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A method for processing a digital audio broadcast signal 
includes : separating an analog audio portion and a digital 
audio portion of the digital audio broadcast signal ; deter 
mining the loudness of the analog audio portion and the 
digital audio portion over a first short time interval ; using the 
loudness of the analog and digital audio portions to calculate 
a short term average gain ; determining a long term average 
gain ; converting one of the long term average gain or the 
short term average gain to dB ; if an output has been blended 
to digital , adjusting a digital gain parameter by a preselected 
increment to produce a digital gain parameter ; if an output 
has not been blended to digital , setting the digital gain 
parameter to the short term average gain ; providing the 
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digital gain parameter to an audio processor , and repeating 
the above steps using a second short time interval . 

20 Claims , 5 Drawing Sheets 
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METHOD AND APPARATUS FOR LEVEL redundantly transmitted on the analog modulated carrier and 
CONTROL IN BLENDING AN AUDIO the digitally modulated subcarriers . The analog audio is 
SIGNAL IN AN IN - BAND ON - CHANNEL delayed at the transmitter by a diversity delay . 

RADIO SYSTEM In the absence of the digital audio signal ( for example , 
5 when the channel is initially tuned ) the analog AM or FM 

backup audio signal is fed to the audio output . When the 
Matter enclosed in heavy brackets [ ] appears in the digital audio signal becomes available , a blend function 
original patent but forms no part of this reissue specifica- smoothly attenuates and eventually replaces the analog 
tion ; matter printed in italics indicates the additions backup signal with the digital audio signal while blending in 
made by reissue ; a claim printed with strikethrough 10 the digital audio signal such that the transition preserves 
indicates that the claim was canceled , disclaimed , or held some continuity of the audio program . Similar blending 
invalid by a prior post - patent action or proceeding . occurs during channel outages which corrupt the digital 

signal . In this case the analog signal is gradually blended 
FIELD OF THE INVENTION into the output audio signal by attenuating the digital signal 

15 such that the audio is fully blended to analog when the 
The described methods and apparatus relate to digital digital corruption appears at the audio output . Corruption of 

radio broadcast receivers and , in particular , to methods and the digital audio signal can be detected during the diversity 
apparatus for level alignment of analog and digital pathways delay time through cyclic redundancy check ( CRC ) error 
in digital radio receivers . detection means , or other digital detection means in the 

20 audio decoder or receiver . 
BACKGROUND OF THE INVENTION The concept of blending between the digital audio signal 

of an IBOC system and the analog audio signal has been 
Digital radio broadcasting technology delivers digital previously described in , for example , U.S. Pat . Nos . 7,546 , 

audio and data services to mobile , portable , and fixed 088 ; 6,178,317 ; 6,590,944 ; 6,735,257 ; 6,901,242 ; and 
receivers . One type of digital radio broadcasting , referred to 25 8,180,470 , the disclosures of which are hereby incorporated 
as in - band on - channel ( IBOC ) digital audio broadcasting by reference . The diversity delay and blend allow the 
( DAB ) , uses terrestrial transmitters in the existing Medium receiver to fill in the digital audio gaps with analog audio 
Frequency ( MF ) and Very High Frequency ( VHF ) radio when digital outages occur . The diversity delay ensures that 
bands . HD RadioTM technology , developed by iBiquity the audio output has a reasonable quality when brief outages 
Digital Corporation , is one example of an IBOC implemen- 30 occur in a mobile environment ( for example , when a mobile 
tation for digital radio broadcasting and reception . receiver passes under a bridge ) . This is because the time 
IBOC technology can provide digital quality audio , supe- diversity causes the outages to affect different segments of 

rior to existing analog broadcasting formats . Because each the audio program for the digital and analog signals . 
IBOC signal is transmitted within the spectral mask of an In the receiver , the analog and digital pathways may be 
existing AM or FM channel allocation , it requires no new 35 separately , and thus asynchronously , processed . In a soft 
spectral allocations . IBOC promotes economy of spectrum ware implementation , for example , analog and digital 
while enabling broadcasters to supply digital quality audio demodulation processes may be treated as separate tasks 
to the present base of listeners . using different software threads . Subsequent blending of the 

