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Lesson of the 12/10/2012  – 14:30-15:40

Lesson 3:
The human auditory system
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The human auditory system is our ear organ and how it process sound and how our brain processes sound.
Generally speaking the human auditory system is divided in three parts: the outer ear, the middle ear and the inner ear.
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Fig.1 – The human ear.

The outer ear comprises the pinna and the external auditory duct which is closed at the end by the tympanic membrane.
The most visible part of human earing system is the external pinna, it’s just an external part of the whole system. Sound waves are reflected and amplified when they hit the pinna, and these changes provide additional information that will help the brain determine the direction from which the sounds came.
The eardrum or tympanic membrane is air tight and impermeable and it divides the external ear from the middle ear.

Behind this membrane there is a cavity inside the skull bone filled by air, at the same pressure of the fluid outside, called tympanic cavity.
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Fig.2 – The middle ear.

If, for any reason, there’s a difference between the inside pressure and the outside pressure the tympanic membrane becomes loaded by a force. This “preload” affects the way of earing sounds, loosing sensitivity at low and high frequencies, feeling the ear closed. 
Compensating the mismatch of pressure is possible thanks to the opening of the Eustachian tube that is a very thin pipe where the air passes with difficulty and it’s linked with the nose cavity. The opening of this tube can be done with some artificial actions like the Valsalva manoeuvre which consists in pinching the nose, closing the mouth and trying to breathe out through the nose. That will force the opening of the Eustachian tube. This is very effective under water where the high pressure of the water create a significant difference of pressure between the tympanic cavity and outside: this can break the membrane permitting the water to flow inside with very dangerous consequences. The Valsalva manoeuvre is only one of various manoeuvres to equalize the pressure that are called more generally “ear clearing” or “compensation” techniques. 
The external sound which is a pressure fluctuation vibrate the air inside the external auditory meatus and this pressure arrive to the tympanic membrane so also the membrane starts to move according to the pressure applied to it. What happens is that this movement of the membrane is applied to a bone chain, the ossicles, composed by the malleus, the incus and the stapes.
As sound waves vibrate the tympanic membrane, it in turn moves the nearest ossicle, the malleus, to which it is attached. The malleus(hammer) then transmits the vibrations, via the incus(anvil), to the stapes(stirrup), which has the function of a leverage, and so ultimately to the membrane of the oval window, the opening of the inner ear.
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Fig.3 – The Stapedius muscle.

Inserted in the neck of the stapes there’s the smallest skeletal muscle in the human body: the stapedius muscle. It dampens the ability of the stapes vibration and protects the inner ear from high noise levels, primarily the volume of your own voice. If a loud sound arrives to the ear, the stapedius becomes contracted lowering the pressure applied by the stapes to the eardrum. The stapedius muscle, that is an involuntary muscle, relaxes only after a certain time, depending also on how long the loud sound lasts.
The inner ear is liquid filled with an incompressible liquid and it consists of the cochlea and several non-auditory structures like the vestibular system.
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Fig.4 – The inner ear.

The vestibular system is the sensory system that provides the leading contribution about movement and sense of balance, giving information about the gravity field and the position of the body’s barycentre.
The vestibular system contains three semicircular canals. They are our main tools to detect rotational movements. The equilibrium system and the auditory one are strongly connected; if one of them is damaged also the other one will be affected because they refer to the same nerve channel.
The cochlea (the name refers to its coiled shape) is a spiralled, hollow, conical chamber of bone, in which waves propagate from the base (near the middle ear and the oval window) to the apex (the top or centre of the spiral).
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Fig.5 – The Cochlea.
A cross-section of the cochlea shows the basilar membrane dividing it in two ducts. The membrane has the capability of resonating at different frequencies, high at the begininning, and progressively lower towards the end of the ducts. 
The initial part of the membrane is very thin and with a lot of tension causing it to resonate at very high frequency, going along to the basal membrane it becomes stiffer and the tension lowers, permitting it to resonate at lower frequencies, covering the entire spectrum.
This is our spectrum analyzer, it’s how we perceives different pitch.
Along the entire length of the cochlear coil are arranged the hair cells. Thousands of hair cells sense the motion via their cilia, and convert that motion to electrical signals that are communicated via neurotransmitters to many thousands of nerve cells. These primary auditory neurons transform the signals into electrochemical impulses, which travel along the auditory nerve to the brain.
The high frequency sound arrives faster at the brain then the lower one due to two facts:

· One is related to the nervous system and how our brain process sounds.
· The other is related to a physiological effect due to the conformation of the auditory system. Whereas the sound first hit the beginning part of the basilar membrane, the first signal sent to the brain is the one referring the high frequencies and then, a few milliseconds later, the low ones.
Also for these two reasons the sensitivity of the human ear is strongly non-linear; in fact it is lower at medium-low frequencies and at very high frequencies. That’s why the human ear perceives with different loudness, sounds of same SPL at different frequencies.
To see which SPL is required for creating the same loudness perception, in phon at different frequencies, the equal-loudness contours are used. 

