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1. Acoustics [4 marks]
a) Plunking a string of length L produces a tone of 220 Hz. The string is then cut into 2 pieces. The shorter one is 0.25 L in length and the longer other is 0.75 L in length. What are the frequencies produced by plunking the strings individually? (2 marks)
Choose the BEST answer. 
i. Shorter: 440 Hz; Longer: 293 Hz 
ii. Shorter: 440 Hz; Longer: 330 Hz 
iii. Shorter: 880 Hz; Longer: 293 Hz
iv. Shorter: 880 Hz; Longer: 660 Hz
Answer: __________

Answer: iii
b) What is the period of a waveform with frequency 2000 Hz? (1 mark)
Answer: 0.0005 s
c) What is the frequency of the 3rd harmonic given that the fundamental frequency is 262 Hz? (1 mark)
Answer: 786 Hz
2. Waveforms [5 marks]
a) What is the side effect of digitization on a signal? (1 mark)
Answer: 
It introduces noise and limits the frequency range.
b) What is the advantage of a higher sampling rate? (2 marks)
Answer: 
Waveforms can be represented more accurately. 
c) A tone at 16000 Hz is above the Nyquist frequency and below the sampling rate and it aliases to sound like 4000 Hz. What are the sampling rate and the Nyquist frequency? (2 marks)
Answer: sampling rate is 20000 Hz; Nyquist frequency is 10000 Hz
3. Additive Synthesis [2 marks]
a) What is the principle behind additive synthesis? (2 marks)
Answer: 
Any waveform can be expressed as a linear combination (weighted sum) of sine (periodic) waves.
4. Wavetable Synthesis [5 marks]
a) What is the advantage of using piecewise linear approximation to simplify an amplitude envelope? Please explain briefly. (3 marks)
Answer: 
It reduces the number of parameters and computation for evaluating the envelope because it interpolates the envelope by approximation points.
b) What advantage does wavetable synthesis have over additive synthesis on computation time? Explain briefly. (2 marks)
Answer: 
Since wavetable synthesis only does computation for one period and stores for later look up, it spends less computation time than additive synthesis. Also additive synthesis does computation for every period. (Or any meaningful and correct answers)

5. FM Synthesis [8 marks]
a) How much vibrato is typically used for instruments and voice? (Give the vibrato widths in terms of the tone’s frequency.) (2 marks)
Answer: Instruments: 1%; Voices: 5%
b) Express the relationship between vibrato width, modulation frequency and modulation index in a meaningful and correct mathematical equation? (2 marks)
Answer:

vibrato width = modulation frequency * modulation index
OR modulation index = vibrato width / modulation frequency
c) What is the fundamental frequency of the resulting signal when the carrier frequency is 1200 Hz and modulation frequency is 800 Hz? (2 marks)
Answer: 400 Hz
d) What are the names of the techniques used in the following cases? (2 marks)
Let freq be the frequency of the tone, freqmod be the modulation frequency, freqcar be the carrier frequency and n be an integer

i. freqmod = freq; freqcar = n * freq
ii. freqcar = freq; freqmod = n * freq

Answer: 

i. Formant frequency modulation synthesis

ii. Qausi-formant frequency modulation synthesis 
6. FM Spectra [8 marks]

a) What does a Bessel function look like? (2 marks)


Answer: A damped sine wave.

b) For a simple format FM instrument with the carrier frequency set to the 4th harmonic, which sidebands contribute to the amplitude of the 7th harmonic? Show your steps. (4 marks)
Answer: 
ak = J(k-nc)(I) - J-(k+nc)(I)
k = 7, nc = 4

k-nc = 3

k+nc = 11

Sidebands 3 and -11 contribute to the amplitude of the 7th harmonic 

(2 marks for each, deduct half of the marks if no steps)
c) How does the spectrum of a tone change with respect to an increase in modulation index? (2 marks)
Answer: 

More sidebands appear in the spectrum.

