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Kapitel 1

Digital audio effects

This part of the laboratory deals with various digital audio effects. Most of you have at
some time come in contact with an audio effect. Stereo installations for domestic use, for
example, often have some form of equalizer that can be used to enhance or reduce certain
frequencies in the signal. Another common audio effect is reverb added to music recorded in
a studio in order to make it sound more natural. Many audio effects can be achieved with
digital filters. We will here look at some of these effects and filters.

1.1 Preparations

• Read this manual thoroughly.

1.2 Digital audio effects

Here is a brief review of the audio effects treated in this laboratory.

1.2.1 Echo

An echo is nothing but a delayed and attenuated copy of a sound. Echoes arise when the
sound hits the walls, furniture and other objects in a room and is reflected on these surfaces.
The echo is attenuated due to the material not only reflects the sound but also absorbs
some of the energy in the sound. Consequently, the characteristics of the echo (delay and
attenuation) depends on what the environment looks like. The part of the sound that reaches
the listener directly, without beeing reflected or attenuated, is called direct sound.

A direct sound and an echo can be created by the following FIR filter given by the
differential equation

y(n) = x(n) + αx(n − R) |α| < 1 (1.1)

which is equal to the transfer function

H(z) = 1 + αz−R (1.2)

where R is the delay in the number of samples and α is the attenuation. Such a filter is
called a comb filter since the amplitude function looks just like a comb. It will have R peaks
and R valleys in the range 0 ≤ ω ≤ 2π.
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1.2.2 Multiple echoes

As the name implies, we include multiple attenuated and delayed copies of the signal. For
instance, a signal with four echoes gives the following transfer function

H(z) = 1 + α1z
−R + α2z

−2R + α3z
−3R + α4z

−4R (1.3)

A good alternative is to let the amplitudes, α, decay exponentially. In this way we obtain
an echo that sounds natural.

1.2.3 Reverberation

Reverberation is the combined effect of multiple sound reflections in a room. The difference
between reverberation and multiple echoes is that we have many many echoes of the sound
which have such a short delay that it is difficult to discern individual echoes.

Provided that there is a direct path between the sound source and listener, the listener
will first hear the direct sound. Then, the reflections from nearby surfaces will be heard,
these are often called early echoes or early reverberation. Finally, the listener will be reached
by many, densely packed, echoes that travel in all directions in space. These echoes are what
is usually called late reverberation. The delay after the sound is relatively independent of
where in the room the listener is and decays exponentially.

In this lab, reverberation is created using two different filters given by transfer functions,

H(z) =
z−R

1 + αz−R
(1.4)

H(z) =
α + z−R

1 + αz−R
(1.5)

(1.6)

The first is an IIR Comb filter and the second an IIR allpass filter. The allpass filter has the
advantage of not ’coloring’ (i.e. changing the frequency characteristics) the input signal as
the comb filter does. Coloring often gives bad sound quality and should be avoided.

There is also a third implementation of reverberation in this session, which uses a com-
bination of four comb filters and two allpass filters.

1.2.4 Flanging

Flanging has a distinctive sound that can be described as Swishing”. The effect is achieved
by mixing a signal with a slightly delayed copy of itself in which the delay varies all the
time. This can be described by the transfer function

H(z) = 1 + αz−R(n) (1.7)

1.2.5 Pitch shift

Pitch shift is about increasing or lowering the pitch of a sound. There are several ways to
do this. One way is to change the pitch with LPC encoding. You can learn more about LPC
encoding in the course Optimal Signal Processing given in LP1. In this the pitch is changed
by up or down sampling the signal to a new sampling frequency and then playing the sound
with the original sampling frequency. The signal duration will decrease if the pitch is shifted
up (decimated) and increase of pitch is shifted down (interpolated).
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1.2.6 Fading

Fading is an effect that which is often used to hide the gap between two consecutive songs.
This is done by gradually increasing the amplitude at the beginning of a sound (fade in)
and gradually lower the amplitude at the end of a sound (fade out).

1.2.7 Equalizer

As mentioned earlier, an equalizer is used to adjust the frequency content of an audio signal.
This is done by combining different low-pass, band-pass and high pass filter. Adjusting the
frequency content of a signal can be done to achive better sound properties but also to
remove noise which is in another frequency band than the desired signal. The equalizer also
makes it possible to adjust for example, properties in space which the sound is played in.

The program in this session has an equalizer, which consists of a low-pass, band pass
and a high pass filter.

1.3 Exercises

Download the files needed for this lab session and put them in the directory you are working
in (the command pwd in MATLAB gives the current working folder). The files needed are

• digaudio.m

• equalizer.m

• fade in m.m

• fade out m.m

• flanger m.m

• pitchshift h m.m

• pitchshift l m.m

• reverb1 m.m

• reverb2 m.m

• reverb3 m.m

• finalRiff.wav

• wav 2.wav

In the MATLAB window write digaudio to run the program. The program will ask for
the file wav 2.wav. Press OK to get the menu.

Exercise 1: Press the button Ursprungliga signalen och listen to the sound.

Exercise 2: Press the button Eko and state the delay and attenuation i.e. Randα in
equation (1.2). The default values are 0.4 and 0.8. Watch the plot with the input signal and
the filtered signal. Can you see the echo in the output? Can you hear the echo? Also, look
at the plot with the filter impulse response and amplitude function. Note that amplitude
function looks like a comb. The Echo is achieved with a comb filter.
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Exercise 3: Press the button Multipelt eko. Can you hear multiple echoes? Can you see
the echoes in the filtered signal? What does the impulse response look like? Is the amplitudes,
α, decaying exponentially? What does the amplitude function look like?

Exercise 4: For each of the different versions of reverberation, compare input with out-
put. Also, look at amplitude functions. Efterklang1 has been created with a comb filter,
Efterklang2 with a allpass filter and Efterklang3 with a combination of comb and allpass
filter. Impulse responses for the two first implementation looks as in Figure 1.1 and Figure
1.2. How does the resulting signals sound?
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Figur 1.1: Impulse response of an IIR comb filter used to generate reverberation
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Figur 1.2: Impulse response of an IIR allpass filter used to generate reverberation

Exercise 5: Press the button Flanger. How does it sound? What does the output- com-
pared to the input signal look like?

Exercise 6: Press the button Pitch lägre. How does it sound? How is the speed of the
sound changed?

Exercise 7: Press the button Pitch högre. How does it sound? How is the speed of the
sound changed?

Exercise 8: Press the button Avsluta. Type digaudio, in the MATLAB window, to
restart the program. This time when the program asks for a wav-file, type finaRiff.wav
and press OK.

Press the button Fade in. How does it sound? Press Fade out. How does it sound?
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Exercise 9: Press the button Equalizer. Then press any of the buttons for the low-pass,
band-pass or high pass filter. How does it sound? Try all the buttons and listen to the result.
For all four cases (the fourth case, Återskapad signal) compare input with output. Also,
look at amplitude functions for the various filters and their impulse response.
End the program by pressing the button Avsluta.


