprehensive view of cortical processing of speech 
sounds in acoustically adverse conditions by investigating how the distortion 
type and its continuity affect the activity of auditory cortex. 
 
Study IV was designed to determine the effects of acoustic degradation and 
the consequent decrease in speech intelligibility on the cortical and behavioral 
processing of connected speech. 
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5. Methods 

5.1 Magnetoencephalography (MEG) 

Magnetoencephalography is a non-invasive method for studying neural 
activity by measuring the magnetic fields produced by electric currents in the 
brain. The MEG signals are recorded outside the head with an array of highly 
sensitive superconducting quantum interference device (SQUID) sensors, 
enabling simultaneous registration of signals from both hemispheres with 
good spatial accuracy (Hämäläinen et al., 1993). MEG has a number of 
advantages in comparison to other brain imaging modalities such as fMRI and 
PET: Firstly, the MEG signal is a direct measure of neural activity as the 
magnetic fields are caused by the electric currents within cortical neurons. 
Consequently, MEG has a very high (sub-millisecond) temporal resolution, 
which allows precise measurements of the temporal evolution of cortical 
processing. In addition, as a direct measure of activation strengths of neuronal 
populations, MEG quantification does not necessitate subtractions between 
experimental conditions (cf. Hari et al., 2000), which makes the interpretation 
of the results easier. Furthermore, MEG recordings are silent, which makes 
them particularly suitable for auditory research. In combination with the 
spatially more accurate hemodynamic data provided by fMRI and PET, it has 
become possible to investigate the neural processing of speech and language 
with high precision. 
 

5.1.1 Electrophysiology of MEG signals 

There are two primary neuronal sources of electric activity in the brain: 
postsynaptic potentials (PSPs) and action potentials (APs). The electric 
currents within single neurons are not strong enough to be measurable by 
contemporary MEG sensors. Therefore, MEG signals represent the temporally 
and spatially summated activity of large populations of neurons. The spatial 
summation of neural currents requires that the currents of the neighboring 
neurons must be aligned so that they do not cancel out each other. In practice, 
synchronous activity of thousands of spatially aligned neurons is required for 
the net field to be detectable outside the head (Hari, 1990; Okada et al., 1997; 
Lopes da Silva, 2010). Consequently, it has been shown that currents due to 
action potentials within axons contribute only marginally to the MEG signal, 
given that APs are exceedingly rapid (1-2 ms) and rarely synchronized enough 
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to allow sufficient temporal summation. Moreover, the magnetic fields arising 
from APs diminish quickly as the distance from the neuronal source to the 
MEG sensor increases. Dendritic currents due to PSPs, in turn, can be 
temporally and spatially summated due to their longer duration (10 ms or 
more), smaller magnetic field decay as a function of distance, and parallel 
alignment of the cell dendrites. Hence, it is now well established that the 
primary sources of the detectable MEG signals are the postsynaptic currents in 
the apical dendrites of cortical pyramidal cells (Lopes da Silva, 2010). 

The spatial orientation of a current determines the strength of its 
contribution to the MEG signal. Whereas MEG is most sensitive to currents 
which are tangential to the surface of the skull, currents oriented 
perpendicularly to the surface - so-called radial currents - cannot be detected 
as they do not produce any magnetic fields outside the head. Consequently, 
maximal sensitivity of MEG is achieved to currents within the cortical fissures 
(sulci). However, only a marginal part of neural currents are entirely radial 
(see, e.g., Hillebrand and Barnes, 2002), leaving most of the current sources 
detectable with MEG. In order to localize the activated regions in the brain, a 
substantial amount of source modeling techniques have been developed. 
Source modeling involves a conversion of the measured signal into a model of 
the underlying neural sources. However, this form of inverse problem does not 
have a unique solution, given that any MEG data can, in principle, be 
explained by an infinite number of different patterns of cortical activity 
(Hämäläinen et al., 1993). Thus, source modeling requires anatomical and 
physiological constraints to limit the amount of possible solutions to the 
inverse problem. 

The equivalent current dipole (ECD) is a modeling approach (Hämäläinen et 
al., 1993), where the magnetic field pattern is explained by one or more 
current dipoles. The location, orientation and amplitude of the ECD is 
estimated from a subset of MEG sensors using a nonlinear least-square search. 
The current dipole is a reasonably good model of local activation patterns, as 
more precise information about the current configuration in the source region 
cannot be detected from the typical measurement distance from outside the 
head (Hari et al., 2000). A supplementary method to ECD is to use distributed 
source models such as minimum norm estimates (MNEs) or minimum current 
estimates (MCEs) (Hämäläinen et al., 1993; Uutela et al., 1999). These 
approaches explain the field pattern by minimizing the overall current of the 
source configuration. The advantage of the MNE/MCE models is that they do 
not require any a priori information or specific assumptions pertaining to the 
source configuration (Uutela et al., 1999). 
 

5.1.2 Auditory evoked fields 

The MEG signal is an aggregate of the magnetic fields produced by a multitude 
of simultaneously active cortical sources, consisting mainly of spontaneous 
ongoing activity and transient activations by sensory stimulation. Transient 
cortical activity can be investigated by presenting the stimulus several times 
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and averaging the recorded MEG signal within a pre-determined time period 
following stimulus presentation. The transient (i.e. evoked) responses are 
small in relation to signals from other sources active at the same time, 
including other cortical sources and external noise. Thus, averaging has the 
effect of cancelling out the signal sources that are not time-locked to the 
presented stimuli, revealing the cortical activity which consistently follows the 
stimulus. The averaged magnetic fields evoked by auditory stimuli are called 
auditory evoked fields (AEFs). 

It is well known that any audible sound with a fast enough rise time elicits a 
series of magnetic field deflections, which are commonly classified according 
to their timing. The earliest cortical AEFs have been detected at 11 ms after the 
sound onset (Kuriki et al., 1995). However, the most prominent AEFs recorded 
with MEG appear at longer latencies, from 50 ms onwards. The main 
deflections within this sequence are known as the P1m, N1m and P2m 
(sometimes also as P50m, N100m and P200m). The letters P and N refer to 
the positive and negative polarity of the electric counterparts of the responses 
observed in EEG measurements. The timing of the cortical AEFs can vary 
substantially depending on the spectral and temporal features of the auditory 
stimulation: The P1m occurs usually at latencies of 40-80 ms, the N1m at 90-
140 ms, and the P2m at 150-200 ms (Eggermont and Ponton, 2002; May and 
Tiitinen, 2010). Although the P1m, N1m and P2m are often elicited as a 
"response complex", the responses have different field patterns and exhibit 
relatively independent behavior in relation to acoustic stimulation, suggesting 
that they reflect separate neural processes. In general, the AEFs are elicited by 
both attended and non-attended stimuli. The later responses, from the N1m 
onwards, are modified by selective attention to sounds (Hillyard et al., 1973; 
Hari et al., 1989). 