The amplitudes of the spectrum increase.
7. Voices [4 marks]
a) Write down the Decibel levels for conversation and shouting if whisper is regarded as 0 dB? The Decibel level with respect to the threshold of audibility is as follows. (2 marks)
	Decibel level
	Sound source

	0 dB
	Threshold of audibility

	40 dB
	Whisper

	60 dB
	Conversion

	80 dB
	Shouting


Answer: Conversation = 20 dB; Shouting = 40 dB

b) What is the amplitude of a sound with -120 dB given that the reference amplitude is 100000? (1 mark) 
Answer: 0.1
c) Consider the following frequencies. Which of them is the highest frequency that most people can hear? (1 mark)
i. 10 Hz

ii. 440 Hz

iii. 15000 Hz

iv. 30000 Hz
Answer: __________

Answer: iii
8. Filters [10 marks]
a) What type of filter is constructed by connecting a non-ideal low pass filter with a non-ideal high pass filter, given that the two filters have the same cut-off frequency? (2 marks)
Answer: A band-pass filter
b) What type of filter would be used to reduce electric hum? Specify also the central frequency given that the electricity supply is rated 220 V at 60 Hz. (2 marks)
Answer: A notch filter with central frequency at 60 Hz
c) Which of the following is the opposite approach to filtering? (2 marks)
i. Additive synthesis
ii. FM synthesis

iii. Spectral analysis

iv. Reverberation

Answer: __________

Answer: i

d) What type of filter would be used for the following cases? (4 marks)
i. Removing noise 
ii. Removing a specific frequency
iii. Brightening the signal

iv. Separating the harmonics
Answer: 

i. Low-pass filter

ii. Notch filter

iii. High-pass filter

iv. Band-pass filter
9. Reverb [4 marks]
a) What is the reverb time given that the gain factor is 0.7 and the delay is 0.05 s? Show your steps. (2 marks)
Answer:

0.001 = 0.7^(reverb / 0.05)

reverb = -3 / log (0.7) * 0.05 

reverb time = 0.97 s
b) Give TWO refinements using low-pass filter on the Schroeder’s reverberator scheme. (2 marks)
Answer:

Add a low-pass filter before the output.

Add low-pass filters inside comb filters’ feedback loop
10. Csound - Wavetable Synthesis [14 marks]

The following orchestra (wav1.orc) and score (wav1.sco) files synthesize a sound with 5 harmonics using 1 wavetable. Fill in the missing values in the wavetable statement in wav1.sco. The table size is 4096. Sine waves without normalization should be used for the synthesis. The amplitudes of harmonics are defined as follows. (2 marks for each answer, no partial marks will be given in this question.)
	Harmonic
	Amplitude

	1
	0.76

	2
	0.03

	3
	0.56

	4
	0.14

	5
	1
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11. Csound - FM Synthesis [20 marks]

The following orchestra file (fm.orc) synthesizes a FM instrument sound with the characteristics listed below:
· In the first 1/3 of the duration, a FM clarinet sound is synthesized.
· In the last 1/3 of the duration, a FM trumpet sound is synthesized.
· In the middle 1/3 of the duration is the transition period. The sound is changing from a FM clarinet sound to a FM trumpet sound by changing the carrier and modulation frequency.
· The modulation index is kept constant at 4.

· The definitions of the two FM instruments are defined as follows.
	
	carrier freq. / fundamental freq.
	modulation freq. / fundamental freq.
	Modulation index

	FM clarinet
	3
	2
	4

	FM trumpet
	1
	1
	4


(freq. stands for frequency)

Fill in the following orchestra file to implement the above FM instrument.
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12. Csound - Filters [11 marks]

The following orchestra (lowpass.orc) and score (lowpass.sco) files take a 12-second long wave file (Rondeau.wav) as input and apply a low-pass filter with the following characteristics:
· The cutoff frequency is 100 Hz at the beginning of the instrument.
· The cutoff frequency increases linearly.

· Exactly at the end of the instrument, all frequencies can pass through the filter and the output sounds exactly the same as the input.