The National Radio Systems Committee , a standard- analog and digital signals requires that the signals be aligned 
setting organization sponsored by the National Association 40 in time before they are blended . 
of Broadcasters and the Consumer Electronics Association , Both FM and AM Hybrid In - Band On - Channel ( IBOC ) 
adopted an IBOC standard , designated NRSC - 5 , in Septem- HD RadioTM receivers require an audio blend function for 
ber 2005. NRSC - 5 , the disclosure of which is incorporated the purposes of blending to the FM or AM analog backup 
herein by reference , sets forth the requirements for broad- signal when the digital signal is unavailable . The maximum 
casting digital audio and ancillary data over AM and FM 45 blend transition time is limited by the diversity delay and 
broadcast channels . The standard and its reference docu- receiver decoding times , and is typically less than one 
ments contain detailed explanations of the RF / transmission second . Frequent blends can sometimes degrade the listen 
subsystem and the transport and service multiplex subsys- ing experience when the audio differences between the 
tems . Copies of the standard can be obtained from the NRSC digital and analog are significant . 
at http://www.nrscstandards.org/standards.asp . iBiquity's 50 Blending will typically occur at the edge of digital cov 
HD Radio technology is an implementation of the NRSC - 5 erage and at other locations within the coverage contour 
IBOC standard . Further information regarding HD Radio where the digital waveform is corrupted . When a short 
technology can be found at www.hdradio.com and outage does occur , such as traveling under a bridge , the loss 
www.ibiquity.com . of digital audio is replaced by an analog signal . When 
IBOC signals can be transmitted in a hybrid format 55 blending occurs , it is important that the content on the 

including an analog modulated carrier in combination with analog audio and digital audio channels are aligned in both 
a plurality of digitally modulated carriers or in an all - digital time and level ( i.e. , loudness ) to ensure that the transition is 
format wherein the analog modulated carrier is not used . barely noticed by the listener . Optimally , the listener will 
Using the hybrid mode , broadcasters may continue to trans- notice little other than possible inherent quality differences 
mit analog AM and FM simultaneously with higher - quality 60 in analog and digital audio at these blend points . However , 
and more robust digital signals , allowing themselves and if the broadcast station does not have the analog and digital 
their listeners to convert from analog - to - digital radio while audio signals aligned , then the result could be a harsh 
maintaining their current frequency allocations . sounding transition between digital and analog audio . The 

Both AM and FM In - Band On - Channel ( IBOC ) hybrid misalignment may occur because of audio processing dif 
broadcasting systems utilize a composite signal including an 65 ferences between the analog audio and digital audio paths at 
analog modulated carrier and a plurality of digitally modu- the broadcast facility . Furthermore the analog and digital 
lated subcarriers . Program content ( e.g. , audio ) can be signals are typically generated with two separate signal 



a 

a 

US RE49,210 E 
3 4 

generation paths before combining for output . The use of cast signal . While aspects of the disclosure are presented in 
different analog processing techniques and different signal the context of an exemplary IBOC system , it should he 
generation methods makes the alignment of these two sig- understood that the present disclosure is not limited to IBOC 
nals nontrivial . The blending should be smooth and con- systems and that the teachings herein are applicable to other 
tinuous , which can happen only if the analog and digital 5 forms of digital radio broadcasting as well . 
audio are aligned in both time and level . Referring to the drawings , FIG . 1 is a block diagram of an It would be desirable to process a digital radio signal in a exemplary digital radio broadcast transmitter 10 that broad manner that allows blending of the digital and analog casts digital audio broadcasting signals . The exemplary components without an abrupt change in loudness of the 
audio output . digital radio broadcast transmitter may be a DAB transmitter 

10 such as an AM or FM IBOC transmitter , for example . An 
SUMMARY input signal source 12 provides the signal to be transmitted . 

The source signal may take many forms , for example , an 
In one embodiment , a method for processing a digital analog program signal that may represent voice or music 

audio broadcast signal includes : ( a ) separating an analog and / or a digital information signal that may represent mes 
audio portion of the digital audio broadcast signal from a 15 sage data such as traffic information . A baseband processor 
digital audio portion of the digital audio broadcast signal ; ( b ) 14 processes the source signal in accordance with various 
determining a loudness of the analog audio portion over a known signal processing techniques , such as source coding , 
first short time interval ; ( c ) determining a loudness of the interleaving and forward error correction , to produce in 
digital audio portion over the first short time interval ; ( d ) phase and quadrature components of a complex baseband 
using the loudness of the analog audio portion and the 20 signal on lines 16 and 18 , and to produce a transmitter 
loudness of the digital audio portion to calculate a short term baseband sampling clock signal 20. Digital - to - analog con 
average gain ; ( e ) determining a long term average gain ; ( f ) verter ( DAC ) 22 converts the baseband signals to an analog 
converting one of the long term average gain or the short signal using the transmitter baseband sampling clock 20 , and term average gain to dB ; ( g ) if an output has been blended outputs the analog signal on line 24. The analog signal is to digital , adjusting a digital gain parameter by a preselected 25 shifted up in frequency and filtered by the up - converter increment to produce an adjusted digital gain parameter ; ( h ) block 26. This produces an analog signal at an intermediate if an output has not been blended to digital , setting the digital frequency fic on line 28. An intermediate frequency filter 30 gain parameter to the short term average gain ; ( i ) providing 
the digital gain parameter to an audio processor ; and ( i ) rejects alias frequencies to produce the intermediate fre 
repeating steps ( a ) through ( i ) using a second short time quency signal fif on line 32. A local oscillator 34 produces a 
interval . 30 signal fio on line 36 , which is mixed with the intermediate 