The P1m response is elicited by any abrupt sound in most human subjects. 
The sources of the P1m are located near the primary auditory cortex, relatively 
close to the N1m source locations (Kanno et al., 2000; Reite et al., 1988). 
Although the P1m is observed consistently before the N1m, it has been 
established that the two responses exhibit functionally independent 
properties. For instance, the P1m amplitude is not affected by continuous 
masking with music or white noise, while the N1m is significantly attenuated 
by both maskers (Levänen and Sams, 1997). Further, Kawase et al. (2012) 
found that the 40-Hz auditory steady state response (which may result from 
superposition of consecutive middle-latency AEFs such as the P1m) was 
suppressed by contralateral masking noise, whereas the N1m response was 
not. These findings suggest that the P1m and N1m are differentially affected by 
masking noise. Moreover, a number of studies suggest that the P1m is not 
modulated by the task of the listener (Chait et al., 2004; Levänen and Sams, 
1997), whereas the N1m is sensitive to numerous top-down influences (see 
below). Interestingly, the P1m is modulated by acoustic characteristics of 
speech, such as signal periodicity (Hertrich et al., 2000), place-of-articulation 
features (Tavabi et al., 2007), and changes in timbre (Seol et al., 2011). 
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The most prominent and extensively studied transient AEF is the N1m 
response, which is generated in several sources within the lateral Heschl's 
gyrus (HG) and in the Planum temporale (PT) (May and Tiitinen, 2010). The 
latency and amplitude of the N1m are dependent on stimulus presentation so 
that, for example, the stimulus repetition rate (Hari et al., 1982), the overall 
sound level (Reite et al., 1982) and the onset acoustics of sounds (Biermann 
and Heil, 2000) have an impact on the N1m. Also, the N1m is highly sensitive 
to the acoustic features of the stimulus (such as its spectral composition), 
suggesting that there are a number of N1m sources that encode stimulus-
specific features. Accordingly, changes in these features are observed in 
systematic modulations of the N1m latency, amplitude and source location (for 
a review, see May and Tiitinen, 2010). The N1m has been found to be a useful 
measure of cortical processing of speech sounds, as the N1m response is 
sensitive to many acoustic characteristics of speech, such as place of 
articulation (Gage et al., 2002; Obleser et al., 2003), intonation (Mäkelä et al., 
2004), periodicity of vowel sounds (Alku et al., 2001; Tiitinen et al., 2005; 
Yrttiaho et al., 2008, 2009), formant transitions (Mäkelä et al., 2005), and the 
phonetic features of consonants (Obleser et al.,  2006). Moreover, the N1m 
response has been utilized in revealing how speech sounds are processed when 
they are embedded in external noise (Martin and Stapells, 2005; Martin et al., 
1997; Whiting et al., 1998). In addition to acoustic features of sounds, the N1m 
is sensitive to top-down influences of the auditory system, for instance 
attention (Woldorff et al., 1993), efference copies from the speech production 
system (Kauramäki et al., 2010), and multimodal effects (van Wassenhove et 
al., 2005). 

The N1m is followed by the P2m response, which is generated by cortical 
sources anterior and medial to the N1m (Hari et al., 1987). A substantial body 
of results shows that the N1(m) and P2(m) responses deviate from each other 
both functionally and anatomically (for a review see, e.g., Crowley and Colrain, 
2004). For instance, is has been put forward that the P2(m) could be involved 
in the processing of spectrally complex sounds (Altmann et al., 2008; Shahin 
et al., 2007), and may be somewhat more sensitive to the spectral fine 
structure of sounds than the N1(m) (Altmann et al., 2008). In addition, Ross 
and Tremblay (2009) have suggested that the P2(m) could be a physiological 
correlate of perceptual learning, memory and training, given that the P2(m) 
shows increases in amplitude over long time periods. However, comparable 
amplitude increases due to learning have been found for the N1(m) response 
as well (Tremblay et al., 2001).  

If the duration of the sound stimulus is longer than a few hundred 
milliseconds, a sustained field (SF) response is elicited in addition to the 
transient P1m-N1m-P2m wave. The SF lasts as long as the stimulus is present, 
and is usually followed by an off-response. The source of the SF is anterior to 
the source of N1m (Hari et al., 1987; Pantev et al., 1994), indicating that at 
least some of the underlying neural populations are different. The functional 
significance of the SF is unclear, although some studies suggest that the SF is 
responsive to sound periodicity (Gutschalk et al., 2002; Keceli et al., 2012), 
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and may differentiate between speech and non-speech stimuli (Hewson-Stoate 
et al., 2006; Gutschalk and Uppenkamp, 2011). 

5.2 MEG measurements in studies I-IV 

5.2.1 Subjects 

The subjects participating in the MEG measurements of the studies were 
healthy, right-handed volunteers with self-reportedly normal hearing. All of 
the subjects were native Finnish speakers. Altogether, 65 subjects participated 
in the experiments (37 women), their age ranging between 19-41 years (see 
Table 1). 

 

Table 1. The participants in studies I-IV. 

Study N Average age 

I 16 26.6 

II 12 24.0 

III (MEG) 17 26.7 

III (Behavioral) 10 30.5 

IV 10 22.0 

 
 
In studies I-III, and in the passive condition of Study IV, the subject's task 

during the MEG measurements was to ignore the auditory stimuli and to 
concentrate on watching a film without soundtrack. In the active condition of 
Study IV, the subject's task was to listen to the auditory stimuli and respond to 
a query after each stimulus (see section 5.3). In all of the studies, the subjects 
were instructed to minimize eye movements and blinks during the MEG 
acquisition. The experiments were approved by the Ethical Committee of the 
Helsinki University Central Hospital. 
 

5.2.2 Auditory stimuli 

The speech sounds in the MEG recordings of Studies I-III consisted of 
undistorted and distorted forms of the Finnish vowel [a]. The undistorted 
version was created semi-synthetically (Alku et al., 1999) from recordings of a 
male speaker. The vowel was digitized utilizing a sampling frequency of 22.05 
kHz and a 16-bit amplitude resolution, resulting in a natural-sounding, 
undistorted signal. The vowel [a] was used in the MEG recordings because it 
represents one of the most typical speech sounds of the Finnish language. In 
addition, the use of a sustained vowel sound instead of, for example, a syllable, 
allowed for more precise control of the acoustic features of the stimuli. In 
Study I, the auditory stimuli included also a complex non-speech sound and a 
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sine-wave tone. The complex non-speech sound was a composite of five sine-
wave tones whose frequencies were matched to the major spectral harmonics 
of the vowel [a]. The frequency of the sine-wave tone coincided with the 
strongest harmonic in the vowel spectrum. 

