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(57) Abstract: A method and apparatus for transmitting an audio signal over a communication channel comprising encoding the
audio signal with an encoder 204 using a first sampling rate, filtering the audio signal using a first cut off frequency, the first cut
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quency being chosen in dependence upon the second sampling rate, such that the audio bandwidth of the transmitted signal
changes gradually when the sampling rate is switched to the second sampling rate.
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ENCODING AND DECODING SPEECH SIGNALS

Field of the Invention

This invention relates to encoding and decoding speech signals, in particular

for transmission of the speech signals over a communication channel.

Background

A typical packet-based communications network, such as the internet, allows
users to communicate with each other using a communication channel in the
network. The communication channel can be used to transfer speech signals
between users in the network using a protocol such as the Voice over Internet
Protocol (VoIP) as is known in the art. This allows the users to have a
conversation with each other over the communications network. Speech
signals are encoded with a codec at a first user terminal to compress the
speech signals before they are transmitted over the communication channel to
a second user terminal. At the second user terminal the speech signals are
decoded with a codec to output the speech signals to the user. As is known in
the art, the encoding and decoding processes include sampling the speech
signal at a particular sampling rate. A greater sampling rate will generally
result in a higher quality for the speech signal, but the network bandwidth

required to transmit the signal will be increased.

The amount of data travelling over the network (i.e. the network load) will vary
over time. The network bandwidth available in the network for a particular
communication channe! changes over time as a consequence of the varying

network load as well as other time varying factors.

Some speech codecs, such as hybrid speech codecs, are able to switch
between a set of available internal sampling rates. This allows the sampling
rate used to encode and decode the speech signals to be dynamically
adjusted in real time in dependence upon the current network bandwidth
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available in the communications network. In this way, the quality of the
speech signal can be improved without exceeding the available network
bandwidth of the communication channel. The hybrid speech codecs might
switch the sampling rate immediately when a switch is desired. Alternatively,
the codecs might wait to switch the sampling rate so that the switch is made
during a period of speech inactivity. This ensures that the switch takes place
when the speech signal is low so that the distortion in the frame in which the
switch is carried out is low.

However, switching the sampling rate from a first sampling rate to a second
sampling rate can cause a sudden change in the audio bandwidth of the
speech signal. A sudden change in the audio bandwidth is noticeable in the
speech signal and can be disturbing to the conversation. For the user
receiving the speech signals, the sudden change in audio bandwidth is easily
detectable and is perceived as a change in the characteristic of the speaker.
The sudden change in audio bandwidth is particularly noticeable when the
switch in internal sampling rate happens during a short period of speech
inactivity, but during a period of high speaker activity, e.g. between two words
in a sentence. Furthermore, when background noise is moderate or high, the
switch in internal sampling rate will instantaneously change the characteristics
of the background noise, thereby making the switch in sampling rates more

noticeable in the speech signal.

The present invention has been made in the context of the prior art described

above.

Summary

According to a first aspect of the invention there is provided a method of
transmitting an audio signal over a communication channel, the method
comprising: encoding the audio signal with an encoder using a first sampling
rate; filtering the audio signal using a first cut off frequency, the first cut off
frequency being chosen in dependence upon the first sampling rate; and
transmitting the encoded and filtered audio signal over the communication
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channel, wherein the method further comprises; determining the presence of a
condition in which the sampling rate of the encoder is to be switched to a
second sampling rate at a switching time; and if the condition has been
determined to be present, gradually changing the cut off frequency used in the
filtering step from the first cut off frequency to a second cut off frequency, the
second cut off frequency being chosen in dependence upon the second
sampling rate, such that the audio bandwidth of the transmitted signal
changes graduaily when the sampling rate is switched to the second sampling

rate.

According to a second aspect of the invention there is provided a method of
processing an audio signal, the method comprising: receiving the audio signal
over a communication channel; decoding the audio signal with a decoder
using a first sampling rate; and filtering the audio signal using a first cut off
frequency, the first cut off frequency being chosen in dependence upon the
first sampling rate, wherein the method further comprises: determining the
presence of a condition in which the sampling rate of the decoder is to be
switched to a second sampling rate at a switching time; and if the condition
has been determined to be present, gradually changing the cut off frequency
used in the filtering step from the first cut off frequency to a second cut off
frequency, the second cut off frequency being chosen in dependence upon
the second sampling rate, such that the audio bandwidth of the decoded and
filtered audio signal changes gradually when the sampling rate is switched to

the second sampling rate.

According to a third aspect of the invention there is provided apparatus for
transmitting an audio signal over a communication channel, the apparatus
comprising: an encoder for encoding the audio signal using a first sampling
rate; filtering means for filtering the audio signal using a first cut off frequency,
the first cut off frequency being chosen in dependence upon the first sampling
rate; transmission means for transmitting the encoded and filtered audio
signal over the communication channel; and determining means for
determining the presence of a condition in which the sampling rate of the
encoder is to be switched to a second sampling rate at a switching time,
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wherein the apparatus is configured such that if the condition has been
determined to be present, the cut off frequency used by the filtering means is
gradually changed from the first cut off frequency to a second cut off
frequency, the second cut off frequency being chosen in dependence upon
the second sampling rate, such that the audio bandwidth of the transmitted
signal changes gradually when the sampling rate is switched to the second

sampling rate.