In another embodiment , a radio receiver includes : pro frequency signal on line 32 by mixer 38 to produce sum and 
cessing circuitry configured to : ( a ) separate an analog audio difference signals on line 40. The unwanted intermodulation 
portion of the digital audio broadcast signal from a digital components and noise are rejected by image reject filter 42 
audio portion of the digital audio broadcast signal ; ( b ) to produce the modulated carrier signal f , on line 44. A high 
determine a loudness of the analog audio portion over a first 35 power amplifier ( HPA ) 46 then sends this signal to an 
short time interval ; ( c ) determine a loudness of the digital antenna 48 . 
audio portion over the first short time interval ; ( d ) use the In one example , a basic unit of transmission of the DAB 
loudness of the analog audio portion and the loudness of the signal is the modem frame , which is typically on the order 
digital audio portion to calculate a short term average gain ; of a second in duration . Exemplary AM and FM IBOC DAB 
( e ) determine a long term average gain ; ( f ) convert one of the 40 transmission systems arrange the digital audio and data in 
long term average gain or the short term average gain to dB ; units of modem frames . Some transmission systems are both 
( g ) if an output has been blended to digital , adjust a digital simplified and enhanced by assigning a fixed number of gain parameter by a preselected increment to produce an audio frames to each modem frame . The audio frame period adjusted digital gain parameter ; ( h ) if an output has not been is the length of time required to render , e.g. , play back audio blended to digital , set the digital gain parameter to the short 45 for a user , the samples in an audio frame . For example , if an term average gain ; ( i ) provide the digital gain parameter to audio frame contains 1024 samples , and the sampling period an audio processor ; and ( i ) repeat steps ( a ) through ( i ) using is 22.67 usec , then the audio frame period would be approxi a second short time interval . mately 23.2 milliseconds . A scheduler determines the total 

BRIEF DESCRIPTION OF THE DRAWINGS number of bits allocated to the audio frames within each 
50 modem frame . The modem frame duration is advantageous 

FIG . 1 is a functional block diagram of an exemplary because it may enable sufficiently long interleaving times to 
digital radio broadcast transmitter . mitigate the effects of fading and short outages or noise 
FIG . 2 is a functional block diagram of an exemplary bursts such as may be expected in a digital audio broadcast 

digital radio broadcast receiver . ing system . Therefore the main digital audio signal can be 
FIG . 3 is a functional block diagram that shows separate 55 processed in units of modem frames , and audio processing , 

digital and analog signal paths in a receiver . error mitigation , and encoding strategies may be able to 
FIG . 4 is a functional block diagram that shows elements exploit this relatively large modem frame time without 

of a time alignment module . additional penalty . 
FIG . 5 is a flow block diagram of a method for level In typical implementations , an audio encoder may be used 

alignment in accordance with an embodiment of the inven- 60 to compress the audio samples into audio frames in a manner 
tion . that is more efficient and robust for transmission and recep 

tion of the IBOC signal over the radio channel . The audio 
DETAILED DESCRIPTION OF THE encoder encodes the audio frames using the bit allocation for 

INVENTION each modem frame . The remaining bits in the modem frame 
65 are typically consumed by the multiplexed data and over 

Embodiments described herein relate to the processing of head . Any suitable audio encoder can initially produce the 
the digital and analog components of a digital radio broad- compressed audio frames such as an HDC encoder as 

