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ABSTRACT where fs is the sampling frequency. Because the parameters for
) ) ) " . _frequencyf, (t) and amplitudey, (t) of a sinusoidal trajectorymay
Parametric modeling permits an efficient representation of audio vary slowly over time, they are sampled at regular interdals
signals and is increasingly utilized for very low bit rate coding N /f; and interpolated during synthesis. This corresponds to frame
applications. Such systems are based on a decomposition of th‘?ength (i.e., hop size) df input signal samples. The parameters

audio signal into components that are described by appropriateg, framel are sampled at the frame center (I +1/2)T.
source models and represented by model parameters. Commonly

used components types are sinusoidal trajectories, harmonic tone . N .
transients, and noise. Proper estimation and tracking of sinusoid:i,‘r:orthe experiments reported in this paper, the MPEG-4 parametric

in case of vibrato or portamento is vital, yet difficult due to the audio coder HILN (*Harmonic and Individual Lines plus Noise”)

uncertainty principle for time-frequency resolution. This paper was used as a framewotk [41] [5].
presents a reliable solution to this problem that was successfully

demonstrated in an encoder for MPEG-4 parametric audio Codingln the HILN enCOder, the input Signal is decomposed into different
“Harmonic and Individual Lines plus Noise” (HILN). signal components and then the model parameters for the compo-

nents are estimatedndividual sinusoidsare described by their
frequencies and amplitudes,harmonic tones described by its
1. INTRODUCTION fundamental frequency, amplitude, and the spectral envelope of its
partials, and aoisesignal is described by its amplitude and spec-
Parametric modeling of audio signals has long been used for anal{ra| envelope. The modeling of transient components is improved
ysis/synthesis of speech and music signals. It allows a compactyy optional parameters describing their temporal amplitude enve-
signal representation as well as flexible and “meaningful” mod- |ope. A perceptual model is used to select the perceptually most
ification Of the signal in the p.alrametric domaln While the first relevant signa| components in order to Comp|y with bit rate con-
property is, for example, exploited by very low bit rate speech cod- straints. Finally, the component parameters are quantized, coded,
ing systems, the second property is frequently utilized in computer and multiplexed to form a bit stream. The target bit rate range of
music research. HILN is approximately 6 to 16 kbit/s, and typically an audio band-
In general, parametric representations are based on a decompayidth of 8 kHz (i.e.,fs = 16 kHz) and a frame length @f =32 ms
sition of the input signal into components that are described by (j.e.,N = 512) are used.
appropriate source models and represented by model parameters.
Sinusoidal modeling, i.e. a parametric representation that utilizes
only sinusoidal componentsi[1], is very popular because proba-
bly most real-world audio signals are dominated by tonal signal
components. Equaticﬁ 1 shows how the input sigigl is ap-
proximated by a set df sinusoidal trajectorieswith slowly vary-
ing parameters for amplitucg(t) and frequencyf; (t) and a start

In the HILN decoder, the parameters of the components are de-
coded and then the component signals are resynthesized according
to the transmitted parameters. By combining these signals, the
output signal of the HILN decoder is obtained. Sinusoidal com-
ponents continued from the previous frame (i.e. that are part of a
h longer trajectory) are synthesized using interpolation of frequency
phasep. and amplitude parameters to avoid phase discontinuities. For new
(“born”) sinusoids, usually the start phase parameters are not trans-

| t N .
R(t) = Z\ai (t)sin (‘Pi + zﬂ/o f.(7) dr) (1) mitted and random values are used instead.
i=

However, noise-like and transient signal components can not be ef-Proper estimation and tracking of sinusoids in case of vibrato or
ficiently represented by sinusoidal modeling. Hence, a sinusoidal Portamento is vital, yet difficult due to the uncertainty principle
model is often combined with additional signal models for noise for time-frequency resolution. This paper describes techniques for
and transients. Overviews of such hybrid models can be found e.g.Signal decomposition and accurate estimation of frequency, sweep

in 2], [3I. rate, amplitude, and phase of sinusoidal signal components (Sec-

The time-discrete representation of the sigra) is denoted tion[d). Based on these techniques, a new approach for reliable
tracking of sinusoids with time-varying parameters is introduced

X[ = x((n+1/2)(1/fs)), ) (Sectior{B). The performance of the old techniques and the new

approach is compared for synthetic test signals and also in the con-

* The author is now with Coding Technologies Sweden AB, Stock- text of a complete parametric audio coding system (Seclion 4). The
holm, Sweden. paper ends with an outlook and conclusions (Se¢fjon 5).
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2. SIGNAL DECOMPOSITION AND PARAMETER 1 I I
ESTIMATION FOR SINUSOIDS /

Accurate and robust parameter estimation for signal components
is important in order to allow perceptually equivalent resynthesis
of components and to facilitate analysis/synthesis-based signal de-
composition.

