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A spectrogram P(k,m) can be obtained by computing
N-1 2

Plk,m) = Z w(t)z(m — 1) exp

1=0

——2;—jk(m - z)]

where x(n) is a speech signal and w(i) is a window of length N .

(a)  State the significance of the variables £ and m . Hence give a brief description of the

nature of the information captured in a spectrogram and the purpose of a spectrogram
in speech processing.

(b) Discuss two ways in which the bandwidth of the window w(r) is typically measured.

Choose one commonly used window in speech processing and give the values of both

these measurements. Draw a labelied sketch showing the significant features of the
window.

(c)y (i) Define frequency resolution and time resolution in spectrograms.

(iy  Give formulae for each in terms of the sampling frequency f, and the
bandwidth of the window as defined in part (b) above.

(iiiy ~ State the relationship between frequency resolution and time resolution.

(d)  Consider Figure 1 which shows a waveform of male speech and two spectrograms
computed from the speech data.

(i) Comment on and explain in detail the differences between the two
spectrograms.

(i) Explain the relationship between the first two formant frequencies and the
position and shape of the tongue within the mouth.

(i) Observe the spectrograms at 1.96 s and 2.18 s and estimate the frequencies in
Hz of the first two formants. Give a reasoned argument as to whether or not
each of the phonemes in the following list corresponds to the spectrogram at
the two time instants.

i as in “bead”
3(Z) asin “vision”
e (E) asin“bed”
{(S) asin“she”
b (0) asin “body”
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2 (a) Explain why speech synthesisers commonly concatenate diphones rather than individual (4]
phoneme segments to generate speech.

(b) Consider a segment s(n) of a voiced speech signal with pitch of 100 Hz containing 2400
samples with sampling frequency 8 kHz. The segment s(n) is to be transformed into y(n)
using pitch-synchronous overlap-add procedure (PSOLA) such that y(n) is identical in
amplitude and duration to s(n) but the pitch of y(n) is to be modified such that it varies as
specified in Figure 2. The first pitch mark in s(n) and y(n) occursat n = 0.

{i) Show that pitch marks in s(n) occur at n = 2000, 2080 and 2160. (2]
(ii) Show that pitch marks in y(n) occur at n =2056 and 2120. 2]
(iii) Describe the main elements of the method by which PSOLA generates y(n) in the [6]
region close to n = 2090.
(iv) Derive an expression for y(n) at n = 2090. [6]
Pitch
(Hz)
A
125 f-meemmmmmmmm s mm s . ;
100 : : > Time (s)
0 0.25 0.3
Figure 2
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Consider a general quantizer and assume that, for any given quantization bin, the input
signal is uniformly distributed over the amplitude range of the bin. Derive an expression for
the RMS quantization error in terms of the bin width w .

Discuss the important differences between uniform and non-uniform quantization of speech
signals.

A particular speech signal s has probability density function p(s). Consider the design of a
non-uniform quantizer for s such that input amplitudes in the interval {a;_,, a;] are
quantized to s; for ¢ = 1,2, ..., N . Find an expression for the quantization levels s, , in

terms of p(s), a;_; and g, that give minimum mean squared quantization error.

For a speech signal, consider the 8-bit u-law quantization scheme with bin centres at
+{(m+16%) 2€ - 16%}.

0] Give a brief description of this scheme with specific reference to quantization noise.

(i) State the maximum signal amplitude that can be represented using this scheme
assuming that 4 bits are used for the mantissa.

(i) Deduce the error amplitudes in quantizing input values of 27 and 1027.

in the diagram of Figure 3, the uniform 5-level quantizer labelled Q has outputs from the set
{ -2,—1,0,1, 2} . After each sample is quantized, the factor k(n) is updated as follows:

3k(n) for w(n)= +£2
k(n +1) = {1.1k(n) for w(n)= =1
0.9k(n) for w(n)=20

Given an input signal u(n) = {1, 1, 1,10, 10, 10, 1,1} for n = 0,1, ..., 7, construct a table

showing the corresponding values of k(n) and z(n). Assume that kis initialized to k = 1.8.

u(n) i
% ) () v(n) Quagtlzer‘ w(n) > (o) i x(n)l
Update &
l
k(n) . py

Figure 3
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{a) A speech recogniser employing Hidden Markov models uses a pre-processor that generates [6]
feature vectors from the speech every 10 ms. Each feature vector contains 30 elements.
Give the number of independent parameters per state needed to specify the observation
vector probability distributions when the distributions are:

(i) gaussian with a full covariance matrix,
(i) gaussian with a diagonal covariance matrix,
(iii) a mixture of 5 diagonal covariance matrix gaussians.