a 



US RE49,210 E 
5 6 

developed by Coding Technologies of Dolby Laboratories , audio sink may be any suitable device for rendering audio 
Inc .; an Advanced Audio Coding ( AAC ) encoder ; an such as an audio - video receiver or car stereo system . 
MPEG - 1 Audio Layer 3 ( MP3 ) encoder ; or a Windows FIG . 3 is a functional block diagram that shows separate 
Media Audio ( WMA ) encoder . Typical lossy audio encoding digital and analog signal paths in a receiver . A hybrid radio 
schemes , such as AAC , MP3 , and WMA , utilize the modi- 5 broadcast signal is received on antenna 52 , and is converted 
fied discrete cosine transform ( MDCT ) for compressing to a digital signal in ADC 68. The hybrid signal is then split 
audio data . MDCT based schemes typically compress audio into a digital signal path 90 and an analog signal path 92. In 
samples in blocks of a fixed size . For example , in AAC the digital signal path 90 , the digital signal is acquired , 
encoding , the encoder may use a single MDCT block of demodulated , and decoded into digital audio samples as 
length 1024 samples or 8 blocks of 128 samples . Accord- 10 described in more detail below . The digital signal spends an 
ingly , in implementations using an AAC coder , for example , amount of time T DIGITAL in the digital signal path 90 , which 
each audio frame could be comprised of a single block of is a variable amount of time that will depend on the 
1024 audio samples , and each modem frame could include acquisition time of the digital signal and the demodulation 
64 audio frames . In other typical implementations , each and decoding times of the digital signal path . The acquisition 
audio frame could be comprised of a single block of 2048 15 time can vary depending on the strength of the digital signal 
audio samples , and each modem frame could include 32 due to radio propagation interference such as fading and 
audio frames . Any other suitable combination of sample multipath . 
block sizes and audio frames per modem frame could be In contrast , the analog signal ( i.e. , the digitized analog 
utilized . audio samples ) spends an amount of time TANALOG in the 

In an exemplary IBOC DAB system , the broadcast signal 20 analog signal path 92. TANALOG is typically a constant 
includes main program service ( MPS ) audio , MPS data amount of time that is implementation dependent . It should 
( MPSD ) , supplemental program service ( SPS ) audio , and be noted that the analog signal path 92 may be co - located 
SPS data ( SPSD ) . MPS audio serves as the main audio with the digital signal path on the baseband processor 82 or 
programming source . In hybrid modes , it preserves the separately located on an independent analog processing 
existing analog radio programming formats in both the 25 chip . Since the time spent traveling through the digital signal 
analog and digital transmissions . MPSD , also known as path TDIGITAL and the analog signal path TANALOG may be 
program service data ( PSD ) , includes information such as different , it is desirable to align the samples from the digital 
music title , artist , album name , etc. Supplemental program signal with the samples from the analog signal within a 
service can include supplementary audio content as well as predetermined amount so that they can be smoothly com 
PSD . Station Information Service ( SIS ) is also provided , 30 bined in the audio transition module 94. The alignment 
which comprises station information such as call sign , accuracy will preferably be chosen to minimize the intro 
absolute time , position correlated to GPS , data describing duction of audio distortions when blending from analog to 
the services available on the station . In certain embodiments , digital and visa versa . The digital and analog signals are 
Advanced Applications Services ( AAS ) may be provided combined and travel through the audio transition module 94 . 
that include the ability to deliver many data services or 35 Then the combined digitized audio signal is converted into 
streams and application specific content over one channel in analog for rendering via the digital - to - analog converter 
the AM or FM spectrum , and enable stations to broadcast ( DAC ) 96. As used in this description , references to “ ana 
multiple streams on supplemental or sub - channels of the log ” or “ digital ” with regard to a particular data sample 
main frequency . streams in this disclosure connote the radio signal from 
A digital radio broadcast receiver performs the inverse of 40 which the sample stream was extracted , as both data streams 