· The output signal is balanced by the input signal.
Fill in the following orchestral file to implement the above low-pass filters.
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13. Csound – Additive Synthesis [5 marks]
The following orchestra (add.orc) and score (add.sco) files synthesize a sound using additive synthesis. Please fill in the missing fields in the score file.
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; add.orc 


	sr = 22050


	kr = 2205


	ksmps = 10


	nchnls = 1





;--------------------------------------------------------------------


instr  1				; sine wave





idur		= p3


iamp		= p4			; p4 controls the amplitude


ifreq		= p5			; set tuning ratio in Hertz


iwave		= 1





asig	oscili	iamp,ifreq,iwave			; signal


	out	asig					; output


	endin


;--------------------------------------------------------------------





;lowpass.sco


;	start		dur	


i1	0		12	


end








;lowpass.orc


	sr = 22050


	kr = 2205


	ksmps = 10


	nchnls = 1





;--------------------------------------------------------------------


instr  1				


idur	= p3





asig		_______ 	__________





kfiltfr	linseg	 	_______, _______, _______





afilt		_______ 	asig, kfiltfr





abal		_______ 	_______, _______





		out		abal				; output


endin


;--------------------------------------------------------------------


Answer: (no partial marks will be given)





asig		soundin 	"Rondeau.wav"(2 marks)


kfiltfr	linseg	  	100, idur, 11025(2 marks)


afilt		tone 		asig, kfiltfr


abal		balance  	afilt, asig








; fm.orc


    sr      = 22050


    kr      = 2205


    ksmps   = 10


    nchnls  = 1


;-------------------------------------------------------------------   


         instr  1





idur     = p3


iamp     = p4


ifreq    = p5





kcar	  ______    ______, ______, ______, ______, ______, ______, ______








kmod     ______    ______, ______, ______, ______, ______, ______, ______


index    = 4


iwave    = 1





aenv     linseg  	0, .02, iamp, idur-.07, iamp, .05, 0  	; amp. env.





asig     foscili 	aenv, ifreq, kcar, ______, ______, iwave





          out     	asig                                  		; output


          endin


;------------------------------------------------------------------- 





Answer: (no partial marks will be given)


; carrier factor


kcar	 linseg(2 marks)	3, idur/3, 3, idur/3, 1, idur/3, 1


; modulator factor


kmod     linseg(2 marks)	2, idur/3, 2, idur/3, 1, idur/3, 1





asig     foscili 	aenv, ifreq, kcar, kmod, index, iwave





; wav1.sco


; ******Define a wavetable here





f1 0 ________  ________  ________  ________  ________  ________  ________





;	start	dur	amp		freq		attck	decay


i1	1		2	10000	311		.02		.05


end





Answer: (2 marks for each answer, no partial marks will be given)


f1 0 4096 -10 0.76 0.03 0.56 0.14 1





; wav1.orc


	sr = 22050


	kr = 2205


	ksmps = 10


	nchnls = 1





;--------------------------------------------------------------------


instr  1				; 





idur		= p3


iamp		= p4			; p4 controls the amplitude


ifreq		= p5			; set tuning ratio in Hertz


iattack		= p6			; attack time


idecay		= p7			; decay time


isus	= idur - iattack - idecay	; sustain is remaining duration


iwave	= 1





aenv	linseg	0,iattack,iamp,isus,iamp,idecay,0	; amp. env.


asig	oscili	aenv,ifreq,iwave			; signal


	out	asig										; output


	endin


;--------------------------------------------------------------------








; add.sco





f1 0 16385 10 1





;	start	dur	amp	freq


i1	1	2	5311	311





i1	1	2	223	_____ ;2nd harmonic





i1	1	2	3886	_____ ;3rd harmonic





i1	1	2	961	_____ ;4th harmonic





i1	1	2	6972	_____ ;5th harmonic





i1	1	2	783	_____ ;6th harmonic








end





Answer: (1 marks for each answer, no partial marks will be given)





i1	1	2	223	622


i1	1	2	3886	933


i1	1	2	961	1244


i1	1	2	6972	1555


i1	1	2	783	1866
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