According to a fourth aspéct of the invention there is provided apparatus for
processing an audio signal, the apparatus comprising: receiving means for
receiving the audio signal over a communication channel; a decoder for
decoding the audio signal using a first sampling rate; filtering means for
filtering the audio signal using a first cut off frequency, the first cut off
frequency being chosen in dependence upon the first sampling rate; and
determining means for determining the presence of a condition in which the
sampling rate of the decoder is to be switched to a second sampling rate at a
switching time, wherein the apparatus is configured such that if the condition
has been determined to be present, the cut off frequency used by the filtering
means is gradually changed from the first cut off frequency to a second cut off
frequency, the second cut off frequency being chosen in dependence upon
the second sampling rate, such that the audio bandwidth of the decoded and
filtered audio signal changes gradually when the sampling rate is switched to

the second sampling rate.

According to a fifth aspect of the invention there is provided a communications
network comprising the apparatus described above, wherein the

communication channel is a channel in the communications network.

In embodiments of the invention an audio signal that is input to an encoder is
filtered with an adaptive low-pass filter that has a variable cut off frequency.
In this way, the highest frequencies in the audio signal can be controlled
dynamically. When the encoder switches the internal sampling rate used in
the encoding process, the sudden switch in sampling rate is masked by
smoothly varying the cut off frequency, such that the audio bandwidth of the
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encoded audio signal does not suddenly change. Instead, the audio
bandwidth of the signal is gradually changed over a period of time (the
trénsition time). In this way, the actual instant where a switch to a different
sampling rate in the encoder is unnoticeable. The filtering of the audio signal
ensures a soft transition between the audio bandwidth of the signal before
and after the switch in sampling rate. The audio signal is for example a

speech signal or a music signal.

When switching to a lower sampling rate, the cut off frequency is changed
prior to the switching time of the sampling rate, such that the audio bandwidth
of the audio signal is reduced to the appropriate level for the new lower

sampling rate before the switch occurs.

However, when switching to a higher internal sampling rate the cut off
frequency is changed after the switching time. This ensures that the audio
bandwidth of the audio signal does not suddenly increase as the sampling
rate is increased. During the transition phase the audio bandwidth is slowly
increased by increasing the cut off frequency of the filtering process until the
audio bandwidth of the signal matches the available audio bandwidth at the

new internal sampling rate.

This resuits in a much more pleasant transition between internal sampling rate
modes. The method can be performed at either the transmitting terminal or
the receiving terminal in the communications network. In other words, the
smoothing of the audio bandwidth transitions can occur at either the encoding

or the decoding phase.

In this specification the term “network bandwidth” is used to mean the rate at
which data can be transferred over the network, for example over a particular
communication channel. The term “audio bandwidth” is used to mean the
width of a range of frequencies. The audio bandwidth of the audio signal is a

measure of the range of frequency components present in the audio signal.

Brief Description of the Drawings
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For a better understanding of the present invention and to show how the same
may be put into effect, reference will now be made, by way of example, to the
following drawings in which:

Figure 1 shows a communications network according to a preferred
embodiment;

Figure 2 shows a schematic view of a user terminal for encoding speech
signals according to a preferred embodiment;

Figure 3a is a flowchart of a process for encoding speech signals according to
a preferred embodiment;

Figure 3b is a flowchart of a process for adapting to changes in the conditions
in the network when the network bandwidth increases;

Figure 4 is a graph showing the sampling rate and cut off frequency as a
function of time in a first example;

Figure 5 is a graph showing the sampling rate and cut off frequency as a
function of time in a second example;

Figure 6 is a graph showing examples of the magnitude responses of the set
of low-pass filters that constitutes a transition phase;

Figure 7 shows a schematic view of a user terminal for decoding speech
signals according to a preferred embodiment; and

Figure 8 is a flowchart of a process for decoding speech signals according to

a preferred embodiment.

Detailed Description of Preferred Embodiments

Reference is first made to Figure 1, which illustrates a communication system
100 such as a packet-based Peer to Peer (P2P) communication system. A
first user 102 of the communication system operates a user terminal 104,
which is shown connected to a network 106. The communication system 100
utilises a network such as the Internet. The user terminal 104 may be, for
example, a personal computer (“PC"} (including, for example, Windows™,
Mac OS™ and Linux™ PCs), a mobile phone, a personal digital assistant
(“PDA”} or other embedded device able to connect to the network 106. The
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user device 104 is arranged to receive information from and output
information to a user 102 of the device. The user terminal 104 comprises a
microphone 116 for receiving audio signals from the user 102 and a speaker
118 for outputting audio signals to the user 102. The user terminal 104 might
also include a display (not shown) for displaying images to the user 102 and
input means such as a keypad or joystick (not shown) for the user 102 to input

data to the user terminal 104.

The user terminal 104 is running a communication client 108, provided by a
software provider. The communication client 108 is a software program
executed on a local processor in the user terminal 104. The communication
client 108 allows the user terminal 104 to communicate with other user
terminals over the network 108. For example the user terminal 104 can
communicate with the user terminal 112 associated with a second user 110.
The user terminal 112 is similar to the user terminal 104 in that it includes a
communication client 114 for communicating over the network 106, a
microphone 120 for the user 110 to input audio signals and a speaker 122 for
outputting audio signals to the user 110.