some of the functions described for the transmitter . FIG . 2 is are in a digital format for the processing described herein . 
a block diagram of an exemplary digital radio broadcast One technique for determining time alignment between 
receiver 50. The exemplary digital radio broadcast receiver signals in digital and analog pathways performs a correlation 
50 may be a DAB receiver such as an AM or FM IBOC between the samples of the two audio streams and looks for 
receiver , for example . The DAB signal is received on 45 the peak of the correlation . Time samples of digital and 
antenna 52. A bandpass preselect filter 54 passes the fre- analog audio are compared as one sample stream is shifted 
quency band of interest , including the desired signal at in time against the other . The alignment error can be 
frequency fe , but rejects the image signal at f - 2f ; f ( for a low calculated by successively applying offsets to the sample 
side lobe injection local oscillator ) . Low noise amplifier streams until the correlation peaks . The time offset between 
( LNA ) 56 amplifies the signal . The amplified signal is mixed 50 the two samples at peak correlation is the alignment error . 
in mixer 58 with a local oscillator signal f10 supplied on line Once the alignment error has been determined , the timing of 
60 by a tunable local oscillator 62. This creates sum ( fc + f ;. ) the digital and / or analog audio samples can be adjusted to 
and difference ( fc - f , ; . ) signals on line 64. Intermediate allow smooth blending of the digital and analog audio . 
frequency filter 66 passes the intermediate frequency signal While the description of the previously existing blend 
fifand attenuates frequencies outside of the bandwidth of the 55 technique illustrated in FIG . 3 uses a 1024 sample audio 
modulated signal of interest . An analog - to - digital converter frame used in a particular audio compression codec , it 
( ADC ) 68 operates using the front - end clock 70 to produce should be recognized that the technique could be applied to 
digital samples on line 72. Digital down converter 74 2048 sample audio frames used in other codecs . 
frequency shifts , filters and decimates the signal to produce FIG . 4 is a functional block diagram of an apparatus for 
lower sample rate in - phase and quadrature signals on lines 60 determining timing offset between analog and digital audio 
76 and 78. The digital down converter 74 also outputs a streams within a desired accuracy using downsampled audio 
receiver baseband sampling clock signal 80. A baseband streams . The system of FIG . 4 is more fully described in 
processor 82 , operating using the master clock 84 that may commonly owned U.S. patent application Ser . No. 14/862 , 
or may not be generated from the same oscillator as the 800 , filed Sep. 23 , 2015 , which is hereby incorporated by 
front - end clock 70 , then provides additional signal process- 65 reference . In the embodiment of FIG . 4 , the digital signal 
ing . The baseband processor 82 produces output audio path 90 supplies a first stream of samples representative of 
samples on line 86 for output to audio sink 88. The output the content of the received digitally modulated signal on line 
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100. The samples from the first sample stream are stored in International Telecommunication Union Recommenda 
buffer 102. The first stream of samples on line 104 is filtered tion ITU - R BS.1770-3 specification , hereinafter referred to 
by an anti - aliasing filter 106 and downsampled ( decimated ) as ITU 1770 , is a primary standard for loudness measure 
as shown in block 108 to produce a first decimated sample ment . ITU 1770 algorithms can be used to measure audio 
stream on line 110. The analog signal path 92 supplies a 5 program loudness and true - peak audio level . In ITU 1770 , 
second stream of samples representative of the content of the the Equivalent Sound Level , Leq , is simply defined as the 
received analog modulated signal on line 112. Samples from RMS sound power of the signal relative to a reference sound 
the second stream of samples are stored in buffer 114. The power . This calculation is easily accomplished with minimal 
second stream of samples on line 116 is filtered by an memory and MIPS ( millions of instructions per second ) . An 
anti - aliasing filter 118 and downsampled ( decimated ) as 10 optional frequency weighting prior to the sound power 

calculation is specified as an “ RLB ” filter , which is a simple shown in block 120 to produce a second decimated sample low pass at ~ 100 Hz followed by a filter that applies a 4 dB stream on line 122. A correlator 124 performs a cross boost to frequencies above approximately 2 kHz . Adding the correlation on samples of the first and second decimated filter calculations for an RLB weighting filter does not sample streams and a peak detector 126 determines an offset 15 require significantly more MIPS / Memory . 
between samples of the decimated streams that are most The loudness difference between analog and digital audio 
highly correlated . Due to the decimation of the input signals , can change dynamically . For example , up to 10 dB in 
the peak detector output actually represents a range of loudness difference has been measured when comparing 
possible stream offsets . This offset range is then used to analog and digital audio at various points in the same 
determine a shift value for one of the first and second sample 20 program . If the loudness difference is small when blending 
streams , as illustrated in block 128. Then the shifted sample to digital and later in the program the difference becomes 
stream is decimated and correlated with the decimated greater , possibly 10 dB greater , a blend back to analog would 
samples from the unshifted stream . By running the estima- result in an unacceptable abrupt change in loudness . This is 
tion multiple times with a shifted input , the range of valid primarily due to the dynamic nature of the loudness differ 
results is now limited to the intersection of the range of valid 25 ence between digital and analog audio within a single 
results of the first estimation and the range of valid results program . This loudness difference exists for numerous rea 
of the second estimation . The steps of shifting , decimating , sons including , but not limited to , different processing 
correlating and peak detection can be repeated until a applied to the analog and digital audio , poor signal condi 
desired accuracy of the time alignment of the first and tions , etc. 
second sample streams is achieved . At that point , a control 30 A short term loudness match at the time a blend operation 
signal is output on line 130. Then the blend control 132 can is performed , coupled with a long term loudness equaliza 
use the control signal to blend the analog and digital signal tion of the digital audio can solve this fundamental problem . 
paths . There are conflicting requirements when setting analog 

The correlation operation performed by the correlator and digital loudness in the HD Radio system . The first 
may include multiplying together decimated data from each 35 requirement , referred to as a “ long term loudness differ 
stream . The result of the multiplication may appear as noise , ence ” , requires that the loudness perceived over the duration 
with a large peak when the data streams are aligned in time . of the program must be consistent whether listening to the 

