
Preface: 
 

Specific speech processing software, called ‘noise-vocoder’ has been 
developed by Gaëtan Gilbert at the IHR Scottish section. The aim of the present 
report is to deliver a detailed but comprehensive summary of the processing. 
Hopefully, this document contains an exhaustive description of the MATLAB® 
programs so that it can be used as a reference manual (user’s guide not done yet) 
 
 
I - Introduction 
 

Speech can be characterized on the basis of three temporal cues (Rosen, 1992). 
Fine structure cues are rapid fluctuations in amplitude (> 600 Hz) that provide 
information about place of articulation. Periodicity cues are either periodic (50-500 
Hz) or aperiodic (2-10 kHz) fluctuations that provide information about voicing, 
manner, stress and intonation. Level fluctuation (i.e., temporal envelope) cues refer to 
the slow fluctuations (<50 Hz) that provide information about sound manner and 
voicing. Of these, temporal envelope cues are most important to speech recognition, 
with smaller contribution from periodicity and fine structure (Smith et al. 2002).  
The strategy, used in most of the cochlear implants, consists of extracting the 
temporal envelope of sounds at different frequency locations, then imposing these 
temporal envelopes to carrier signals. This is what a ‘vocoder’ does (Dudley, 1939). 
‘Vocoders’ have been used in simulations of cochlear implants for normal hearing 
listeners in a number of studies (Dorman et al. 1997, Shannon et al., 1995). Moreover, 
‘vocoders’ can be used as a simple means to disentangle the temporal envelope from 
periodicity and fine structure information in speech.  
The ‘vocoder’ we developed here at the IHR Scottish section is a ‘noise-vocoder’ 
because the carriers which the temporal envelopes are imposed on are white-noises.  
 
 
II - Processing, Theoretical Background 
  

A general description of the processing is given as an example for a three band 
‘noise vocoder’ in Figure 1. The processing can be split into three steps: 1- Filtering, 
2- Envelope extraction and 3- Recombination. Each of these steps will be described 
below: 
 First, however, we want to stress that the filtering processes used in Step 1 and 
2 will determine the temporal and spectral fidelity to the original sound 
(time/frequency trade-off of the filters). ‘Noise-vocoders’ are using some filtering and 
thus can differ in these two respects. All the filtering specifications have been chosen 
so as to yield the best trade-off possible in an off-line implementation. 
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II.1. – Filtering 
 
II. 1. 1. – Why a filter-bank?. 
 
 

As shown in Figure 1, the sentences are passed through a bank of filters. The 
filtering stage is necessary to ensure a minimum of spectral details. Without this 
minimal spectral detail (e.g., a single band ‘vocoder’) the information transmitted by 
the place of articulation is nullified (Shannon et al. 1995).  

Shannon et al.’s 1995 found a minimum of three to four spectral bands are 
necessary to ensure near-perfect recognition of consonants, vowels and sentences. In 
Dorman et al.’s 1997 study, the number of bands to ensure near-perfect recognition is 
dependent upon the difficulty of the speech material and varies between five and 
eight.  
 
 Figure 2 shows how the gross spectral detail can be preserved by increasing 
the number of processing bands in the analysis filter-bank.  
 
 
 
 
 
 
 
 
 

 Figure 1: Block Diagram of a 3 band ‘noise vocoder’ 
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II. 1. 2. Which frequency cutting? 
 

Providing it takes into account the fact that a healthy cochlea provides (on a 
linear scale) a better resolution at low frequencies (LF) than at High Frequencies 
(HF), the choice of the frequency mapping is not critical for the present application. 
Though, as a choice is required, we used a Greenwood mapping (1990) as in Faulkner 
et al. study (2000).  

The purpose of the Greenwood frequency position function is to map a 
position on the Basilar Membrane to a corresponding frequency. Physiological 
measurements of the Critical Bandwidths (CB) served as a basis of Greenwood’s 
experiment.  
The development of the Greenwood’s function assumed that CBs follow an 
exponential function: CB = 10(ax + b), of distance x on the basilar membrane. 