Traditionally, component parameters are estimated once per pa-
rameter sampling interval and the estimation is based on a signal
segment obtained using a temporal window centered at the param-

f [kHZ]
o o
AN (o))

eter sampling point. The windows for consecutive segments typi- (b)

cally overlap by 50%. 0.2
L B |

2.1. Signal Decomposition 0 | | | (a)l

Sinusoidal components permit subtractive signal decomposition. 0 002 004 006 0.08 0.1

This enables an iterative analysis/synthesis approach. Starting from t [S]

the input signal segmeny(t), in each stepof the iteration a dom-
inant sinusoidal component in the current residual is extracted.
The extraction is realized by estimating the component param-
eters and then resynthesizing and subtracting the component t
calculate a new residua(t). If all sinusoidal components have
been extracted properly, only noise-like components are left over

in the residuat, (t). This assumes that transients are modeled suf- I;_;[n]

Figure 1:Rectangular (a), (b), (c) and slanted (d) sections of the
&lme frequency plane for the partials of a harmonic tone wigh f
sweeping from 80 Hz to 120 Hz in 100 ms.

ficiently well by time-varying sinusoids. Lc]z\i/;/t%rass* | Dp=larg(+) » Regression
Xheti [n]ﬁ %, (1)
2.2. Estimation of Constant Frequency : hem ¢
For the simple case of a single sinusoid with constant frequency e 7 Ipi
in white Gaussian noise, the maximum likelihood estimator is ba- t
sically given by the location of the maximum in the periodogram, " >®—r
i.e., the squared magnitude of the Fourier transférim [6]. fi’ f;
- 1Nt _jorntn ?
- argfma N n; Xnje . ®) Figure 2: High accuracy estimator for frequencfy based on the

Y . . . initial estimatef!’.
Once a frequency estimateis available, amplituda and phase !

¢ can be found by correlation with a complex sinusoid having the
estimated frequency.
In order to reduce interference from neighboring sinusoidal com- having the initially estimated frequencf)(etl = f/ The frequency

ponents and to meet the assumption of a single sinusoid in n0|se,f of resulting complex lowpass signal is estimated accurately as
a bandpass filter with a passband centered at an initial estlmatpthe slope of a linear approximation of its phaﬁg over time

£/
f/ of the sinusoid’s frequency has been introduced. The initial [8] using linear regression. Due to the limited bandwidth of the

estimate, usually the location of a peak in the discrete FourierI Litis t I led 500 H d
transform of the signal segment, is provided by the decomposi- owpass signal, it is typically resample f@ip - z in order

tion algorithm. In combination with the above mentioned tempo- {0 reduce the computational complexity of lowpass filtering and
ral window, estimation thus evaluates only a section of the time- régression. Finally, the initial estimatié is added to obtain an
frequency plane (Figufg 1(a)). The filter bandwidth has been cho- accurate frequency estimafefor the original signal.

sen carefully to achieve a good trade-off between maximum at-

tenuation of neighboring components and minimum attenuation of

the sinusoid to be estimated, which may be located off-center due2.3. Estimation of Frequency and Sweep Rate

to the error of the initial estimate. For the typical effective seg-

ment length ofs; = T = 32 ms employed in HILN, a bandwidth  To accommodate for the time-varying frequency of a sinusoidal
of A; = 32 Hz is used, which is the minimum bandwidth according trajectory in case of vibrato or portamento, the heterodyne-based
to time-frequency uncertaint;A; > 1. frequency estimator has been extended to permit also estimation of
To implement bandpass filtering and frequency estimation, the sig-the sweep rate of linearly changing frequenciés [7]. For this pur-
nal is subjected to a frequency shift corresponding to the initial pose, the bandpass filter bandwidth had to be increased to 64 Hz
estimate, followed by a lowpass filtér| [7], typically an FIR filter to cover the frequency range traversed during the duration of the
(Figure[2). Frequency shifting is performed with help of a com- signal segment (Figufg 1(b)). Furthermore, linear regression now

plex heterodyne signal finds the parameters of a parabolic approxmatlocpl,pf ), hence
et estimating the frequency and sweep rate of a sinusoid with instan-
XnetilN =€~ j2n=n (4) taneous frequency changing linearly over time.
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3. TRACKING OF SINUSOIDS Figurg3(a) shows the trajectories found by sweep estimation (Sub-
sectior] 2.B) with subsequent parameter matching to build trajecto-
3.1. Tracking by Parameter Matching ries (Subsectiop 31). Figuré 3(b) shows the trajectories found by