In the system of FIG . 4 , the peak detector may analyze analog stream or the digital stream . The second requirement , 
correlation results over time to search for peaks that indicate referred to as a “ short term loudness difference ” , occurs at 
that the digital data streams are aligned in time . In some 40 the transition time between the two streams . This transition 
embodiments , a squaring function may square the product time is generally short ( e.g. , < 1 second ) , and the loudness 
output by the correlator in order to further emphasize the must be relatively equal ( e.g. , 12 dB ) , or else the listener will 
peaks . Based on the received data , the peak search unit may perceive the difference . Measurements have found that the 
output an indication of the relative delay between the analog short and long term loudness values can be drastically 
data stream and the digital data stream . The indication of 45 different as the content of the program changes . Therefore , 
relative delay may include an indication of which one of the at the point of blend a short term value is used so that the 
two data streams is leading the other . transition time sounds smooth . The short term loudness can 

Once the analog and digital data streams are sufficiently be determined over a short time interval . The short time 
aligned , a blend operation may begin . The blend operation interval is a time in the range of 1 to 5 seconds . In one 
may be conducted , for example , by reducing the contribu- 50 embodiment , the short time interval is 2.97 seconds . The 
tion of the analog data stream to the output audio while ideal short time interval for a particular application can be 
correspondingly increasing the contribution of the digital determined based on audio perception and perceptual 
data stream until the latter is the exclusive source . memory , such as what is perceived by human hearing to be 

The transition time between the analog and digital audio instantaneous . 
outputs is generally less than one second , which is limited by 55 The short term loudness value can be slowly ramped to 
the diversity delay and receiver decoding times . The rela- the long term value as the program continues so that the 
tively short blend transition time presents challenges in overall perceived loudness of a given program is the same 
designing blending systems . It has been observed that fre- regardless of whether the analog or digital audio stream is 
quent transitions between the analog and digital audio can be playing . The long term loudness can be determined over a 
somewhat annoying when the difference in audio quality and 60 long time interval . The long term loudness can be deter 
loudness between the digital audio and the analog audio is mined over a long time interval . The long time interval is a 
significant . This is especially significant when the digital time in the range of 5 to 30 seconds . In one embodiment , the 
signal has a wider audio bandwidth than the analog audio , long time interval is in a range of 5.94 to 29.72 seconds . The 
and the digital signal is stereo while the analog is mono . This long time interval is always longer than the short time 
phenomenon can occur in mobile receivers in fringe cover- 65 interval . 
age areas when highway overpasses ( or power lines for AM ) Generally , the short time interval must be several seconds , 
are frequently encountered . and always less than the long time interval . In some embodi 
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ments , the long time interval is measured in integer mul- The method illustrated in FIG . 5 periodically provides a 
tiples of the short time interval . This is not a strict require- gain parameter which can be used by the host to adjust the 
ment for the process , but was chosen to simplify digital stream loudness so that over the long term digital 
implementation . loudness matches long term analog loudness . Before each 
When the level of the digital audio stream matches the 5 blend to digital a short term measurement / adjustment of a 

level of the analog audio stream , the streams can be blended minimum interval can be used to guarantee the loudness 
to produce an audio output signal . The short term loudness difference at the blend point is minimal . From that point on 
measurement is calculated and used to update a long term a continuous measurement of the analog and digital audio 
running average loudness value . The minimum time before stream levels could be made using a known type of loudness 
blend may occur when level control is enabled is the short measurement , such as the technique defined in the ITU 
time interval . 1770. The loudness measurements are always performed on 
FIG . 5 is a flow block diagram of a method for level the original digital audio stream provided from the decoder . 

alignment in accordance with an embodiment of the inven- The digital audio gain is a parameter which is sent to the 
tion . The process starts by receiving audio samples over a external audio processor on the host . The host is responsible 
short time interval as shown in block 150. The analog and for applying the loudness adjustment to the output audio . 
digital signal streams are separated as shown in blocks 152 This system does not directly modify the analog or digital 
and 154. This separation may be accomplished using the audio in any way . 
elements of FIG . 3. The analog and digital audio signals may Updating the gain of the digital audio signal with this long 
be filtered using a perceptual filter to improve the results . term loudness difference value could drive the long term 
A short term average power ( loudness ) is calculated for average loudness of the digital to match that of the analog . 

each stream as shown in blocks 156 and 158. This calcula- If the step size were kept small , for example 1 dB , and the 
tion can be performed using the algorithm set forth in update rate were sufficiently long , for example 3 , 5 or 10 
ITU - 1770 . Then a short term average gain is calculated as seconds , then the difference in audio level could be imper 
shown in block 160. The short term average gain is calcu- 25 ceptible to a listener . After a time the loudness measure 
lated as the linear ratio of analog audio power to digital ments would stabilize and digital volume would reliably 
audio power . Block 162 shows that the long term average track the analog volume . This would minimize the potential 
gain is then calculated , either directly or using the short term volume difference at the next blend to analog without 
gain . The short term average gain is the gain determined causing major changes in the digital volume during play 
over the short time interval . The long term average gain is 30 back . 
the gain determined over the long time interval . In one embodiment , the short term level measurement can 