The resulting function is as follows: 

Figure 2: Conservation of the spectral detail with the 
number of frequency bands used in a ‘noise-vocoder’. 
 



F = A(10ax - k);  (1) 
Here F is the frequency in Hz and x the position in mm. The fitting parameters 

of the function for humans are as follows: A = 165.4; a = 0.06 and k = 0.88 (so as to 
yield a lower frequency limit of 20Hz).  This relation is represented by the red curve 
in the on Figure 4. 

The frequency cutting used here is arbitrary: for present purposes we could 
have used some other experimental measurements equally well. There are two 
psychoacoustical methods for the measurement of CBs. 

A first approach consists in using a band widening experiment.  The idea is to 
measure the pure-tone hearing-threshold with the bandwidth of a noise. The 
thresholds increase with the bandwidth of the noise until a specific bandwidth for 
which no perceptual masking occurs anymore. Zwicker measured CBs with this 
method and name them Barks. He proposed in 1980, an analytical expression for 
these latest. The blue curve in Figure 4 shows the relation obtained between the center 
frequency and the width of the CBs. 

Glasberg and Moore (1990) used a notched noise to measure the CBs of 
auditory filters. The experiment consists in measuring pure tone hearing thresholds in 
a notched noise centred on the frequency of the pure tone. The wider the notch the 
lower the threshold is; until the threshold equals the threshold in quiet. Glasberg and 
Moore (1990) measured CBs with this method, which were transformed into 
Equivalent Rectangular Bandwidth (ERBs). The relation between the center 
frequencies and the ERBs is represented by the black curve in Figure 4. We can see 
that the Greenwood frequency cutting is similar to the ERB (black) frequency cutting. 
This is not surprising knowing that the ERB equation is a modification of the one 
originally suggested by Greenwood (1961).  

 

 
Figure 3: Cochlear filter Bandwidth in function of its center frequency 
Red curve, Greenwood frequency mapping (1990) 
Black curve, ERB frequency scale Glasberg and Moore (1990) 
Blue curve, Barks frequency scale Zwicker (1980) 



 
 

 
II. 1. 3. Which filters? 
  

A question to ask before filtering is which kind of filter design to use. There 
are two options: FIR [z-transform is the impulse response B(z)] and IIR [z transform 
is the quotient of two polynomial B(z)/A(z)] filter designs. The pros and cons of each 
are discussed below: 
 
 II. 1. 3. 1 - Finite Impulse Response (FIR): Pros and Cons 
 

Linear-phase FIR filters are inherently stable [A(z)=1)] and characterized by a 
frequency independent group delay [group delay in samples is the filter order divided 
by two]. This last property make them often used in the processing of speech because 
an across-frequency time delay greater than 25-30 ms affects speech recognition 
performances (Stone and Moore, 2003). 

If used in a filter-bank, FIR filters of the same order (but only in this case) can 
yield perfect spectral reconstruction providing the filters crossover frequencies are 
defined at the -6 dB point and collinear (correlation equals 1) carrier signals are used 
for all frequency bands. This is so because signals are in phase.  

Moreover, providing the order is high enough, the filters slopes are steep with 
a reduced ripple in the pass-band.  

But, on another hand, because the order of FIR filers are generally greater 
(100 times) than for IIR filters, the use of FIR filters is computationally more 
demanding.  

The filter slopes of contiguous FIR filters are the same (or roughly the same) 
when plotted on a linear frequency axis for a given order. As discussed previously 
(section II.1.2.) a linear frequency scale is not representative of the frequency 
resolution of the cochlea. As a first approximation a logarithmic frequency is 
preferred. The modification of the slopes of contiguous FIR filters in a filter-bank to 
render them similar on a logarithmic scale would inevitably require the change of the 
order of each of the contiguous filters. As said earlier, this can only be done at the 
expense of an accurate spectral reconstruction.  

An illustration of a filter-bank made of successive FIR filters having the same 
order (2000) and crossover frequencies at the -6 dB point is given in the upper panel 
of Figure 4. We can see that the filter’s slopes, when plotted on a logarithmic axis, are 
steeper with increasing filter center frequency.  