. . . tracking sweep estimation (Subsecfion] 3.2)

H_|gh_ sweep rates, as e.g. observed_for the higher pa_rtlals Of aor the new approach, the only tracking error in the left half of
singing voice, can not be recovered this way because oflncreasmq:igureB(b) can be seen at 0.8 s 1.2 kHz. In contrast. the old
interference from neighboring partials (Figfife 1(c)). To address technique (Figurg]3(a)) fails for all crossing trajectories. In case

thi_s proble_m, algorithms for building sinusoidal trajectqries from of additional noise (right half of Figufg 3), the performance of the
atlme-serlgs of freque.ncy and gmplltude pqrameter estlm.ates haV%ew approach is reduced, but still significantly better than the old
to be considered. A simple trajectory-building approach is based technique

on finding the best matches between frequency and amplitude PaLrthermore, it should be noted that the more reliable estimation

rameters of the sinusoids es“”“f’“ed independently in consecutive chieved by the tracking sweep estimation presented here also leads
f;?argleen:r?.cgseg?)lﬁei %fg\;vi?ep;tgged problems, the results are nqag significantly lower residual signal (not shown in Figlife 3). This
9 P ' improves the performance of the subtractive signal decomposition
and leads to a final residual signal that is much less influenced by
3.2. Tracking Sweep Estimation estimation errors, hence enabling a better estimation of the noise

More reliable results can be obtained if the signal of a sinusoidal component parameters in an HILN encoder.
9 The sinusoidal tracking algorithm introduced here was also em-

component is actually tracked between consecutive segments. Henqgyed in the encoder used for the final verification test of the
the sweep estimator has been extendeq to take inFo account the fre[I\?/IPEG-4 parametric audio coding tool HILN. In this listening test
quency and phase pa_rametqg*.@ and@prein the_ previous segment ., \ has been compared to other state-of-the-art audio codirllg
| =1 in order to provide phase-locked tracking of a supposed si- systems at bit rates of 6 and 16 kbit/s [9]. The test has shown
nusoidal trajectory. The difference between the frequency in thethat HILN performs comparable to MP[EG-Zi TwinVQ when oper-
previous segment and ini;ia}l_frequ_ency estimate for the current ated at 6 kbit/s and comparable to MPEG-4 AAC when operated
?eegp:gigtir?gglc;/v;%:eﬂ;%?\Zlglrtcl)aclilyisélg;:\zlo fthe sweep rate. A €O 4t 16 kbit/s. Seé [9] and [5] for a more detailed analysis of the test
results and the additional functionalities provided by HILN.

+1/2
(")

Xneyi 1] = & 1= (5)

5. CONCLUSIONS

ith the fi
w © frequency In this paper, a new approach for reliable tracking and parameter

dey e (1) t—t R estimation for time-varying sinusoids was introduced. When com-
%gt = freti(t) = Tore+ Tlil (ff — fore) (6) pared to earlier techniques, significantly improved performance for
T ' synthetic test signals was observed. This new approach for track-
permits to extract a slanted section of the time-frequency plane foring sweep estimation was also successfully demonstrated in an en-
the accurate frequency and sweep rate estimation (Figure 1(d)). coder for MPEG-4 parametric audio coding HILN.
Linear regression for the phaﬁ’?p i(t) of the lowpass signal now 'I"o further improve the §inusqidal parameter est!mation, a joint es-
uses a cubic approximation. waever, two of the four parame- timation approach for sinusoids closely spaced in frequency, espe-
ters are predetermined by the frequerigy and phasepre of the cially in the case of crossing trajectories, should be investigated.
supposed sinusoidal trajectory in the previous segment. It is con-
venient to use the centgr ; of the previous segment as origin of 6. REFERENCES
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Figure 3: Sinusoidal trajectories found by sweep estimation with
parameter matching (a) and tracking sweep estimation (b) for a
synthetic signal containing+ 5 sinusoids with gt) = 1 and ad-
ditional white noise witto, = \/1/2 starting at t= 1 s (sampling
frequency § = 16 kHz, frame length = 32 ms).
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