In operation, the user 102 can input audio signals, such as speech signals, to
the user terminal 104 using the microphone 116. The client 108 can be used
to transmit the speech signals over the network 106 to the client 114 of the
user terminal 112. The audio signais can be oufput to the user 110 via the
speaker 122. Similarly, the user 110 can send audio signals to the user 102,
whereby the audio signal is received at the microphone 120 and sent to the
user terminal 104 over the network using the communication clients 114 and
108. The audio signal is output to the user 102 via the speaker 118.

With reference to Figure 2, the user terminal 104 comprises a filtering block
202, a speech encoder 204 and a controller 206. In the preferred
embodiment described here the filtering block 202, the speech encoder 204
and the controller 206 all run inside a CPU of the user terminal 104. However,
in altemative embodiments, the filtering block 202, speech encoder 204 and
controller 206 may be implemented in separate hardware blocks inside the
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user terminal 104. The filtering block 202 comprises an adaptive low pass
filter 207 and an anti-aliasing filter 208. The user terminal 104 also comprises
other elements but these are not shown in figure 2 for clarity. The controller
206 is connected to the filtering block 202 and to the encoder 204. [n the
preferred embodiment described herein the encoder 204 is a speech encoder
used to encode speech signals before transmitting the signals over the
network 106. In alternative embodiments a second anti-aliasing filter is
implemented in the encoder 204 as well as, or alternatively to, the anti-
aliasing filter 208 implemented in the filtering block 202. For example, the
encoder 202 may comprise a re-sampler block (not shown in the figures)
which comprises the second anti-aliasing filter. Alternatively, the second anti-
aliasing filter can be separate from the re-sampler block in the encoder 204.
In general an anti-aliasing filter (such as the anti-aliasing filter 208 or the
second anti-aliasing filter) can be implemented at any point in the processing
sequence between receiving the speech signals at the user terminal 104 and
encoding the speech signals in the encoder 204. It can be advantageous to
integrate an anti-aliasing filter in either the filtering block 202 or the encoder
204 (or both).

The operation of the user terminal 104 when encoding speech signals will now
be described with reference to Figures 3a and 3b. In step S302 speech
signals are received at the microphone 116 of the user terminal 104 from the
user 102. The speech signals are passed to the adaptive low-pass filter 207
in the filtering block 202 as shown in Figure 2. In step S304 the speech
signals are filtered in the adaptive low-pass filter 207. The adaptive low-pass
filter 207 can comprise one or more low-pass filters. Each low-pass filter in
the adaptive low-pass filter 207 has a cut off frequency, whereby components
of the speech signal which have a frequency greater than the cut off
frequency are attenuated, whereas components of the speech signal which
have a frequency no greater than the cut off frequency are not attenuated (i.e.
those components are left substantially unchanged by the adaptive low-pass
filter 207). In this way, the high frequency components (the components with
frequencies above the cut off frequency) of the speech signal are substantially

removed.
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The low-pass filtered speech signal is passed to the anti-aliasing filter 208 and
then to the speech encoder 204. In step S306 the speech signal is encoded
in the speech encoder 204. Prior to encoding, the signal is converted from an
analogue to a digital signal (e.g. in a sound card of the user terminal 104)
which involves anti alias filtering and sampling of the input. The digital and
hence sampled signal is input to the encoder 204. The encoding of the
speech signal may involve further down sampling of the speech signal, as is
known in the art. The higher the sampling rate the higher is the potential
quality of the encoded signal. By sampling the signal at discrete times, some
high frequency components of the signal need to be removed for the following
reason; According to the Nyquist theorem any frequency components of the
signal which have a frequency higher than half of the sampling rate cannot be
uniquely represented using that sampling rate. If not removed before
sampling, energies at these frequencies will cause aliasing, which distorts the
signal. Therefore an anti-aliasing filter such as 208 is needed to attenuate the
energy at frequencies higher than half the sampling rate of the encoder 204,
also known as the Nyquist frequency. In other words, if F; is the frequency of
the ith frequency component in the signal and Fs is the sampling frequency

then components in the signal where 2F, > F; will be removed by the anti-

aliasing filter to avoid aliasing, and thus will not be encoded, but lower

frequency components where 2F, < F, will remain, and can be encoded.

Although, increasing the sampling rate improves the quality of the speech
signal, it also places a greater load on the communication channel.

In step S308 the filtered and encoded speech signals are transmitted over a
communication channel in the network 106 between the user terminal 104 and
the user terminal 112. Methods of implementing the transmission of the

speech signals over the network 106 are known in the art.

As described above, it is advantageous to increase the sampling rate of the
encoder 204 to thereby increase the audio bandwidth of the speech signal.
However, if the sampling rate of the encoder 204 is increased too much then
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the network 106 may not be able to transfer the data between the user
terminals at an acceptable rate. In other words the network bandwidth
available for the communication channel is less than the required network
bandwidth for transmitting the encoded speech signals. Furthermore,
increasing the sampling rate increases the processing power required to
encode and decode the speech signal. Therefore, if the sampling rate is
increased too much the user terminal 104 might not have sufficient processing
power to encode the speech signal, or the user terminal 112 might not have

sufficient processing power to decode the speech signal.