The next step depends on whether or not the long time be performed on samples that occur after time alignment 
interval has been met as shown in block 164. In one resulting in a longer delay to blend . However , the time 
implementation , the long time interval is comprised of alignment algorithm can be run multiple times to ensure 
integer multiples of the short time interval and the long term 35 consistency . Then the short term level alignment function 
gain is calculated using a running average of the short term can be run concurrently with a second ( or subsequent ) 
gain . Another implementation could calculate the short term execution of the time alignment algorithm , using the align 
and long term gain independently over different intervals . ment value from the first execution . In addition , because the 
An audio frame counter can be used to determine when each short term level alignment can be executed separately from 
of the short and long time intervals has been met . time alignment , the level alignment algorithm could be run 

If the long time interval has been met , the long term gain continuously ( for example over a 3 second sample window ) 
( running average ) over the full long time interval is used as regardless of the time alignment range . 
shown in block 166. If the long time interval has not been The functions shown in FIG . 5 can be implemented in the 
met , the short term gain is used as shown in block 168. The circuitry of a radio receiver , using for example , one or more 
short term gain may be averaged with previously calculated 45 processors that are programmed or otherwise configured to 
short term gain measurements to generate a partial long term perform the functions described herein . Other hardware 
gain , but this is not a strict requirement . In either case , the embodiments , as well as software embodiments and com 
gain is converted from a linear ratio to integer dB ( always binations thereof may also be used to implement the 
rounding down ) , as shown in block 170 , and provided to a described method ( s ) . 
host processor for the purpose of adjusting the digital audio 50 While the present invention has been described in terms 
loudness during blend to better match the loudness of the of its preferred embodiments , it will be apparent to those 
analog audio . The range of digital gain correction which can skilled in the art that various modifications can be made to 
be applied is -8 dB to 7 dB , in 1 dB increments . the described embodiments without departing from the 

The next step depends on whether or not the output of the scope of the invention as defined by the following claims . 
receiver has already been blended to digital as shown in 55 
block 172. If the output of the receiver has already been What is claimed is : 
blended to digital , the digital gain is adjusted by a prede- 1. A method for processing [ a digital ] an audio [ broadcast ] 
termined amount ( e.g. , 1 dB ) towards the calculated long signal including multiple audio streams using an audio 
term gain , as shown in block 174. The adjustment step size signal receiver , the method comprising : 
should be less than 1.5 dB to avoid immediately perceptible 60 ( a ) separating [ an analog audio portion ) a first audio 
changes in output volume . If the output of the receiver has sample stream of the [ digital ] audio [ broadcast ] signal 
not been blended to digital , the digital gain is set to the from a [ digital audio portion ] second audio sample 
calculated gain , as shown in block 176. The updated digital stream of the [ digital ] audio [ broadcast ] signal using 
gain parameter is provided to an external audio processor , as the audio signal receiver ; 
shown in block 178. Then the short time interval is ended as 65 ( b ) determining a loudness of the [ analog audio portion ] 
shown in block 180 and a new short time interval is used for first audio sample stream over a first short time inter 
subsequent iterations of the process as shown in block 150 . val ; 
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( c ) determining a loudness of the [ digital audio portion ] 11. [ A radio ] An audio signal receiver comprising : 
second audio sample stream over the first short time processing circuitry configured to : 
interval ; ( a ) separate [ an analog ] a first audio [ portion ] sample 

( d ) using the loudness of the [ analog audio portion ] first stream of [ the digital ] an audio [ broadcast ] signal from 
audio sample stream and the loudness of the [ digital 5 a [ digital ] second audio ( portion ] sample stream of the 
audio portion ] second audio sample stream to calculate [ digital ] audio [ broadcast ] signal ; 
a short term average gain ; ( b ) determine a loudness of the [ analog ] first audio 

( e ) determining a long term average gain ; [ portion ) sample stream over a first short time interval ; 
( f ) conv onverting one of the long term average gain or the ( c ) determine a loudness of the [ digital ] second audio 

short term average gain to [ dB ] decibels ( dB ) and [ portion ) sample stream over the first short time inter 
val ; providing the converted average gain to an audio ( d ) use the loudness of the [ analog ] first audio ( portion ] processor ; sample stream and the loudness of the [ digital ] second ( g ) [ if an output of a receiver has been blended to digital , ] audio [ portion ) sample stream to calculate a short term performing one of blending an output of a receiver to average gain ; 

the second audio sample stream and adjusting a [ digi- ( e ) determine a long term average gain ; 
tal ] second audio sample stream gain parameter toward ( f ) convert one of the long term average gain or the short the long term average gain by a preselected increment , term average gain to [ dB ] decibels ( dB ) and provide the 
[ to produce an adjusted digital gain parameter ; ( h ) if the converted average gain to an audio processor ; 
output of the receiver has not been blended to digital ] 20 ( g ) [ if an output of a receiver has been blended to digital ] 
or not blending the output of the receiver to the second perform one of blend an output of a receiver to the 
audio sample stream and setting the [ digital ] second second audio sample stream and adjust a [ digital ] 
audio sample stream gain parameter to the short term second audio sample stream gain parameter by a pre 
average gain ; selected increment [ to produce an adjusted digital gain 