All of the sounds in studies I-III were digitally compressed by decreasing the 
amplitude resolution of the sound waveform using the uniform scalar 
quantization (USQ) technique (Gray, 1990). In quantization, the amplitude of 
each signal sample is rounded off to its nearest integer level and all the levels 
between the minimum and maximum values (depending on the bit rate used) 
are equispaced. The compression was implemented stepwise by reducing the 
number of bits in the sample quantization from the undistorted 16-bit version 
to 4-bit and 1-bit versions, yielding moderate and severe levels of distortion, 
respectively. In Study II, the vowel stimuli were also distorted by adding 
stochastic wideband noise to the stimuli in quantities that resulted in equal 
signal-to-noise ratio (SNR) levels than those generated by the USQ procedure. 
In addition, low-pass filtered versions of the distorted stimuli were created to 
match the tilted spectral envelope of the undistorted speech sound. In Study 
III, the vowels were distorted also by presenting either the stochastic noise or 
the quantization noise continuously in the background. The auditory stimuli in 
Study IV comprised 84 sentences, consisting of six to seven words of the 
Finnish language. Two versions of each sentence was created using the USQ 
procedure, one undistorted (16-bit) and one distorted (1-bit). Examples of the 
effects of digital compression and stochastic noise masking on the speech 
stimuli are shown in Figure 2. 

5.2.3 Data acquisition 

The MEG data was acquired using a 306-channel whole-head 
neuromagnetometer (Vectorview 4-D, Elekta Neuromag, Helsinki, Finland) in 
a magnetically shielded room of the Biomag laboratory, Helsinki University 
Central Hospital. Cortical activation was recorded with a pass-band of 0.01-
200 Hz and sampled at a rate of 600 Hz. In Study IV, the data was collected 
using a low-pass filter with a cut-off frequency of 172 Hz. Horizontal and 
vertical eye movements were monitored by two electrode pairs. The MEG 
signals were averaged online using a 100-ms pre-stimulus baseline and 500 
ms of post-stimulus activity. In Study IV, an additional 3000-ms post-stimulus 
window was used for the sustained field data. Epochs with excessive 
amplitudes of the magnetic field gradient (over 3000 fT/cm) or with electro-
oculogram values exceeding 150 μV were automatically discarded during 
registration. For each stimulus condition, a minimum of 150 artifact-free 
epochs were collected for averaging. The position of the subject's head with 
respect to the MEG sensor array was determined with four head-position 
indicator (HPI, Polhemus, Colchester) coils before each stimulus sequence. 
The locations of the coils were ascertained with respect to the preauricular 
points and the nasion before the measurement session using a 3-D digitizer. 
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Figure 2. The effects of digital compression by decreased amplitude resolution and distortion by 
external stochastic noise on the sound waveform and power spectrum of the Finnish vowel 
[a]. A) Undistorted 16-bit sound, B) Vowel [a] distorted by digital compression (1-bit mode), 
C) Vowel [a] distorted by additive noise. Furthermore, the waveform and power spectrum of 
D) Quantization noise, i.e., the difference between the 16-bit and 1-bit values, and E) 
Additive noise. 

 

5.2.4 Data analysis 

In studies I-III, the averaged MEG waveforms were digitally band-pass filtered 
at 1-30 Hz and baseline corrected with respect to a 100-ms pre-stimulus 
period. In Study IV, the data set for the transient response analysis was filtered 
with 2-30 Hz band-pass filter, and the data set for the sustained field analysis 
with a 30 Hz low-pass filter. The amplitude, latency and source location of the 
N1m response were determined using unrestricted equivalent current dipoles 
(ECDs, see Hämäläinen et al., 1993), with the assumption of a single dipole in 
a spherical volume conductor. The ECDs used in the analyses were from the 
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time point of the maximum dipole moment of the N1m response from a subset 
of 44 planar gradiometers covering the temporal areas of each hemisphere. 
The peak amplitudes and latencies of the P1m (Study I and II) and P2m (Study 
I-II and IV) responses were quantified from gradiometer channel pairs 
exhibiting the largest response amplitudes over the left and right hemispheres 
above the temporal lobe. The amplitude of the sustained field in Study IV was 
quantified over a predefined time interval from the sensor pairs showing the 
maximal transient responses. Moreover, to examine the spatial distribution of 
cortical activity during the transient and sustained responses in Study IV, 
noise-normalized minimum-norm estimates (MNEs) were calculated 
(Hämäläinen and Ilmoniemi, 1994). Both hemispheres were divided into 24 
regions of interest (ROIs), and cortical activity was quantified within these 
ROIs at the N1m, P2m and sustained field time ranges. 

 

5.3 Behavioral measurements in studies I-IV 

In studies I-III, the subject's ability to recognize the stimuli were tested after 
the MEG measurements by  behavioral identification tasks. The subjects were 
instructed to indicate with a keyboard stroke in a forced-choice task which of 
the eight Finnish vowels they perceived. In study I, an additional response 
category of "not-a-vowel" was included to assess whether the subjects were 
able to differentiate the non-speech stimuli from the speech sounds. The 
auditory stimuli consisted of a subset of all the Finnish vowels degraded with 
the same procedure as the ones used in the MEG measurements in each study 
(see section 5.2.2.). The stimuli were presented through headphones in a 
randomized order, with 10 repeats per stimulus. In the data analysis, 
identification accuracy (hit rate) and reaction times for each stimulus were 
determined by calculating the average accuracy and reaction time of the 
responses. The aim of the identification tasks was to assess to what extent the 
distortions used in the MEG measurements affected the intelligibility of the 
stimuli, rather than to measure exact perceptual thresholds. In the active 
conditions in Study IV, the subjects were instructed to indicate after each 
sentence whether they understood the sentence within a 3-sec time window. A 
subjective intelligibility rating was calculated from the responses as the 
proportion of sentences reported as comprehensible. 
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6. Summary of the studies 

6.1 Sensitivity of the human auditory cortex to acoustic 
degradation of speech and non-speech sounds (Study I) 

In Study I, the aim was to examine how the perception and cortical processing 
of speech and non-speech sounds are affected by digital compression of the 
sound waveform. To this end, an MEG experiment was conducted in which the 
subjects were presented with a vowel sound, a sine-wave composite sound and 
a (simple) sine-wave sound. All of the sounds were degraded by reducing the 
amplitude resolution of the signal waveform from the intact 16-bit mode to 4- 
and 1-bit modes. After the quantization process (see chapter 5.2.2), the 
intensities of the signals were matched. In addition, a separate behavioral 
experiment was carried out to establish whether the degraded non-speech 
sounds were perceptually separable from the speech sounds as the severity of 
distortion was increased. 

The results showed that the digital compression increased the amplitudes of 
the P1m, N1m and P2m responses bilaterally for all the stimulus types without 
systematic changes in the response latencies (see Fig. 3). The overall latencies 
of the responses were, however, shorter for the sine-wave stimuli than for the 
spectrally more complex stimuli. In the behavioral task, only the severely 
degraded 1-bit vowel stimuli were difficult to identify, and the spectrally more 
simple non-speech stimuli were not confused with the vowels when distorted. 