Figure 3b shows a flowchart of a process for adapting to changes in the
conditions in the network when the changes lead to a switch to a higher
sample rate. In step 8310 the user terminal 104 determines the presence of a
condition that requires the sampling rate used in the encoder 204 to be
switched to a different one of the internal sampling rates. This condition could
be due to a change in the network bandwidth avaitable for the communication
channel or a change in the computational load on the user terminal 104. If the
computational load on the user terminal 112 has changed, the user terminal
112 could send a message to the user terminal 104 requesting that the

sampling rate used in the encoder 204 is changed.

The user terminal 104 attempts to optimize the transmission of the speech
signhal by using a sampling rate in the encoder 204 which is as high as
possible without causing problems in relation to the network bandwidth
available for the communication channel or the computational load on either
the user terminal 104 or the user terminal 112. In step $310 the user terminal
104 also determines a switching time Ts at which the sampling rate of the
encoder 204 should be switched. The determination in step S310 is carried

out by the controller 206.

In step S312 if the condition has been determined in step S312 such that the
sampling rate of the encoder 204 (e.g. the sampling rate used by the re-
sampler block of the encoder 204) is to be changed at the switching time Ts
then the controller 206 instructs to the encoder 204 specifying one of the

10
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internal sampling rates available to the encoder 204. The encoder 204
accordingly switches to the identified sampling rate. In this way the encoding
of the speech signal can dynamically adapt to conditions in the network 106 or
on the user terminals 104 and 112. Any sampler in the audio path (not only
the re-sampler block in the encoder 204) can affect the sampling rate of the
encoded signals being output from the encoder 204. The sampling rate of
these samplers could also be suddenly switched and embodiments of the
invention can be used to compensate for these sudden switches as well as
switches in the sampling rate of the re-sampler block in the encoder 204. For
example, the sampling rate of a sampler in the sound card could be suddenly
switched and the effect on the output audio signals of switching the sampling
rate in the sound card can be smoothed out by the adaptive low-pass filter

207 as described herein.

By suddenly changing the internal sampling rate of the speech encoder 204
the range of frequency components that can be included in the encoded
signal will suddenly change. For example, if the sampling frequency is
suddenly reduced, the Nyquist frequency (i.e. the highest frequency
component that can be preserved after sampling the speech signal) will be
reduced accordingly. As described above, the Nyquist frequency (Fy) is half
the sampling rate (Fs) of the encoder 204 (i.e. 2Fy=Fs), such that reducing the
sampling frequency reduces the range of frequencies in the speech signal.
Therefore, suddenly changing the sampling frequency can suddenly change
the audio bandwidth of the speech signhal.

However, in the present invention, an adaptive low-pass fiiter is used, such as
adaptive low-pass filter 207 in filtering block 202. In step S314 an instruction
is sent from the controller 206 to the filtering block 202 to gradually change
the cut off frequency (F¢) of the filtér(s) in the adaptive low-pass filter 207.
The cut off frequency of the filter(s) in the adaptive low-pass filter 207 are
gradually changed accordingly. In this way it is possible to control the audio
bandwidth of the speech signal such that although the sampling rate used in
the encoder 204 is suddenly changed, the audio bandwidth of the speech
signal can be gradually changed, such that it is varied smoothly. By smoothly

11
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changing the audio bandwidth of the speech signal, the switch in sampling
rate used by the encoder 204 is less noticeable in the encoded speech

signals.

Figure 4 shows a graph of Frequency as a function of Time in a first example.
The line 402 shows the sampling rate (Fs) used by the encoder 204. It can be
seen that the sampling rate is switched to a lower sampling rate at the
switching time Ts. The anti-aliasing filter 208 operates in conjunction with the
encoder 204, so when the sampling rate of the encoder 204 switches at time
Ts, the cut off frequency (F.,) of the anti-aliasing filter 208 switches
accordingly. The line 404 represents twice the value of the cut off frequency
(F) of the filtering block 202. The cut off frequency F of the filtering block 202
is the lower of the cut off frequency of the adaptive low-pass filter 207 (F¢)
and the cut off frequency of the anti-aliasing filter 208 (F.J). In other words,

F=min(F,,F_). Since frequencies above the Nyquist frequency are not

preserved for the particular sampling rate, the cut off frequency (F) applied to
the signal in the filtering block 202 before the signal enters the encoder 204 is
preferably set just below the Nyquist frequency (Fa) of the sampling rate (i.e.

2F ~ F,). This can be seen in that the line 404 is not above the sampling

rate shown by line 402. Where the sampling rate Fs is constant, the cut off
frequency Fa, of the anti-aliasing filter 208 is lower than the cut off frequency
Fc of the adaptive low pass filter 207. In this way the cut off frequency F of
the filtering block 202 equals the cut off frequency F.; of the anti-aliasing filter
208, such that the anti-aliasing filter 208 ensures that the frequency of the
signal as it enters the encoder 204 does not exceed the Nyquist frequency of
the encoder 204.