Explain why most speech recognition systems use a mixture of diagonal covariance matrix
gaussians.

{b) Part of a Hidden Markov speech model is illustrated in Figure 4. In this model, transitions are [9]
possible from state A to state B via any one of K intermediate states numbered 1 to K. The

diagram shows only states 1 and K. The other intermediates states are indicated by the
dashed lines. The transition probability from state A to intermediate state j is w;. The

transition probability from any of the intermediate states to state B is (1 — p). The transition
probability from intermediate state 7 to intermediate state jis pw;, independent of 7. The
feature vector is of length F'and the output probability density of an observation vector x in

state 7 is given by
di(x) = 2m) 7/ 1 C; [1/? exp(—t4(x - m,)TC7H(x — m;))

where m; and C; are the mean vector and covariance matrix for state i. Given that x is in

state A, derive an expression for the total probability density that the model generates the
frames xq. X1, ..., X741 from a state sequence having xr_; in state B.

Show that the probability remains unchanged if the intermediate states 1,2,..., K are
replaced by a single state with an appropriate gaussian mixture output distribution.
Suppose that F=1 so that x;, m; and C; become scalars z;, m; and C;.If z1, 2o, ..., T7

are assumed to be generated by some sequence of the states 1, 2, ..., K, then m;, C; and
w; can be iteratively reestimated using the Baum-Welch formulae.
Give the Baum-Welch reestimation formulae for this case in terms of

Ai,t — Kdi(xt)

;dk(ﬂvz)

and give a descriptive interpretation of the significance of 4, is these formulae.
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Figure 4
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5. (a) Describe the lossless tube model of the vocal tract. Iilustrate your description with a labelled

sketch. Write down an expression for the total acoustic pressure at a point in the model and [6]
state any assumptions made. You may use the relationship that the pressure is inversely

proportional to the cross-sectional area.

(b) Explain why the lossless tube model is not a good model for certain speech sounds and give {2]
examples.

{c) For some phonemes, the vocal tract may be represented, as in Figure 5, by a tube which
includes separate branches for the nose and mouth cavities. In such phonemes the mouth
branch is normally closed as shown in the figure.

,——1/,_,_‘_ Nose
1

Mouth

Glottis
Figure 5

An enlarged view of the point at which the tube splits into two branches is shown in Figure 6.
The cross sectional areas of the three tube sections are P, Q and R as indicated. The
quantities B, C, D, E, F and G represent the z-transforms of the volume flow rates of the
acoustic waves either side of the junction. The propagation direction of each wave is
indicated by an arrow.

—% D Cross-sectional
Cross-sectional _B’ ; L area = O
area = P <+
cC '—» F Cross-sectional
L — G area =R
Figure 6
(i) Write down the equations relating the flows B, ..., G that are imposed by equality of [4]

pressure at the junction of the three tube sections and by conservation of mass.

B

(i) Derive a matrix equation for , the cross sectional areas of the [8]

D
in terms of
E

tube sections, and the transfer function H(z) of the closed branch of the tube where
H=G/F.
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6. (a) Consider the speech signal s(n), n =0, 1, ..., N-1and a p'" order linear predictor with

prediction coefficients a,.