 
 

 
 

Figure 3. Results of Study I. The effects of digital compression on the auditory evoked fields 
elicited by a vowel [a], a composite of sine-waves, and a sine-wave stimuli. The response 
amplitude of the P1m, N1m and P2m was increased when the amplitude resolution of the 
sounds was decreased from the undistorted 16-bit mode to the severely degraded 1-bit 
mode. The latencies of the responses were not affected by the distortion. 
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The findings indicate that the auditory cortices of both hemispheres are 
sensitive to digital compression of sound over a relatively long time range, as 
all the prominent AEFs during 50-200 ms were increased in amplitude as the 
sounds were compressed. These results diverge from earlier studies, which 
have reported reduced and delayed cortical responses to speech sounds 
degraded by continuous background noise (Martin and Stapells, 2005; Martin 
et al., 1997; Whiting et al., 1998). The observed increase in response 
amplitudes might be due to the generation of noisy harmonic frequencies over 
the entire signal spectrum, as it was the most conspicuous acoustic change 
brought about by the distortion. Furthermore, the results show that the effect 
of digital compression on the AEFs is not dependent on the spectral 
complexity of the sounds, given that the responses elicited by both speech and 
non-speech sounds were affected similarly by the compression. 

 

6.2 Responsiveness of the human auditory cortex to degraded 
speech sounds: Reduction of amplitude resolution vs. 
additive noise (Study II) 

Previous studies have indicated either amplified or attenuated cortical 
auditory N1/N1m responses to acoustically degraded speech sounds, 
depending on the characteristics of the distortion (Liikkanen et al., 2007; 
Martin et al., 1997; Whiting et al., 1998). Moreover, the results of Study I left 
open the question as to what extent the amplitude increase of the AEFs could 
be explained by the changes in the spectral envelope of the stimuli, given that 
the spectra of the stimuli were flattened due to the digital compression. These 
questions were addressed in Study II by comparing the cortical responses to 
speech sounds which were either digitally compressed or distorted by the 
addition of stochastic noise. Further, the possible effect of the changes in the 
spectral envelope were examined by low-pass filtering the degraded stimuli in 
order to restore the spectral shape to that of the undistorted sounds. Thus, the 
speech sounds were varied in distortion type, spectral shape and SNR. The 
effects of the distortions on the intelligibility of the speech stimuli were 
determined in a subsequent identification experiment. 

In line with the results of Study I, the digital compression enhanced the N1m 
response with only negligible changes in the response latency (Fig. 4). The 
addition of stochastic noise, however, did not significantly affect the timing or 
amplitude of the N1m response. Furthermore, the low-pass filtered stimuli 
elicited similar responses to their unfiltered counterparts, suggesting that the 
observed increases in cortical activity were not dependent on the overall 
spectral shape of the stimuli. The identification experiment, in turn, showed 
that only the digitally compressed speech sounds with a flat spectral envelope 
were more difficult to identify than the undistorted sounds, despite increased 
reaction times for all the stimulus types. 
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Figure 4. Results of Study II. The effects of sound degradation by digital compression (internal 
distortion) and additive noise (external distortion) on the perception of vowels, and on the 
amplitudes and latencies of the N1m response elicited by a vowel stimulus. Left: 
Identification accuracy for the undistorted and the distorted vowel stimuli. Only the vowels 
degraded by digital compression with a flat spectral envelope were more difficult to identify 
than the undistorted sounds. Right: Digital compression resulted in amplified N1m 
response, whereas distortion by additive noise did not significantly modulate the amplitude 
of the N1m response. Neither of the distortion types systematically affected the N1m 
latency. (Int: Internal distortion by digital compression; Ext: External distortion by additive 
noise; Flat/Tilted: shape of the spectral envelope of the sounds). 

 
The results suggest that the auditory cortex processes distorted speech 

sounds differently depending on whether the sounds are degraded by digital 
compression or by the addition of stochastic noise. The dissimilarities in 
processing were observed also at the perceptual level, as only the digital 
compression disrupted the perception of speech sounds significantly. 
However, low-pass filtering the distorted stimuli enhanced the intelligibility of 
the compressed sounds, implying that the spectral envelope is an important 
cue for speech intelligibility. Overall, the findings lend support to the view that 
the amplitude enhancement of the N1m response due to digital compression 
could be related to the increase of harmonic frequencies in the signal 
spectrum, since the effect was not dependent on the shape of the spectral 
envelope.  

 

6.3 Cortical processing of degraded speech sounds: Effects of 
distortion type and continuity (Study III) 

The intelligibility of acoustically distorted speech is greatly increased if the 
distortion can be separated from the speech by assigning it to a different 
source. It has been shown that the success of this auditory scene analysis 
(ASA) process relies on numerous factors (Bregman, 1990). One of the most 
important properties influencing the segregation of speech and distortion is 
whether the distortion is caused by an external signal or whether the acoustic 
structure of the signal itself is degraded. Further, the perception of distorted 
speech is affected by whether the distortion coincides temporally with speech 
or is heard continuously in the background. Unfortunately, only isolated 
results on how the above factors affect the neural processes underlying the 
segregation of speech from distortion are available at present. This study 
aimed at a more comprehensive view of cortical processing of speech in 
adverse conditions by examining the effects of distortion type (external vs. 
internal) and continuity (transient vs. continuous) on cortical activity. 
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Broadband stochastic noise was used as the external distortion and digital 
compression as the internal distortion. In an MEG experiment, the subjects 
were presented with speech sounds degraded in the two domains (type and 
continuity) (see Fig. 5). Furthermore, a separate set of subjects took part in a 
behavioral experiment in which the intelligibility of the stimuli during each 
presentation condition was assessed. 

 

 
 

Figure 5. The experimental design of Study III. The vowel stimulus was degraded by distortions 
varied in the distortion type and continuity domains. Distortion type consisted of internal 
and external distortions, and distortion continuity refers to whether the distortion was 
presented transiently or continuously in the background. Each of the four distortion 
conditions were presented with a moderate and severe signal-to-noise ratio. 

 
The findings showed that internal and external distortions affect both the 

timing and magnitude of cortical activation as measured through the auditory 
N1m response, and that the effects are modulated by the continuity of the 
distortion (Fig. 6). More specifically, when the distortion was continuous, 
cortical processing of speech sounds was delayed, regardless of the type of 
distortion. In contrast, when the distortion was transient, only the magnitude 
of cortical activation was affected, given that an increase in internal distortion 
resulted in larger N1m responses. The behavioral experiment demonstrated 
that degradation of the acoustic structure of speech sounds is substantially 
more detrimental to their intelligibility than external noise. However, the 
intelligibility of the degraded sounds was markedly increased when the 
distortion was presented continuously. 