Where there is a switch in the sampling rate used by the encoder 204 the cut
off frequency (F) of the filtering block 202 is changed from a first frequency at,
or near, the Nyquist frequency of the sampling rate before the switching time
Ts, to a second frequency at, or near, the Nyquist frequency of the sampling
rate used in the encoder after the switching time Ts. As shown in Figure 4,

when switching down, the cut off frequency F¢ of the adaptive low-pass filter

12
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207 is changed gradually from the first frequency to the second frequency
prior to the switching time Ts. The cut off frequency F¢ of the adaptive low-
pass filter 207 is varied by altering the coefficients of the filters in the adaptive
low-pass filter 207 as described in more detail below.

The cut off frequency (F) of the filtering block 202 finishes changing to the
second frequency no later than the switching time Tg, such that at the time
that the sampling rate is switched, the frequency components that cannot be
preserved in the encoded speech signal due to the discrete sampling at the
sampling frequency after the switch of the encoding process are already being
filtered out by the adaptive low-pass filter 207. Therefore in this example, the
cut off frequency F¢ of the adaptive low-pass filter 207 is changed prior to the
switching time Ts and so in Figure 3b, step S314 occurs before step S312.
Therefore, the sudden switching of the sampling rate does not cause a
sudden change in the audio bandwidth of the encoded speech signals. This
is shown in Figure 4 in that the line 404 (2F) develops smoothly as a function
of time unlike the line 402 (Fg).

Figure 5 shows a second example in which the sampling rate used in the
encoder 204 is increased at the switching time Ts. In this case the cut off
frequency F of the filtering block 202 essentially starts changing no earlier
than the switching time Ts. In this second example the cut off frequency of
the adaptive low-pass filter 207 is changed after the switching time 75 and so
in Figure 3b, step S314 occurs after step S312. As in the example shown in
Figure 4 the cut off frequency F changes from a first frequency at, or near, the
Nyquist frequency of the sampling rate used in the encoder before the
switching time Ts to a second frequency at, or near, the Nyquist frequency of
the sampling rate used in the encoder after the switching time Ts. The cut off
frequency F gradually changes from the first frequency to the second
frequency after the switch time Ts. In this way, the sudden change in the
sampling rate at time Ts does not suddenly introduce extra frequency
components into the encoded speech signal because these extra speech
components are initially above the cut off frequency F¢ of the adaptive low-
pass filter 207 and are therefore filtered out of the speech signal. In this way

13
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the sudden switching of the sampling rate does not cause a sudden change in
the audio bandwidth of the encoded speech signals. This is shown in Figure 5
in that the line 504 (2F) develops smoothly over time unlike the line 502 (Fs).
The cut off frequency of the adaptive low-pass filter 207 is gradually increased
after the switching time Ts to allow for higher frequency components to be
present in the encoded speech signal, thereby improving the quality of the
encoded speech signal.

During the transition time the cut off frequency F¢ of the adaptive low-pass
filter 207 is lower than that of the anti-aliasing filter 208 such that the cut off
frequency F of the filtering block 202 is equal to the cut off frequency F¢ of the
adaptive low-pass filter 207. Therefore by gradually changing the cut off
frequency Fg of the adaptive low-pass filter 207 the cut off frequency F of the
filtering block 202 can be gradually changed. This enables a smooth
transition in the audio bandwidth of the sighal. However, apart from the
transition time (i.e. when the sampling rate of the encoder 204 is constant) the
cut off frequency of the adaptive low-pass filter 207 is higher than (or equal to)
that of the anti-aliasing filter 208, such that the cut off frequency F of the
filtering block 202 is equal to the cut off frequency F,, of the anti-aliasing filter
208. In this way, the cut off frequency of the filtering block 202 is regulated by
the anti-aliasing filter 208 according to the sampling rate of the encoder 204
away from the transition phases. The cut off frequency F¢ of the adaptive
low-pass filter 207 does not limit the audio bandwidth away from the transition
phases. Away from the transition phases the adaptive low-pass filter 207 can
be bypassed. Alternatively, as described above, the cut off frequency of the
adaptive low-pass filter 207 can be set equal to the cut off frequency Fg, of the
anti-aliasing filter 208 to take some burden away from the anti-aliasing filter
208. As a second alternative, the adaptive low-pass filter 207 can dual as an
anti-aliasing filter such that away from the transition phases it has a cut off
frequency of Fa. In this second alternative there is no requirement for an
anti-aliasing filter since the functions of the anti-aliasing filter are performed by
the adaptive low-pass filter 207.
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In a preferred embodiment, the adaptive low-pass filter 207 comprises a
plurality of filters with pre-calculated filter coefficients such that they have
respective cut-off frequencies. The respective cut off frequencies of the filters
range from a frequency close to Nyquist frequency of the sampling rate used
in the encoder 204 before the switching time Ts to a frequency near the
Nyquist frequency of the sampling rate used in the encoder 204 after the
switching time Ts. Each filter can be described by Na plus Ng filter coefficients
a(n) (with n ranging from 0 to Na-1) and b(n) (with n ranging from 0 to Ng-1).
Filter coefficients of filters with cut-off frequencies in between the cut off
frequencies of the pre-calculated filters can be estimated using an
interpolation technique. For example, a linear interpolation technique could

be used in which:
a(n)= (1-E)a,(n)+ ka,(n) with0<k<I,

where as(n) are the filter coefficients of a first of the pre-calculated filters (with
a cut off frequency of f;) and ax(n) are the filter coefficients of a second of the
pre-calculated filters (with a cut off frequency of f;) and k is an interpolation
constant and is obtained from the desired cut-off frequency fx using the

equation:

sz—":fL where f, < f, = f,.

fz ’""'fk

Filter coefficients b(n) can be estimated in the same manner, as shown here

for a(n).