N-1 P 2
(i) Show that the prediction error £ can be written £/ = Z s(n) — Zaks(n — k) [2]
n=p k=1
and explain why the first summation beginsat n = p.
{if) Show that the prediction coefficients that minimize E satisfy Ra = b where the 7]
N-1
(4,7)" element of R is given by 7; ; = Z s(n — i)s(n — j) , the " element of b is
n=p
givenby b, = g and a =[ag ay - ap]T.
(i) Discuss the differences between covariance LPC and autocorrelation LPC and state [4]

their relative advantages.

i) A signal sampled at 8 kHz consists of three cosine waves at 800 Hz, 1 kHz and 1.2 7
kHz of relative amplitudes 1, 1 and 0.2 respectively, plus white noise.

Four different 10" order LPC analyses are performed on the signal. These are, in no
particular order:

e Covariance LPC with a frame length of 3.5 ms
e Covariance LPC with a frame length of 80 ms
e Autocorrelation LPC using a Hamming window of length 3.5 ms
e Autocorrelation LPC using a Hamming window of length 80 ms.

identify which plot in Figure 7 corresponds with each of the four cases. Give reasons
for your choice and explain the factors that cause the differences between the plots.

60 60
50 Plot W 50 Plot X
40 ] 40
30 1 30
20 / 20
0/ 10
dB Ow/ dB 0
10 ~_ 10 \/\/\
-20 - *

-20

60

50 Plot Y
40t \ \

a0 ,}j /

20 [

20 |

Figure 7
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SPEECH PROCESSING 2005 - SOLUTIONS

(iii)

The variables k£ and m represent the frequency bin index and the time frame index
respectively. A spectrogram captures a time-frequency representation of the speech
signal and facilitates the visualization of the time variations and frequency variations,
importantly including formant tracks.

The two common measures are a = -3 dB bandwidth and b = -0 dB bandwidth. For
example:

Rectangular Window: a=1.21, b=2
Hanning Window: a=1.65, b=4

The significant features of the window are best shown in the frequency domain. The
level of the sidelobes should be labelled numerically.

Frequency resolution: Equal amplitude frequency components with this separation will
give distinct peaks

= faa/N

Time resolution: Amplitude variations with this period will be attenuated by 6 dB
= 2N /df,

Time resolution x Frequency resolution = 2.

These are wideband and narrowband spectrograms obtained from different choices
of window size N.

Large N -> narrow band, good frequency resolution
Small N -> wide band, good time resolution.

Tongue is lifted to partially divide vocal track into two. Ratio of lengths of subdivided
portions affects ratio of F1 to F2. Rear cavity determines F1: F1 decreases as the
tongue hump moves forwards or is raised higher. Front cavity determines F2: F2
increases as the tongue hump moves forwards.

1.96 s: First 2 formants at approximately 800 Hz, 1700 Hz
Relatively high frequency of F2 indicates Front placement.
Speech sound is

e (E)asin “bed” F1=550 F2=1770

2.18 s: First 2 formats at approximately 600 Hz, 1000 Hz
Relatively low frequency of F2 indicates Read placement.
Speech sound is

o (0) as in "body” F1=500 F2=900

Students are not expected to be able to ‘read’ the spectrogram accurately but marks
will be awarded for well reasoned suggestions

(/(2 b e U\—;’@Q
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The use of diphone segments means that segment junctions occur in the centre of each
phoneme rather than at the phoneme bondaries. This means that we use a recorded
example of each phoneme-to-phoneme transition rather than making an abrupt change from
one to the next.

The centre of a phoneme is much less variable than the phoneme boundary and so
switching from one recorded example to another at this point causes less of a discontinuity.

(i)
For s(n) they occur every 80 samples: these include samples 2000, 2080 and 2160.

(ii)
We need to consider the phase difference of the pitch marks for the two cases: constant
100Hz pitch, pitch variation as specified.

Phase is given by integral of frequency.
(i) For constant 100 Hz pitch:
(.25 0.23
or [ frdt = 21 f (100)dt = 27[100t] 3" = 27 x 25
) t=0

f=I

(if) For pitch variation:
0.25 (1.25

o [ et = 27 f (100 -+ 100t )df = 27 [100¢ + 50¢2]
1=0 t=0

The ratio is given by 28.125/25 = 1.125. The pitch marker therefore occurs at

n = 2000 + 0.875*8000/125 = 2056 with the next following 64 samples later at 2120.