Phon: A tone is x phons if it sounds as loud as a 1000 Hertz sine wave of x

decibels (dB).
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Fig.6 – The Fletcher and Munson iso-phon curves.

In these curves the reference sound pressure for the human auditory threshold is defined, that is 20 μPa at 1 kHz and the normal hearing sensitivity threshold that is 0 dB at 1 kHz.
The maximum sensitivity is around 4 kHz where the threshold is approximately at a SPL= -5 dB, this means that we can hear sounds also under 0 dB. This strong dependence of the SPL with frequency becomes less relevant with the rising of the loudness level. 

Equal-loudness contours were first measured by Fletcher and Munson in 1933 at MIT University in Boston on 20-years-old students. Those curves are no more fitting the actual human sensitivity, mostly because of the changes of the society's habits (phones, earphones, mp3 players, etc.).
This has resulted in the recent acceptance of a new set of curves standardized as ISO 226:2003. 

In the new standard, the iso-phon curves are significantly more curved.

With these new curves, a sound of 40 dB at 1000 Hz corrisponds to a sound of 64 dB at 100 Hz (it was just 50 dB before).
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Fig.7 – The ISO 226:2003 iso-phon curves (in red) compared with the “old” iso-phon curve of 40 phons (in blues).
For making a rough approximation of human variable sensitivity with frequency, a number of simple passive filtering networks were defined, named with letters A through E, initially intended to be used for increasing SPL values. 
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Fig.8 – The weighting curves.

For example the A-weighting filter is most commonly used. It emphasizes frequencies around 3–6 kHz where the human ear is most sensitive, while attenuating very high and very low frequencies to which the ear is insensitive. The aim is to ensure that measured A-weighted SPL values, in dB(A), corresponds well with subjectively perceived loudness. Initially the concept was to employ the proper curve depending to the amplitude of sound:
· A-Curve ( 0 to 40 dB
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Fig.9 – The A-weighting curve.

· B-Curve ( 40 to 60 dB

· C-Curve ( 60 to 80 dB
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Fig.10 – The C-weighting curve.

· D-Curve ( 80 to 100 dB

· E-Curve ( 100 to 120 dB

In practice only the A-weighting curve is employed  nowadays: it was defined for very low levels but with the new ISO 226:2003 it became more or less reliable even for medium and large sound pressure level.
A-weighted dB values roughly represent sound levels which are perceived by the human ear in the same way, independently to the frequency. 

Only for measuring sound pressure levels above 100 dB and peak sound pressure level the C-weighted curve is still used. The Italian law fixes at 87 dB(A) the maximum SPL permitted for an 8h workday at the workplace and at 130 dB(C) the maximum peak value. RMS values are A-weighted, Peak values are C-Weighted.
To calculate the A-weighting factor at a given frequency we can use either the formula or the easy-to-use table :
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Fig.11 – The A-weighting factors table.

Time masking is an effect in which a loud sound temporally masks weaker sounds.
The most relevant cause is the contraction of the stapedius muscle (see above). Another cause it’s that wherever the loud tone is vibrating the cochlear membrane, another tiny sound which tries to vibrate it at the same place will not be noticeable. So after a loud sound, for a while, the hearing system remains “deaf “to weaker sounds, as shown by the Zwicker chart. 
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Fig.12 – Temporal masking after Zwicker 
Masking will not only obscures a sound immediately following the masker (called post-masking) but also obscures a sound immediately preceding the masker (called pre-masking). Temporal masking's effectiveness attenuates exponentially from the onset and offset of the masker, with the onset attenuation lasting approximately 20 ms and the offset attenuation lasting approximately 100 ms. The pre-masking is possible because the neural system takes by 20 to 50 ms to process sound, so when you hear a sound it was already played a few milliseconds earlier. In this lapse of time the information about sound is travelling from the ear to the brain along a nerve which is an electrochemical transmitter. On an electrochemical neural circuit, stimuli run faster if they are louder, so the loud sound information travel faster then the weaker ones happened earlier, overrunning it and masking it.
Masking sound is important when we compress audio files because there’s no need to fill the file with all the information about sounds that are masked. There are algorithms that detect the loud sounds and erase all the information about masked ones permitting to obtain a smaller file with less information, this kind of compression is called “lossy compression”.

Another kind of masking is the frequency masking.
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Fig.12 – The frequency masking.

A loud pure tone at a certain frequency masks tones of very nearby frequencies. So there is an interval of frequencies masked by a bell shaped curve called the masking curve. Consequence of this is that tones which fall below the masking curve are inaudible. Furthermore masking is stronger on the high frequency side of the loud tone than on the low frequency side. That’s why a deep, loud tone covers up high pitched, soft tones, but a high pitched, loud tone does not cover up deep, soft tones very much.
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