Figure 6 shows a graph of the magnitude responses of the filters in the
adaptive low-pass filter 207 as a function of frequency. The strong black lines
in Figure 6 show the magnitude responses of the pre-calculated filters in the
adaptive low-pass filter 207 which have the pre-calculated coefficients. Filters
with magnitude responses between those of the pre-calculated filters can be
obtained as represented by the shaded regions between the strong black
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lines in Figure 6. These filters can be obtained using the pre-calculated filters
and a suitable interpolation method (such as the linear interpolation method
described above) to arrive at filter coefficients between those of the pre-

calculated filters.

In an alternative embodiment, filter coefficients can be calculated directly in
real-time to provide filters with the required cut off frequencies. In this way the
filter coefficients are calculated more accurately than when using an
interpolation method. However, this alternative embodiment usually has a

higher computational complexity.

The method can be implemented at the encoder side of the transmission as
described above. Alternatively, the method can be implemented at the
decoder side of the transmission as further described below with reference to

Figures 7 and 8.

With reference to Figure 7, the user terminal 112 comprises an adaptive low-
pass filter 702, a speech decoder 704 and a controller 706. In the preferred
embodiment described here the adaptive low-pass filter 702, the speech
decoder 704 and the controller 706 all run inside a CPU of the user terminal
112. However, in alternative embodiments, the adaptive low-pass filter 702,
speech decoder 704 and controller 706 may be implemented in separate
hardware blocks inside the user terminal 112. The user terminal 112 also
comprises other elements but these are not shown in figure 7 for clarity. The
controller 706 is connected to the adaptive low-pass filter 702 and to the
decoder 704. The decoder 704 is used to decode speech signals (which have
been encoded using a speech encoder) before outputting the speech signals
to the user 110 via the speaker 122.

The operation of the user terminal 112 when decoding speech signals will now
be described with reference to Figure 8. In step S802 speech signals are
received using the client 114 at the user terminal 112 from the user terminal
104 over the network 108. The received signals are passed to the decoder
704.
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[n step S804 the speech signals are decoded in the decoder 704. The
decoding of the speech signal involves generating the speech signal at a
given sampling rate, as is known in the art. The method passes from step
S804 to step S810 which is described in more detail below.

[n step S806 side information is received at the user terminal 112 over the
network 106. The side information is decoded in step S808. The side
information can alert the user terminal 112 that a switch in the sampling rate
of the signals received in step S802 will occur at a switching time Ts.

In step S810 it is determined whether the sampling rate of the received
signals either has changed or is about to change. When decoding the signals
the decoder 704 can recognize changes in the sampling rate of the received
samples and this information is used in step S810 to determine that a
sampling rate switch has occurred. The side information received in step
S$806 can be used in step S810 to determine that the sampling rate of the

received signhal will switch at some point in the future.

If it is determined that the sampling rate of the received signals either has
switched or is about to switch then the method passes to step S812. In step
$812 the cut off frequency of the adaptive low-pass filter 702 is gradually
changed. In order to achieve this, the controller 706 instructs the adaptive low-
pass filter 702 to gradually change its cut off frequency. In accordance with
this instruction the adaptive low-pass filter 702 will gradually change its cut off
frequency as described above, such that the audio bandwidth of the decoded
speech signal is not suddenly changed by the switch in sampling rate in the
decoder 704.

In step $814 the speech signals are filtered in the adaptive low-pass filter 702.
The adaptive low-pass filter 702 can comprise one or more filters, as
described above in relation to adaptive low-pass filter 207. Each filter in the
adaptive low-pass filter 702 has a respective cut off frequency. In this way,
the high frequency components (the components with frequencies above the
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cut off frequency) of the speech signal are substantially removed. Once the
speech signal has been decoded the filtered and decoded speech signal is
output in step S808 to the user 110 using the speaker 122.

As described above the sampling rate switching condition may be a change
in the network bandwidth available for the communication channei, or may be
a change in the computational load of the user terminal 112 or the user
terminal 104. However, usually the sampling frequency of the decoder will
match that chosen in the encoder. The sampling frequency of the encoder
can be determined at the decoder in step S804 by decoding the received
signals. Alternatively the sampling frequency of the encoder can be sent over
the network to the decoder user terminal 112 as side information received in
step S806.

In this way the cut off frequency applied to the speech signals can be
gradually varied at the decoder side of the transmission in order to smoothly
vary the audio bandwidth of the speech signals when the sampling rate is
switched in the decoder 704.

As described above, the process of adaptive low-pass filtering with gradually
changing cut off frequency can be carried out at the transmitting user terminal
(where the speech signals are encoded) or at the receiving user terminal
(where the speech signals are decoded). If the process is carried out at the
transmitting user terminal (user terminal 104), bits will not be spent encoding
components of the speech signal that will later be filtered out in the decoder.
Thus, the quality of the speech signal at a given bit rate on the communication
channel will be higher if the filtering process is carried out at the transmitting

user terminal.