The results indicate that neural delays as reflected in the N1m latency are 
sensitive to the overall audibility of transient speech sounds, as the N1m 
responses were delayed by increasing the intensity of either type of continuous 
distortion. Moreover, as the magnitude of cortical activation was responsive to 
the type of the distortion, it appears that the latency and amplitude of the N1m 
seem to be affected independently in response to the features of acoustic 
distortion. Interestingly, both the amplitude of the N1m and the behaviorally 
measured intelligibility were affected only when transient internal distortion 
was used to degrade the stimuli, which might imply cortical sensitivity to the 
intelligibility of the sounds. Perceptually, the continuous versions of the 
distortions were considerably easier to segregate from the speech stimuli, 
demonstrating that synchronous sounds tend to be merged as a single auditory 
object. 
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Figure 6. Results of Study III. Left: Identification accuracy for the undistorted and the distorted 
vowel stimuli. Only severe, transient internal distortion reduced the intelligibility of speech 
sounds. Right: The modulation of the N1m response amplitudes and latencies elicited by 
vowel stimulus degraded by internal and external noise presented either transiently or 
continuously. A decrease in SNR yielded an enhancement of the N1m amplitude only with 
the stimuli degraded by transient internal distortion. The N1m latencies were increased for 
the stimuli presented during severe continuous distortion, regardless of distortion type. (Int: 
Internal distortion by digital compression; Ext: External distortion by additive noise). 

 

6.4 Transient and sustained cortical activity elicited by 
connected speech of varying intelligibility (Study IV) 

The aim of the study was to investigate how speech intelligibility is reflected in 
behavioural measures as well as in the concomitant activity of auditory cortical 
areas. The experiment utilized the phenomenon that the perception of 
distorted speech signals can change dramatically from unintelligible to 
intelligible if the listener has prior knowledge of the speech content. 
Accordingly, a set of Finnish sentences were presented in three consecutive 
sessions: First, the sentences were presented in an acoustically distorted form; 
second, they were presented in the undistorted form; third, the sentences were 
again presented in the distorted form. Thus, as the set of sentences in the first 
and third phase were acoustically identical but their intelligibility was 
increased, the experimental setup enabled the study of the effects of speech 
intelligibility on cortical activity without altering the acoustic properties of the 
stimuli in any way. 

The intervening presentation of the undistorted versions of the sentences 
rendered the initially unintelligible, distorted sentences intelligible, with an 
increase from 30% to 80% of sentences reported as intelligible. This increase 
in intelligibility was reflected in the transient and sustained activity of the 
auditory cortex and the surrounding cortical areas (Fig. 7), with acoustic 
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distortion resulting in larger transient activity in the N1m response time range, 
and stronger activity elicited by the intelligible stimuli than the unintelligible 
ones in the P2m response time range. During the sustained field time range 
(300-1000 ms), the distorted stimuli elicited stronger activity in the auditory 
cortex than the undistorted stimuli, regardless of their intelligibility. In 
contrast, cortical activity in areas posterior to auditory cortex was stronger 
only during intelligible speech, regardless of whether the stimuli were 
distorted or not. 

 

 
 

Figure 7. Results of Study IV. Top: The intelligibility of severely distorted sentences increased 
substantially after an intervening presentation of the undistorted versions of the sentences. 
Bottom: A summary of MNE results. During the N1m time range, activity within the central 
temporal areas was increased due to stimulus degradation. During the P2m time range, 
multiple areas surrounding the central temporal areas demonstrated an increase in activity 
for intelligible speech. In the early SF time window, the central temporal areas were 
sensitive to acoustic degradation while posterior temporal area was more active during 
intelligible speech. 
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The findings are consistent with the current view of speech perception as a 
complex hierarchical process, with primary auditory areas sensitive to the 
acoustic and phonetic properties of speech, and adjacent higher-order areas to 
intelligibility of speech (Davis and Johnsrude, 2003; Hickok and Poeppel, 
2007; Rauschecker and Scott, 2009). Importantly, the present results suggest 
that top-down feedback caused by rapid activation of memory representations 
of speech modulate the activity of the auditory cortex and the surrounding 
cortical areas. This alteration in cortical activity was associated with a 
substantial change in the perception of acoustically identical speech stimuli. 
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7. Discussion 

On the perceptual level, speech comprehension is an effortless process even in 
highly variable and acoustically adverse conditions. However, the neural 
processes that give rise to the perception of speech from a mixture of 
competing sounds are extremely complex. The boundary conditions of speech 
intelligibility have been delineated in numerous behavioral studies, but 
research on the underlying neural mechanisms is more limited. A majority of 
studies related to cortical processing of acoustically degraded speech have 
examined the effects of external distortions, such as noise, on cortical activity. 
There are, however, acoustic distortions that do not involve any external 
sounds. One particularly relevant example of this kind of distortion pertains to 
compressed digital representations of speech used in, for instance, 
telecommunication. Digital compression of speech always yields some amount 
of error in the signal, which has an effect on the quality and intelligibility of the 
sound. Although a number of psychophysical studies have explored how digital 
compression of speech sounds affects their intelligibility (e.g., Harris et al., 
1991; Loizou et al., 2000), there is an evident lack of data related to the 
underlying neural processes. 

The studies of this thesis investigated the cortical and behavioral processing 
of speech in acoustically adverse conditions. Studies I-III examined the effects 
of acoustic and temporal properties of distortion on the acoustic-phonetic 
processing of speech sounds in the auditory cortex. Study IV, in turn, explored 
the effects of top-down feedback based on previous experience on the 
intelligibility and cortical processing of continuous speech. In Study I, it was 
found that the auditory cortex is sensitive to digital compression of speech and 
non-speech sounds in that the transient auditory evoked fields were increased 
in amplitude as the compression rate was increased. Study II compared the 
cortical activity elicited by digitally compressed speech sounds to activity 
related to speech sounds degraded by additive noise. The results showed that 
while the digital compression resulted in increased cortical responses to 
speech sounds, an increase in additive noise had no effect on the responses. In 
Study III, the results of Studies I and II were extended to encompass the 
temporal coincidence of the distortions in relation to the speech stimuli. The 
findings indicated that when the distortion was continuous, the cortical 
processing of speech sounds was delayed, regardless of the type of distortion. 
Finally, the sensitivity of auditory cortical areas to acoustic degradation and 
speech intelligibility was investigated in Study IV using connected speech 
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stimuli. The findings suggested that several cortical areas are differentially 
sensitive to acoustic distortion and speech intelligibility, and that the response 
patterns of these areas diverge at different time points during the perception of 
connected speech. 