[ ( i ) ] ( h ) providing the [ digital ] second audio sample 25 parameter ; ( h ) if the output of the receiver has not been 
stream gain parameter [ adjusted by ] from step ( g ) [ or blended to digital ] , or not blend the output of the 
step ( h ) ] to the audio processor ; and receiver to the second audio sample stream and set the 

[ 6 ] ( i ) repeating steps ( a ) through [ ( i ) ] ( h ) using a second [ digital ] second audio sample stream gain parameter to 
short time interval . the short term average gain ; 

2. The method of claim 1 , wherein : [ 0 ] ( h ) provide the [ digital ] second audio sample stream 
the short term average gain is a linear ratio of analog gain parameter [ adjusted by ] from step ( g ) ( or step ( h ) ] 

audio power of the first audio sample stream and digital to the audio processor , and 
audio power of the second audio sample stream . [ 6 ) ] ( i ) repeat steps ( a ) through [ ( i ) ] ( h ) using a second 

3. The method of claim 1 , wherein : short time interval . 
the [ digital ] second audio sample stream gain parameter 35 12. The [ radio ] audio signal receiver of claim 11 , wherein : 

is adjusted toward the short term average gain ; and the short term average gain is a linear ratio of analog 
the preselected increment is 1 dB . audio power and digital audio power . 
4. The method of claim 1 , wherein : 13. The [ radio ] audio signal receiver of claim 11 , wherein : 
the long term average gain comprises a running average the [ digital ] second audio sample stream gain parameter 

of the short term average gain . is adjusted toward the short term average gain ; and 
5. The method of claim 1 , wherein : the preselected increment is 1 dB . 
the long term average gain is determined independently of 14. The [ radio ] audio signal receiver of claim 11 , wherein : 

the short term average gain . the long term average gain comprises a running average 
6. The method of claim 1 , wherein : of the short term average gain . 
the long term average gain is converted to dB if a long 45 15. The [ radio ] audio signal receiver of claim 11 , wherein : 

time interval has been met and the short term average the long term average gain is determined independently of 
gain is converted to dB if the long time interval has not the short term average gain . 
been met . 16. The [ radio ] audio signal receiver of claim 11 , wherein : 

7. The method of claim 6 , wherein the long time interval the long term average gain is converted to dB if a long 
comprises an integer multiple of the short time intervals . time interval has been met and the short term average 

8. The method of claim 6 , wherein : gain is converted to dB if the long time interval has not 
the short time interval is in a range from 1 to 5 seconds been met . 

and the long time interval is in a range from 5 to 30 17. The [ radio ] audio signal receiver of claim 16 , wherein 
seconds . the long time interval comprises an integer multiple of the 

9. The method of claim 1 , wherein : 55 short time intervals . 
the [ analog audio portion ] first audio sample stream 18. The ( radio ] audio signal receiver of claim 16 , 

comprises a stream of samples analog modulated pro- wherein : 
gram material ; and the short time interval is in a range from 1 to 5 seconds 

the [ digital audio portion ] second audio sample stream and the long time interval is in a range from 5 to 30 
comprises a stream of samples digitally modulated 60 seconds . 
program material . 19. The [ radio ] audio signal receiver of claim 11 , wherein : 

10. The method of claim 1 , wherein the measurements of the [ analog ] first audio [ portion ] sample stream comprises 
the levels of the [ analog audio portion ] first audio sample a stream of samples analog modulated program mate 
stream and the [ digital audio portion ) second audio sample rial ; and 
stream are performed in accordance with the International 65 the [ digital ] second audio ( portion ) sample stream com 
Telecommunications Union Recommendation ( ITU - R ) prises a stream of samples digitally modulated program 
BS.1770 specification . material . 
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20. The ( radio ) audio signal receiver of claim 11 , wherein 

the measurements of the levels of the [ analog ] first audio 
[ portion ] sample stream and the [ digital ] second audio 
[ portion ) sample stream are performed in accordance with 
the International Telecommunications Union Recommenda- 5 
tion ( ITU - R ) BS.1770 specification . 
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