As described above, when switching to a lower sampling rate, the cut off
frequency of the adaptive low-pass filter 702 is changed before the switching
time Ts. Where the process is implemented at the receiving user terminal
(where the decoding of the speech signal is performed) and the system is

switching to a lower sampling rate then side-information is required to be sent
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to the user terminal 112, indicating when to start changing the cut off
frequency of the adaptive low-pass filter 702. [f it is not possible to send the
required side-information, and the cut off frequency cannot be varied at the
encoding user terminal (i.e. if only a decoder implementation is possible), only
switches to a higher sampling rate get the full benefit of the current invention
(not switches to a lower sampling rate). Switching to a lower sampling rate
might still be improved by the current invention by for instance using a buffer
at playback side at the cost of delay. This makes most sense in one way

communications, such as broadcasting.

When increasing the internal sampling rate, the duration of the transition (i.e.
the time period over which the cut off frequency of the filtering block is
changed) is chosen as a trade-off between a long transition time which
significantly reduces the disturbance caused by a switch in terms of the
change in audio bandwidth of the speech signals, and a short transition time
where the codec will reach the best possible quality for that specific sampling
rate sooner. When switching to a lower internal sampling rate, the duration of
the transition is chosen as a trade-off between a long transition time which
significantly reduces the disturbance caused by the switch in sampling rate,
and a short transition time which reduces the time required to adapt to the
new network conditions or CPU conditions. Since the trade-offs differ for up-
and down- switching, the transition times may well be chosen independently.
By gradually changing the cut-off frequency of the adaptive low-pass filter the
audio bandwidth of the speech signal is reduced below the maximum possible
audio bandwidth for the duration of the transition phase. This results in
suboptimal perceptual quality during the transition phase. It has been
determined from experiments that a transition time of approximately three to
five seconds mitigates the negative impact of the switching awareness, at a
reasonable cost of reduced audio bandwidth and sub-optimal perceptual
quality during the transition phase. However, this is a codec dependent setting

and should be tuned differently to suit the properties for each particular codec.

In the embodiments described above, the speech signal is filtered (in adaptive
tow-pass filter 207 or 702} before the speech signal is encoded (in encoder
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204) or after it has been decoded (in decoder 704). In alternative
embodiments, the filtering is applied to the speech signal in the encoded
signal domain, i.e. after encoding and/or before decoding. When applied in
one way or another in the encoded signai domain, the audio bandwidth of the
speech signal can still be smoothly varied. However, in such embodiments,
the encoder/decoder spends some processing power on encoding/decoding
some components of the speech signal which will be filtered out by the
filtering block. Therefore these alternative embodiments are less desirable
than the preferred embodiments described above, but they still have the
characteristic that the cut-off frequency is gradually changed to thereby

eliminate sudden changes in the audio bandwidth of the speech signal.

By pre-filtering the input signal, or alternatively by post-filtering the output
signal, the current invention ensures a smooth audio bandwidth transition
when switching internal sampling rate in a speech codec. This approach is
perceived as more pleasant sounding than when a switch in sampling rate
instantly changes the audio bandwidth.

While this invention has been particularly shown and described with reference
to preferred embodiments, it will be understood by those skilled in the art that
various changes in form and detail may be made without departing from the
scope of the invention as defined by the appendant claims. In particular, the
invention is described above in relation to the use of audio signals in a call
between users over a VolP communication system, but the invention may be
equally applied to audio signals for use in other scenarios as would be
apparent to a skilled person.

FFor example the invention can be applied to the transmission of music signals
across a network. As another example, in the above described embodiments,
sudden switches in the sampling rate of the re-sampler used in the encoder
204 are compensated for using the adaptive low-pass filter 207. The same
method can be used to smooth out sudden changes in the sampling rate used
by any sampler in the audio path (e.g. a sampler in the sound card) that would
affect the sampling rate of the signals output from the encoder 204.
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Claims

1. A method of transmitting an audio signal over a communication
channel, the method comprising:

encoding the audio signal with an encoder using a first sampling rate;

filtering the audio signal using a first cut off frequency, the first cut off
frequency being chosen in dependence upon the first sampling rate; and

transmitting the encoded and filtered audio signal over the
communication channel,

wherein the method further comprises:

determining the presence of a condition in which the sampling rate of
the encoder is to be switched to a second sampling rate at a switching time;
and

if the condition has been determined to be present, gradually changing
the cut off frequency used in the filtering step from the first cut off frequency to
a second cut off frequency, the second cut off frequency being chosen in
dependence upon the second sampling rate, such that the audio bandwidth of
the transmitted signal changes gradually when the sampling rate is switched

to the second sampling rate.

2, The method of claim 1 wherein the step of filtering is performed before

the step of encoding.

3. The method of claim 1 wherein the step of filtering is performed after

the step of encoding.