 

7.1 Acoustic-phonological processing of degraded speech 
sounds in the auditory cortex 

The decoding of acoustic speech signals into pre-lexical neural representations 
is thought to take place in the auditory cortex and adjacent areas (Obleser and 
Eisner, 2009). There is ample evidence showing that the auditory evoked 
responses such as the N1/N1m are sensitive to acoustic features of speech 
sounds (see chapter 5.1.2), suggesting that these responses may reflect the 
acoustic-phonetic processing of speech sounds (Friederici, 2011; Salmelin, 
2007). However, using speech sounds combined with external and internal 
noise might shed light on how the auditory system operates when speech is 
heard in adverse listening conditions, which may, in the long run, lead to 
useful applications in telecommunication and clinical settings. 

 

7.1.1 Cortical processing of digitally compressed speech and non-speech 
sounds 

The results of Study I showed that digital compression of speech and non-
speech sounds caused an increase in the amplitudes of the auditory P1m, N1m 
and P2m responses with no systematic changes in the response latencies. The 
finding that the AEFs are modified by distortion of both speech and non-
speech sounds is somewhat expected, assuming that these early cortical 
processing stages are related to the decoding of acoustic features into more 
abstract auditory objects (e.g., Friederici, 2011). It should also be noted that 
any form of strictly speech-specific activity has been very difficult to isolate 
using any non-invasive measurements, partly because these signals reflect the 
activation of multiple simultaneous neural populations responsive to different 
auditory features (cf., Price et al., 2005). Then again, this does not rule out 
that speech-specific effects could be observed at later stages of cortical 
processing, or that they exist at all. It merely suggests that all possible effects 
related exclusively to speech sounds in Study I were probably inundated by the 
AEF modulation brought about by the acoustic changes in the stimuli. 
Nevertheless, it was crucial to use both realistic speech sounds and spectrally 
simpler non-speech sounds to investigate the effects of digital compression of 
sound on cortical activity because they have been shown to produce different 
patterns of cortical activity already in the auditory cortex (Belin et al., 2000; 
Whalen et al., 2006). 

The findings of Study I are markedly different from those obtained using 
continuous external noise, which have reported attenuated and delayed 
AEP/AEF responses to the masked stimuli (Billings et al., 2010; Dimitrijevic et 
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al., 2013; Martin et al., 1997; Martin and Stapells, 2005; Whiting et al., 1998). 
In addition, transient noise bursts, which can be seen as being analogous to 
synchronous noise masking of speech sounds with extremely poor SNR, elicit 
weaker N1m responses than vowels or complex tonal stimuli (Palomäki et al., 
2002). In contrast, the results of Study I are in line with the findings of 
Liikkanen et al. (2007), who observed a similar increase in N1m amplitude in 
the right hemisphere using digitally compressed speech stimuli. However, the 
cause of the N1m amplitude increase remained unclear on the basis of their 
data. Overall, these findings suggest that external noise is processed differently 
than internal distortion in the auditory cortex, given that these distortions 
yield diverging effects on the auditory evoked responses. 

Perceptually, only the most severe form of distortion reduced the 
intelligibility of the sounds in Study I, which is consistent with the results 
obtained by Loizou et al. (2000), who reported that an amplitude resolution of 
at least two bits is needed for successful identification of vowels. Moreover, 
even the most distorted speech stimuli were not confused with their 
acoustically matched non-speech counterparts, despite being unidentifiable as 
a specific phoneme. Thus, speech perception is highly resilient also to 
degradation of the internal structure of speech signal in addition to tolerance 
to external distortions. 

In the present experiments, all factors influencing the AEFs apart from the 
acoustic properties of the distortion were controlled for, such as inter-stimulus 
interval, stimulus intensity and onset acoustics (see chapter 5.1.2). 
Consequently, it is reasonable to assume that any AEF effects can be attributed 
to the acoustic differences between the distortion conditions instead of the 
stimulation parameters. The most conspicuous acoustic change brought about 
by the digital compression is an increase in harmonic frequencies over the 
whole spectral bandwidth (see chapter 5.2.2), which might be the key acoustic 
feature driving the AEF amplification in Study I. This view is supported by 
studies demonstrating larger AEF responses to periodic speech sounds, 
containing a harmonic spectral structure, than aperiodic ones (Alku et al., 
2001; Hertrich et al., 2000; Tiitinen et al., 2005; Yrttiaho et al., 2008), and 
findings showing that widening the spectral bandwidth of a harmonic complex 
tone results in an increase in the N1m response amplitude (Seither-Preisler et 
al., 2003). Furthermore, it has also been found that sine-wave and triangle 
wave stimuli elicit weaker N1m responses than square wave stimuli (Mäkelä et 
al., 1988). This is likely due to square waves having stronger high-frequency 
harmonics than triangle waves. Taken together, there is considerable evidence 
implying that the transient auditory responses are responsive to the harmonic 
frequencies - and periodicity - of speech sounds. 

 

7.1.2 Cortical processing of speech sounds degraded by digital 
compression and stochastic noise 

The findings of Studies II and III indicate that reducing the SNR does not 
affect the perception of acoustically distorted speech and the associated neural 
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activity in a straightforward way, given that they are also influenced by the 
acoustic features of distortion. Study II showed that the auditory N1m 
response was increased in amplitude when speech sounds were digitally 
compressed, while adding stochastic noise to the speech stimuli did not affect 
the N1m. Importantly, it was also demonstrated that these N1m effects were 
not dependent on the overall shape of the spectral envelope of the stimuli, 
which lends further support to the explanation of the N1m amplification being 
caused by an increase in spectral harmonics (see chapter 7.1.1). The 
reconstruction of the original spectral envelope of the sounds by low-pass 
filtering was important, considering that both the digital compression and 
additive noise flatten the spectral envelope of the sounds. Consequently, it 
could have been argued that the relative intensification of the high frequencies 
in the signal spectrum could have caused the AEF amplitude increase. This 
was not the case, however, as the N1m amplitude modulations in Study II were 
not dependent on the shape of the spectral envelope. 

When the distortions were presented continuously in the background, the 
N1m response was affected in the same way for both distortion types. In 
particular, the N1m latency was substantially delayed when the intensity of 
continuous distortion was increased (Study III). However, given that the N1m 
amplitude was not significantly modulated by the continuous distortions, it 
appears that the early neural delays reflected in the N1m latency seem to be 
more sensitive to increases in the intensity of continuous distortion than the 
magnitude of cortical activity. Comparable increases in AEP/AEF response 
latencies have been reported in earlier studies employing continuous 
distortions to degrade speech and non-speech sounds (Billings et al., 2010; 
Dimitrijevic et al., 2013; Martin et al., 1997; Martin and Stapells, 2005; 
Whiting et al., 1998). Then again, it should be noted that the SNRs in Study III 
were not low enough to confirm that the N1m amplitude would diminish with 
the increase in continuous background noise, as observed in earlier studies 
(see above). This was due to the SNR levels being determined by the digitally 
compressed stimuli, which did not yield lower SNRs than those set by the 1-bit 
amplitude resolution. If the intensities of the continuous distortions had been 
increased further, the N1m amplitudes would most likely have been 
diminished. In general, the effects of continuous distortion on the AEFs seem 
to be dependent mostly on the overall audibility of the transient sounds. 
Consequently, the frequency content of the distortion determines the 
perceptual quality of the target sounds to a great extent. For instance, an 
increase in the spectral bandwidth of the distortion reduces the audibility of 
the transient sounds, accompanied by delayed and attenuated cortical 
responses (Martin et al., 1997; Martin and Stapells, 2005).  