0.25

0 = 21 x 28.125

(i) The output, y(n), around sample 2090 therefore consists of superposed waveform
segments centred on the new pitch marks at 2056 and 2120 and taken from the nearest
pitch segments in the original waveform, i.e. from pitch marks 2080 and 2160 (or 2080 since
they are equidistant) respectively. The waveform segments must be windowed by
multiplying by a Hanning window whose length is twice the minimum of the original pitch
period (80 samples) and the new pitch period (64 samples).

(iv) At sample 2090, we are 34 samples after the pitch mark at 2056 and 30 samples before
the one at 2120. The output is therefore:

4(2090) = (2080 + 34)w(34 /64) 4+ (2160 — 30)w(30/64)
Jw?(34/64) + w?*(30/64)
= 0.635x(2114) + 0.7732(2130)
where the window is defined by
wix) = Y% (1 + cos(mz)) = cos? (Vemra)
The normalising factor in the denominator corrects for the windowing under the assumption
that the phases in the segments are uncorrelated and that their powers will therefore add.
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3.
(d)
u 1 1 1 10 10 10 1 1
k 1.8 1.98 2.18 1.96 5.88 17.6 194 17.5
v=u/k 0.56 0.51 0.46 51 1.7 0.57 0.052 0.057
0 2 2 1 0 0
X=w*k 1.8 1.98 0 3.92 11.76 17.6 0 0
(a)
oo 2 1+ Y%w
o dx 73 w?
f @ L =Y = rms error = 0.289%yw
W 3 o 12

(b)

Uniform: bin centres are uniformly spread over the range of values to be quantized.
Quantization error is minimized if signal is uniformly distributed on the input range of the
device.

Non-uniform: bin centres are typical chosen to match the (non-uniform) pdf of the input

signal. Speech has non-uniform pdf (super-Gaussian) and therefore lower quantization error
can be obtained using non-uniform quantization.

Quantization error ¢(s) = s, — s

+o0 N
a;
Mean square quantization error is £ = f p(s)g*(s)ds = Zf p(s)(s; — s)* ds
o i=1 Y %
. L. . dE a; [¢¥ a;
Differentiating gives: — = —2p(s)(s —s;)ds = 25if p(s)ds — 2f sp(s)ds
0 i iy -1

)

Setting to zero gives: s, =

c)

Non-uniform scheme. Wider bins at high amplitudes causes more quantization noise power,
but this is to some extent balanced by the higher signal power. Hence the Signal to
Quantization Noise Ratio is approximately constant with signal amplitude. For signals with
sharp (super-gaussian) pdfs, amplitudes are small for most samples (and hence small
quantization noise is introduced).

Bin centres at £{(m+16%%) 2€ — 1614}
Bin widths: 2€

Max Quantization level for 8 bit (3-bit exponent, 4 bit mantissa) = (15+16%2).2A7 — 16 =
4015.5.

Nearest quantized value to 27 is 30 giving an error of 3. Nearest quantized value to 1027 is
1039.5 giving and error of 12.5.
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0] 30 means + (30x31)/2 covariance elements = 495 parameters

(ii) 30 means + 30 variances = 60 parameters

(iii) (30 means +30 variances + 1 weight) x 10 mixtures —1 = 609 parameters. The —1
arises because the weights must sum to unity.

The use of gaussians allows a very simple formula for log probability. A mixture of gaussians
provides two benefits over a single gaussian: (i) it can model the tails of the true distribution
which do not fall to zero as quickly as a gaussian, (ii) it can model the multimodal distribution
that arises when a single phoneme can be pronounced in several different ways.

(b}

If frame t1 in states 1, ..., K then, since the transition probabilities are independent of the
K

initial state, the probability that state tis also in states 1, ..., K is given by pz w;d; (xy).
i=1

Hence the probability for the entire sequence is

K T K
Z:widi(xl) X 11 p; w;dy(x¢) | X (1 = p)dp(X741)

T K
=p (1 - p)dB(XT+1)H > widi(x,)

t=11i=1

T
=p (1 - P)%(MH)U d(x;)

K
where d(x,) = Zw,;di(xt) is the gaussian mixture distribution.