 
II. 1. 3. 2. -  Infinite Impulse Response (IIR): Pros and Cons 
 
IIR filters can be unstable if poles are outside the unit circle and are 

characterized by a frequency-dependent group delay, which is the main limitation for 
the use of such filters in real-time speech processing.  

When the processing is done off-line, this limitation can be overcome by 
filtering the signal forwards and backwards; the frequency-dependent phase shift 
induced by the first filtering is cancelled by the second time-reversed filtering. One 
should always keep in mind that the transfer function of the filter is applied twice with 
this kind of filtering. It stems that the – 3 dB point of the transfer function, which 
defines in Matlab® the cut-off frequency, is applied twice so that at this particular 



frequency the signal will be attenuated by 6 dB. This still allows virtually perfect 
spectral reconstruction (provided the carrier signals are collinear) because the signals 
are now in phase. 

On another hand, a filter-bank made of IIR filters all of the same order is 
characterized by slopes of equal steepness when plotted on a logarithmic axis. 

 
 
II. 1. 3. 3. -  On IIR filter design 
 
Filter steepness was not an issue for this application. On the contrary, we 

wanted the filter slopes to be gentle so as to avoid excessive time domain fluctuations 
(often referred to as time-aliasing) and ensure smooth recombination. 

To achieve perfect or near-perfect spectral reconstruction, it is preferable not 
to have any ripple in the filter’s pass-band. This constraint excludes the elliptic and 
Chebyshev type I IIR filter designs. Chebyshev type II filters are characterized by 
lack of ripple in the pass-band; but these have non-monotonic filter slopes once the 
minimal stop-band attenuation is reached. On the contrary, Butterworth filter designs 
sacrifice roll-off steepness for a frequency response that is maximally flat and 
monotonic overall. As filter steepness is not an issue for this application, we think it is 
preferable to use a Butterworth design.  

The bottom panel of Figure 4 shows a filter-bank made of 6th order IIR 
Butterworth filters.  It can be seen that the slopes are of equal steepness on a 
logarithmic scale. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



 
 
 
 
 
 
 
 
 

 
 
II. 2. – Envelope extraction 
 

As seen on Figure 1, the temporal envelope of each the filtered speech band is 
extracted. Several different approaches are commonly used in the literature: we will 
discuss three of them:  

(1) computing the power in a sliding time window  
(2) apply the signal a non-linear rectification followed by a low-pass filter     
(3) using a Hilbert Transform followed a low-pass filter.  

 
II. 2. 1. – Root mean square (RMS) power in a sliding window. 
  
 We can extract the amplitude envelope by evaluating the power for each 
sample in a time window of certain duration. This is equivalent to convolution of the 
signal with a temporal window, resulting in a (FIR) low-pass filtered signal. The cut-
off frequency of the filter is inversely proportional to the duration of the window. 

The left panel of Figure 5 shows in red the envelope of a 1kHz tone 
Sinusoidally Amplitude Modulated (SAM) at 4 Hz by computing the RMS power 
within a 32 ms rectangular sliding window. We can see on the right panel of Figure 5 
that this method of envelope extraction returns a distorted envelope. We did not 
investigate the reasons of such distortions further, but noticed that the use of a 
Hanning time window significantly diminished the presence of these distortions. This 
suggests that the time window duration interacts with the period of the carrier, giving 
rise to a ripple in the envelope.  

Furthermore this method takes too computationally too demanding, which is 
the reason why we discourage the reader to use it, and why we did not spend too 
much time investigating the reasons of such distortions in the modulation spectrum. 

 
 

Figure 4: Illustration of the difference between FIR and IIR filters 
Upper panel; 10 contiguous FIR filters (order = 2000) 
Lower panel; 10 contiguous Butterworth IIR filters (order = 6) 
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II. 2. 2 –  Half-wave/Full-wave Rectification followed by a low-pass filter 
 
 II. 2. 2. 1 - Rectification 
 
 A half-wave rectification of a signal involves assigning a value of zero to 
negative parts of the signal. A full-wave rectification entails taking the absolute value 
of the signal. 