At the perceptual level, it was found that digital compression is a more 
effective masker of speech than additive stochastic noise at the same SNR. 
However, in Study II it was also discovered that low-pass filtering the 
degraded signals increased the intelligibility of the speech sounds, suggesting 
that the spectral envelope of speech is an important acoustic cue for phonetic 
identity (cf., Pickett, 1999). Furthermore, when the internal distortion (1-bit) 
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was presented continuously, the intelligibility of the speech sounds was 
enhanced substantially in comparison to the situation when the distortion was 
presented synchronously (Study III). This enhancement in comprehension 
may have been caused by a more efficient segregation of the signals due to the 
temporal asynchrony of the speech sounds and the distortion (cf., Bregman, 
1990). Finally, the behavioral results of Studies I-III provide strong evidence 
for the importance of the first few formants for vowel intelligibility (Pickett, 
1999), given that the intelligibility of the stimuli remained above the chance 
level despite that most of the higher formant frequencies were completely 
overwhelmed by the acoustic distortions. 

 

7.1.3 Overview of the cortical processing of acoustic-phonetic features of 
speech sounds 

Studies I-III showed consistently that activity of the auditory cortex in 
response to distorted speech sounds is highly dependent on the acoustic 
features of the distortion. More specifically, it appears that when speech 
sounds are degraded by digital compression, the AEF amplitudes increase, 
while using external stochastic noise to distort the stimuli, the AEFs are not 
affected. Then again, when the same distortions are presented continuously in 
the background, cortical responses to speech sounds are delayed with 
reduction of SNR. 

Recent studies have provided evidence suggesting that the effects of 
continuous noise on AEFs in Study III could stem from the response 
properties of neurons in the auditory cortex. For instance, a number of 
findings imply that auditory cortical areas may respond to speech sounds 
without significant impact from variation in background noise level (Ding and 
Simon, 2013). These "noise-invariant" neurons in the AC might reflect the 
adaptive mechanisms of auditory areas for the statistical properties of sounds 
(Rabinowitz et al., 2013). Thus, it is possible that the lack of N1m amplitude 
reduction for speech sounds embedded in continuous distortion in Study III 
could be indicative of such cortical noise-invariance. In contrast, the observed 
neural delays may originate from earlier stages of the auditory processing 
stream, as there are studies suggesting that continuous background noise 
yields delays to neural responses already in the brainstem (Anderson et al., 
2010; Burkard and Sims, 2002). 

It may be viable to consider the results of Studies I-III in the context of 
auditory scene analysis (ASA) (Bregman, 1990), which refers to the inherent 
mechanisms of the auditory system used in forming separate auditory objects 
from a mixture of sounds. In the present studies, when the internal structure 
of the sound was distorted, segregation of the distortion from the speech signal 
was very difficult, whereas in the case of external distortion, the bottom-up 
mechanisms of ASA could have been utilized in segregating the signals. 
Moreover, when the distortion was presented continuously in the background, 
the temporal asynchrony of the distortion and the target speech signal most 
likely aided in the formation of separate sound streams for the distortion and 
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the speech stimuli. These perceptual differences were reflected to some extent 
in cortical responses as well, considering that the amplitude of the N1m 
response was larger for the digitally compressed stimuli, which were also the 
most difficult to identify. In line with this view, there is evidence showing that 
the segregation mechanisms operate at very short timescales (Bregman, 1990), 
and that the auditory objects could be resolved already in auditory cortex 
(Ding and Simon, 2013; Shamma et al., 2011). 

In Studies I and II, the N1m responses were slightly stronger in the right 
hemisphere than in the left. One plausible explanation for this apparent 
lateralization effect might arise from anatomical differences between the 
hemispheres, which lead to more prominent and more anterior N1/N1m 
responses in the right hemisphere than the left (Shaw et al., 2013). 
Consequently, considering that a similar, yet statistically non-significant 
amplitude trend was seen in the left hemisphere as well (Studies I-II), the 
transient AEF responses may in fact be bilaterally sensitive to digital 
compression of speech sounds. 

It could be argued that the lack of aperiodic stimuli such as fricatives 
restricts the generalization of the results to all speech sounds. However, the 
findings of Study IV indicate that the AEF amplitude increase due to digital 
compression is observed also with connected speech, and at longer timescales 
than the duration of short speech sounds, including the sustained field 
response. Furthermore, it should be noted that a clear majority of speech 
sounds are voiced in most languages (78% in English: Flanagan, 1965), 
including a number of consonants. Thus, it seems likely that the activity of 
auditory cortex is consistently elevated during the listening to digitally 
compressed speech, both in the case of isolated speech sounds and connected 
speech. 

 

7.2 Cortical dynamics of the processing of intelligible speech 

In Study IV, the intelligibility of severely distorted sentences was increased 
substantially by an intervening presentation of the same sentences in 
undistorted form. This finding highlights how prior knowledge about the 
forthcoming sentences can drastically change the perception of acoustically 
identical stimuli. Therefore, it appears that by utilizing top-down memory 
processes, the auditory system is able to significantly reduce the disruptive 
effects of digital compression despite the fact that the quantization process is 
nonlinear, and thus it is computationally impossible to reconstruct the original 
signal based on only the acoustic features of the distorted signal. Comparable 
changes in speech intelligibility due to learning have been reported earlier 
(Davis et al., 2005; Giraud et al., 2004), although in these studies the 
perceptual changes were achieved by extended training sessions instead of the 
single intervening presentation of the undistorted stimuli in Study IV. 

Digital compression degrades the temporal envelope of speech, which has 
been shown to be a highly important feature for speech comprehension 
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(Ahissar et al., 2001; Drullman, 1995). This might explain why compression 
decreases speech intelligibility at a substantially lower SNR than additive 
random noise, as stochastic noise does not distort the overall temporal 
envelope of speech to the same extent than digital compression. In the extreme 
1-bit mode of compression, variation in the temporal envelope is restricted to 
just two levels of amplitude. Consequently, even the pauses between words 
have either of the possible two values, leading to an extreme reduction in the 
dynamic range of the signal. However, the results of Study IV demonstrate that 
when top-down information about the identity of the sentences is available, 
the detrimental effects of severely degraded temporal envelope on speech 
intelligibility can be alleviated significantly. 