4. A method of processing an audio signal, the method comprising:

receiving the audio signal over a communication channel;

decoding the audio signal with a decoder using a first sampling rate;
and

filtering the audio signal using a first cut off frequency, the first cut off
frequency being chosen in dependence upon the first sampling rate,

wherein the method further comprises:
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determining the presence of a condition in which the sampling rate of
the decoder is to be switched to a second sampling rate at a switching time;
and

if the condition has been determined to be present, gradually changing
the cut off frequency used in the filtering step from the first cut off frequency to
a second cut off frequency, the second cut off frequency being chosen in
dependence upon the second sampling rate, such that the audio bandwidth of
the decoded and filtered audio signal changes gradually when the sampling
rate is switched to the second sampling rate.

5. The method of claim 4 wherein the step of filtering is performed after
the step of decoding.

8. The method of claim 4 wherein the step of filtering is performed before

the step of decoding.

7. The method of any of claims 4 to 6 wherein the condition is a change in
the sampling rate of the received audio signal.

8. A method according to any preceding claim wherein the first cut off
frequency is chosen to be substantially equal to the Nyquist frequency of the
first sampling rate and the second cut off frequency is chosen to be
substantially equal to the Nyquist frequency of the second sampling rate.

9. A method according to any preceding claim wherein at least one filter is
used in the step of filtering the audio signal, and the cut off frequency used in
the filtering step is gradually changed by varying at least one coefficient of the

at least one filter.

10. A method according to claim 9 wherein there is a plurality of said filters,
the coefficients of the filters being pre-calculated such that each filter has a
respective pre-calculated cut off frequency, the method further comprising
using an interpolation method to estimate coefficients of filters with cut off
frequencies between the pre-calculated cut off frequencies.
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11. A method according to claim 10 wherein the interpolation method is a

linear interpolation method.

12. A method according to claim 9 wherein the at least one coefficient is
directly calculated in real-time to provide the at least one filter with a particular

cut off frequency.

13. A method according to any preceding claim wherein the first sampling
rate is greater than the second sampling rate and wherein the cut off
frequency used in the filtering step finishes gradually changing to the second

cut off frequency no later than the switching time.

14. A method according to any of claims 1 to 12 wherein the first sampling
rate is less than the second sampling rate and wherein the cut off frequency
used in the filtering step starts gradually changing to the second cut off

frequency no earlier than the switching time.

15. A method according to any preceding claim wherein the condition is a
change in the available network bandwidth on the communication channel.

16. A method according to any of claims 1 to 14 wherein the condition is a

change in the computational load available for performing the method steps.

17. A method according to any preceding claim wherein the step of
determining the presence of a condition comprises receiving information
indicating that the sampling rate of the decoder is to be switched to the

second sampling rate at the switching time.

18. A method according to any preceding claim wherein the audio signal is

a speech signal.

19. A method according to any of claims 1 to 17 wherein the audio signal is

a music sighal.
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20. Apparatus for transmitting an audio signal over a communication
channel, the apparatus comprising:

an encoder for encoding the audio signal using a first sampling rate;

filtering means for filtering the audio signal using a first cut off
frequency, the first cut off frequency being chosen in dependence upon the
first sampling rate;

transmission means for transmitting the encoded and filtered audio
signhal over the communication channel; and

determining means for determining the presence of a condition in which
the sampling rate of the encoder is to be switched to a second sampling rate
at a switching time,

wherein the apparatus is configured such that if the condition has been
determined to be present, the cut off frequency used by the filtering means is
gradually changed from the first cut off frequency to a second cut off
frequency, the second cut off frequency being chosen in dependence upon
the second sampling rate, such that the audio bandwidth of the transmitted
signal changes gradually when the sampling rate is switched to the second

sampling rate.

21.  Apparatus for processing an audio signal, the apparatus comprising:

receiving means for receiving the audio signal over a communication
channel;

a decoder for decoding the audio signal using a first sampling rate;

filtering means for filtering the audio signal using a first cut off
frequency, the first cut off frequency being chosen in dependence upon the
first sampling rate; and

determining means for determining the presence of a condition in which
the sampling rate of the decoder is to be switched to a second sampling rate
at a switching time,

wherein the apparatus is configured such that if the condition has been
determined to be present, the cut off frequency used by the filtering means is
gradually changed from the first cut off frequency to a second cut off
frequency, the second cut off frequency being chosen in dependence upon
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the second sampling rate, such that the audio bandwidth of the decoded and
filtered audio signal changes gradually when the sampling rate is switched to

the second sampling rate.

22.  The apparatus of claim 20 or 21 wherein the filtering means comprises
at least one filter, at least one coefficient of the at least one filter being
variable to thereby gradually change the cut off frequency of the filtering

means.

23. The apparatus of claim 22 wherein the filtering means comprises a
plurality of said filters, the coefficients of the filters being pre-calculated such
that each filter has a respective pre-calculated cut off frequency, the
apparatus being further configured to use an interpolation method to estimate
coefficients of filters with cut off frequencies between the pre-calculated cut off

frequencies.

24.  The apparatus of any of claims 20 to 23 wherein the communication
channel is between two nodes in a communications network.

25. The apparatus of any of claims 20 to 24 wherein the condition is a

change in the available network handwidth on the communication channel.

26. The apparatus of any of claims 20 to 24 wherein the condition is a

change in the computational load at the apparatus.
27. A communications network comprising the apparatus of any of claims

20 to 26, wherein the communication channel is a channel in the

communications network.
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