Whether half-wave or full-wave, the rectification of a signal is a non-linear 
process. As shown on the two leftmost panels of Figure 6, rectification introduces 
distortions that spread the energy of the signal across the spectrum.  

It stems there is a loss of energy at the modulation frequency that would need 
to be corrected if one wants to extract the exact amplitude envelopes. This is shown 
on the leftmost panels of figure 6 showing in red the temporal envelopes extracted 
with the two aforementioned rectification type (upper panel: half-wave rectification, 
lower panel: full-wave rectification). The black signal on the rightmost panels of 
figure 6 shows a 1kHz tone at SAM at 4 Hz.  

 
II. 2. 2. 2 – low-pass filtering 
 
The role of the final filter is to ensure that no cues other than level fluctuation 

(i.e. temporal envelope) could be used to understand the speech sentence.  
Results found by Drullman (1994) suggest that temporal fluctuations in 

successive ¼-, ½- or 1-oct frequency bands can be limited to fluctuations between 0 
and 32 Hz without substantial reduction of speech intelligibility for normal-hearing 
listeners. This value should be taken merely as approximate, because no one can 
pretend to know the exact critical frequency below which information to recognize 
speech is provided solely by temporal cues, as opposed to periodicity cues. It is 
indeed likely that some overlap exists between these two domains. 

Shannon (1995) noticed an improvement in speech recognition of ‘noise-
vocoded’ sentences when altering the low-pass filter cut-off frequency from 16 to 50 
Hz but not when altering the low pass filter cutoff frequency from 50 to 160 or from 
50 to 500 Hz which like other findings (Faulkner et al. 2000) puts into question the 
role of periodicity cues for speech recognition (not for other tasks like speaker 
identification or segregation tasks). 

Figure 5: 
Left Panel, in Black 1kHz tone SAM at 4 Hz, in red Envelope of a 1kHz tone SAM at 4 
Hz by computing the RMS power within a 32 ms rectangular sliding window. 
Right Panel, Modulation spectrum of this envelope 



As for the filter-bank, the concerns about the filter design are exactly the 
same, thus if one wants more information about the advantages of one filter design 
over another, one should refer to section II. 1. 3. of this report. 

Because of the distortions resulting from the rectification of the signal, the 
skirt of the subsequent low-pass filter (controlled by its order) needs to be relatively 
steep to avoid contamination of the temporal envelope by the distortion products. 
From a practical point of view though, it is difficult to get this selective (cut-off 
frequency below 50 Hz) moderate- to high-order low-pass filter.  We can observe 
some high-frequency fluctuations on the temporal envelopes shown on the rightmost 
panels of Figure 6. Those have been obtained applying a low-pass filter (-6dB / oct) to 
the rectified signals.  
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II. 2. 3. – Hilbert Transform followed by low-pass filtering 
 

II. 2. 3. 1 – Hilbert Transform 

Figure 6: Illustration of the half-wave and full-wave rectification 
Upper Left Panel: Spectrum of a half-wave rectified 1 kHz tone 100% Sinusoidal Amplitude 
Modulated (SAM) at 4 Hz.   
Bottom Left Panel: Spectrum of a full-wave rectified 1 kHz tone 100% SAM at 4 Hz.   
Upper Right Panel: in Black 1 kHz tone 100 % SAM at 4 Hz; in red its Temporal envelope obtained 
by applying a -6dB /oct Low-Pass filter (cutoff 32 Hz) to the half-wave rectified signal. 
Bottom Right Panel: in Black 1 kHz tone 100 % SAM at 4 Hz; in red its Temporal envelope 
obtained by applying a -6dB /oct Low-Pass filter (cutoff 32 Hz) to the full-wave rectified signal. 
 



 
The Hilbert Transform (HT) of a real signal x(t) can be interpreted as a � /2 

radian shift on the trigonometric circle. An analytic signal (real and imaginary part) 
can thus be formed as follows: x(t) + j.HT[x(t)]. If one considers a harmonic signal 
x(t) = A(t).sin(� t) the analytic signal has the form A(t).ej� t, and A(t), the temporal 
envelope, can be determined as  being �� x(t)2+HT[x(t)]2).  