The effects of digital compression of connected speech on the transient 
cortical responses in Study IV were highly similar to those observed in Studies 
I-III, in which isolated speech sounds were used. Thus, it can be assumed that 
the changes in the acoustic structure of the stimuli were modulating the 
transient activity of the auditory cortex also in Study IV. In addition, the 
results of Study IV indicated that the activity of the auditory cortex remained 
elevated for the distorted stimuli also during the sustained field time range. 
Therefore, the increase in auditory cortical activity was not confined to the 
AEFs elicited by transient speech sounds, but also during connected speech 
stimuli. Furthermore, Study IV revealed that the AEF amplitude increase 
observed in Studies I-III was found also under directed attention to the 
sounds. Taken together, the finding that the auditory cortex is sensitive to 
acoustic distortion of speech is in agreement with earlier hemodynamic 
findings demonstrating that the main auditory areas in the superior temporal 
cortex are responsive to acoustic features of speech stimuli (Davis et al., 2003; 
Giraud et al., 2004; Narain et al., 2003; Okada et al., 2010). 

The results of Study IV indicated that the activity of several cortical regions 
surrounding the auditory cortex reflected the intelligibility of speech, as the 
intelligible stimuli resulted in stronger activation than the unintelligible 
stimuli. Importantly, these differences in cortical activation were found using 
identical auditory stimuli, which rules out the possibility that the observed 
intelligibility effects could be due to the acoustic differences between the 
stimuli. This is a crucial factor, which has not been completely controlled for in 
a substantial part of studies aiming to reveal the cortical correlates of speech 
intelligibility (see chapter 3.2). Further, it was also found that the areas whose 
activity reflected the intelligibility of speech were insensitive to the changes in 
the acoustic structure of the stimuli, which agrees well with previous 
hemodynamic results (e.g., Hickok and Poeppel, 2007; Okada et al., 2010). 
The findings of Study IV extend the fMRI data by providing a more accurate 
measure of the temporal evolution of cortical speech processing during 
listening to perceptually ambiguous speech. Importantly, it was found that the 
changes in the intelligibility of the distorted sentences were reflected in 
cortical activity already at the P2m time range (at around 200 ms), i.e., in 
activity associated with sublexical processing of speech. 
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There are a number of studies showing that top-down feedback driven by 
prior knowledge may in fact modulate the activity of the auditory cortex in 
addition to the adjacent cortical areas. For instance, in a study using both 
MEG and EEG, Sohoglu et al. (2012) observed a decrease in cortical activity 
from 270 ms onwards in the superior temporal gyrus (STG) for words 
presented after a matching cue word. In contrast, an increase in BOLD signal 
in primary auditory cortex was found for distorted speech presented after a 
matching text (Wild et al., 2012a). Although the findings seem to diverge in 
terms of the effects of top-down feedback on the magnitude of AC activation, 
they suggest that AC may reflect the intelligibility changes due to prior 
information. This, in turn, is in agreement with the results of Study IV, which 
indicate that also the activity of auditory cortex could reflect speech 
intelligibility from 200 ms onwards after stimulus onset. 

 

7.3 Converging evidence for a hierarchical model of speech 
comprehension 

A fundamental feature of auditory cortex is that it encodes all properties of 
speech sounds, including fundamental and formant frequencies (Mäkelä et al., 
2004, 2005), periodicity (Yrttiaho et al., 2008, 2009) and source location 
(Salminen et al., 2009). Given its temporal and spatial resolution, MEG offers 
an excellent way of investigating how adverse conditions and sound distortions 
are reflected in brain activity; the modifications in cortical activation can thus 
be revealed by parametrically varying, one by one, the different properties of 
sound. The results of this thesis indicate that the auditory cortex is sensitive to 
distortion of speech sounds, and this sensitivity is dependent on whether 
speech sounds are distorted by external sounds or by degradation of the 
structure of speech itself. 

The present findings are consistent with the widely held view stating that 
speech perception is instantiated in the cortex by hierarchical processes within 
several cortical areas in addition to the auditory cortices (Davis and 
Johnsrude, 2003; Hickok and Poeppel, 2007; Rauschecker and Scott, 2009). 
Although the lack of structural MR images did not allow for a highly precise 
localization of cortical distribution of activity, the results of this thesis provide 
electrophysiological evidence supporting the hierarchical model of speech 
perception. In particular, the findings of Study IV suggest that specific cortical 
areas are sensitive to acoustic degradation, or their activity may reflect the 
intelligibility of speech, and further demonstrate how these patterns evolve in 
time within the first few seconds after speech onset. 

The experimental evidence underlying the hierarchical model of speech 
perception is drawn mostly from hemodynamic data. However, given that the 
temporal resolution of hemodynamic imaging methods is rather poor, the 
temporal progression of activation during speech perception has been difficult 
to resolve in detail. In contrast, the present MEG findings tentatively suggest 
that the activation patterns reflecting the intelligibility of speech may be 
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detected already at temporal windows associated with sublexical processing of 
speech. Moreover, the results of Study IV demonstrate that top-down feedback 
due to rapid activation of memory representations of previously heard speech 
modulate activity in several areas at the vicinity of the auditory cortex. These 
data support the account of speech perception proposed by the hierarchical 
model of speech perception (Hickok and Poeppel, 2007), in which feedback 
connections from higher-order cortical areas are essential to perception of 
speech, especially in adverse listening conditions. 
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8. Conclusions 

This thesis investigated the perception and neural processing of acoustically 
degraded speech. By utilizing the high temporal accuracy of the MEG, it was 
possible to study cortical activity associated with acoustic-phonetic processing 
(Studies I-III), and activity related to subsequent stages of speech perception 
(Study IV). The first three studies demonstrated that degradation of speech 
sounds by digital compression enhanced the activity of the auditory cortex, 
while the addition of stochastic noise did not modulate the cortical responses. 
Further, it was shown that when speech sounds were degraded by a distortion 
presented continuously in the background, the transient activity of auditory 
cortex was delayed. Perceptually, it was found that digital compression of the 
speech signal reduces the intelligibility of speech more than additive noise 
with equal signal-to-noise ratio. Moreover, the results of Study IV showed that 
although the temporal envelope of speech is highly important for speech 
comprehension, successful utilization of prior knowledge can facilitate speech 
intelligibility dramatically even in situations where the speech envelope is 
severely degraded. The perceptual change brought about by previous 
knowledge was accompanied by an enhancement of cortical activity in the 
200-1000 ms time range from sound onset within a number of regions 
adjacent to auditory cortex. Taken together, the results of this thesis show that 
during listening to distorted speech, the activity of the auditory cortex is 
sensitive to the acoustic features of the distortion, while at later processing 
stages, a number of cortical areas are responsive to the intelligibility of speech. 
These findings support the view that speech perception is founded on 
hierarchical processes with strong feedback connections within a distributed 
cortical network comprising several cortical regions. 
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