1=1

T

I T
Z Ay Z A} Z A

: t=1 2 t=1

1, + is the conditional probability that frame ¢ belongs to state ¢ given that it belongs to one of states

1. ..., K. ltis the fraction of frame ¢ that is assigned to state 1.
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5.

(a)

Total volume flow = u~v

Total acoustic pressure = (u+v) x \rho x ¢/ A

Assumptions

Sound waves are 1-dimensional: true for frequencies < 3 kHz whose wavelengths are long
compared to the tube width

No frictional or wall-vibration energy losses

(b)
The model is less good for if the sound has two points of excitation, (e.g. a voiced fricatives)
or if the velum is lowered resulting in a branching tube (e.g. nasalized consonants).

(c)
Conservationofmass: B-C =D —-F+ F -G

Pressure Equality: (B+C)/P =(D+ E)/Q =(F+G)/R

We have three equations above plus a fourth: G = FH and we want to eliminate both F and
1-H
G. For convenience we define: ¢ =Q/ P, r=R/ P and k = r1+H.

Using G = FFH to eliminate G gives: B—C =D - E + F(1- H) and also
B+C=(D+E)/ g=(1+H)F/r.

The outer components of the last equation give F = r which we can substitute in the

1+ H
1-H
mass equation to give B—C=D—E+r(B+C):;{—:D—E+k(B+C)

D+E=¢gB+¢gC
D-E=(1-k)B-(1+k)C

(Dj 1(1—k+q —1—k+qj(B)
E) 2\~l+k+q l+k+q)\C

Substituting in the original quantities gives:

2

We thus have the two equations: from which we get
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6. (a)
(1)
»
cln) = s(n) — §(n) = s(n) — Z s(n — 1)

L= Zcz(n) which for a window length of N-p gives the range of summation from n=p to N-

n

1.

(i)
oF P |
e da, Z s(n) = ;%5(” — k) ys(n — 1)

n

= Zs(n —1)s(n) — Zakz s(n —i)s(n — k)

n k=1 n
P
= ho — § Ti kO
k=1

Setting these partial derivatives to zero gives:
Z’M“k =ngfore=1,...,p
h=1

or in matrix form Ra = b.

(b)

(i)

Covariance LPC performs the summation of part (a) over a finite window [0,N-1]. No
windowing of the signal is involved so there is no compromise between time and frequency
resolution: we can get infinite frequency resolution with small data windows provided there is
no noise. The window length, N, must be greater than the filter order, p, and in practice
should be twice as long. The resultant filter is not guaranteed to be stable. Solving the
equation for a requires order p operations.

For autocorrelation LPC, the input signal is first multiplied by a window, e.g. a Hamming
window, that tapers to zero (or near zero) at its ends. This imposes a tradeoff between time
and frequency resolution: to obtain adequate frequency resolution for speech (100 Hz), the
window length must be at least 20 ms. The summation of part (a) is then performed over

n=-inf to inf, although all but a finite number of terms are zero. The resultant R matrix is
toeplltz and the coefficients a can be found using the Levinson-Durbin algorithm with order
p operations. The filter will always be stable.

(ii)

The 1200 Hz sinewave should have an amplitude 14 dB less than the other two tones.

Plot W has the poorest frequency resolution and broadest spectral peaks and is therefore
autocorrelation LPC with a window length of 3.5 ms. This gives a frequency resolution of
about 2/3.5 kHz = 571 Hz.

Plot Z is better, but the 1200 Hz sinewave has been almost overwhelmed by the sidelobes of
the 1 kHz sinwave. This is therefore autocorrelation LPC with a window length of 80 ms.
Plot Y has accurately found the three sinewaves although their amplitudes are not quite
right. It has also generated a spurious peak at around 3300 Hz. This is covariance LPC with
a window length of 3.5 ms (28 samples) and the white noise has resulted in the false peak.
Finally Plot X is covariance LPC with a window length of 80 ms. The sinewaves have been
accurately modelled and the remaining four poles have been used to create a noise floor at
-10 dB.
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