The Right Panel of Figure 7 shows the temporal envelope of 1 kHz tone 100% 
SAM modulated at 4 Hz: no loss of energy occurs. As seen on the left panel of Figure 
7, the Hilbert envelope of a modulated sine wave has no distortions in the modulation 
domain. 
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II. 2. 3. 2 – low-pass filtering 
 
Theoretically, the Hilbert Transform‘s ability to recover the envelope is only 

valid for harmonic signals or sufficiently narrowband signals. Indeed, the wider the 
bandwidth of a signal, the less accurate (less selective in the modulation domain) the 
temporal envelope is, as shown on Figure 8. It is as if the cut-off frequency of a 
hypothetic low-pass filter got larger as the bandwidth of the signal increased. For that 
reason, it is necessary to low-pass filter the Hilbert envelope of the signal with a large 
bandwidth to ensure that no cues other than temporal envelope could be used to 
understand speech. 
 The constraint on filter steepness is the same as for the previous method (see 
rectification methods II. 2. 2. 2.). The only difference with rectification methods is 
that the raw Hilbert envelope is a slow varying signal that can be down-sampled 
without any modification of the waveform. Down-sampling of the signal allows the 
design of a much steeper filter. This is especially convenient for FIR filter design. For 
example, a FIR low-pass filter would require a length of approximately 10 000 points 
which is not manageable for implementation, whereas only 100 points would be 
required after down-sampling with a ratio of 100. 

Figure 7:  
Right Panel: In black, 1 kHz tone SAM at 4 Hz. In red, its temporal envelope 
extracted by means of the Hilbert transform.  
Left Panel: Modulation spectrum of the Hilbert envelope 
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II. 3 - Recombination 
  
 II. 3. 1. Choice of the carrier signal 
  
 Cochlear implant strategies based on coding the envelope do not use 
‘Gaussian white noises’ but rather biphasic pulses as carriers of the modulation 
information. This does not appear to be crucial. Indeed both the use of a noise carrier 
as well as a fixed rate pulse train coupled with a low-pass filter whose cut-off 
frequency is around 50 Hz prevents any periodicity or pitch information to be 
transmitted. As mentioned previously a study conducted by Faulkner et al. (2000) 
showed additional pitch and periodicity information did not significantly improve 
speech recognition scores. 
 
 
  
 II. 3. 2. Bandwidth correction & post-filtering 
 

Figure 8: Influence of the bandwith width of the signal on the ability to retrieve the 
temporal envelope using the Hilbert Transform 
 



The power of the amplitude-envelope depends upon the bandwidth of the 
analysis filters. The wider the filter’s bandwidth, the larger the amplitude is. For a 
white noise (whose spectrum is flat across frequencies) the overall power in dB (Lo) 
within a frequency band is related to the bandwidth (BW) and the spectrum level in 
dB of the noise (L) by the following formula:   

 
    Lo =  L + 10log10(BW) 

  
Assuming that within a frequency band the spectrum of speech is flat, it is 

more accurate to correct for the effect of the filter’s bandwidth prior modulation by 
the extracted amplitude envelopes. This can be done by scaling the carrier signals 
waveforms (broadband Gaussian white noises) or the speech amplitude envelopes by 
the square root of the respective filter’s bandwidth. This allows us to reason in terms 
of spectrum level rather than overall level and thus to remove the dependency upon 
the filter’s bandwidth. Then the speech-envelope modulated noise bands are passed a 
last time through the filter-bank and summed together 

 
Figure 9 shows the benefit of correcting for the bandwidth when the source is 

(for test purposes) a Gaussian white noise. 
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Figure 9:  
left Panel, spectrum of a Gaussian white noise 
lower left panel, spectrum of a ‘noise-vocoded’ Gaussian white noise without bandwidth correction 
upper left panel, spectrum of a ‘noise-vocoded’ Gaussian white noise with bandwidth correction 


